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PREFACE

This report was written bv Donald G. Albert, Geophysicist, of the

Geophysical Sciences Branch, Research Division, U.S. Army Cold Regions

Research and Engineering Laboratory. The subroutines were needed for use

in DA Project 4A762730AT42, Design, Construction and Operations Technology

for Cold Regions; Technical Area B, Combat Development Support; Technical

Effort E, Environmental Control Methods (USACRREL); Work Unit 002, Cold -

Regions Performance of Seismic-Acoustic Sensor Systems.

The author thanks Steven Daly and Gary DeCoff of CRREL for reviewing

the manuscript of this report.

The contents of this report are not to be used for advertising or

promotional purposes. Citation of brand names does not constitute an

official endorsement or approval of the use of such commercial products.
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FORTRAN SUBROUTINES FOR ZERO-PHASE DIGITAL FREQUENCY FILTERS

Donald G. Albert

INTRODUCTION

This report describes FORTRAN subroutines that can be used to design

and apply zero-phase recursive frequency filters to digital data. Four

types of filters are incluided and are descriled by their transfer function

characteristics (Fig. 1): low pass (LP), high pass (HP), bandpass (BP) and

bandstop (BS). The subroutines allov '}' i'er to remove noise from record-

ed data or to enhance a selected portion .f the signal. The performance of

the filters is quite good, and the zero-nhase property of the subroutines

that anplv the filters ensures that no unwanted time shifts in the data 'e.*.

will be produced.

Digital filtering is a broad field with a vast amount of literature,

and it is not the goal of this report to describe the benefits and short-

comings of various filter types and design procedures, or even to derive

all of the properties of the particular filters described here. For read-

rs interested in additional information, Hamming (1983) gives a good

o f 0 f f

o 0 f

Figure 1. Transfer functions
of the four types of filters:

a) lowpass, b) highpass, c) band-
pass, and d) bandstop
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general introduction to the topic of digital filters, while Stearns (1975) I

provides more mathematical details. Otnes and Enochson (1978) offer some

specific examples of digital filtering.

Two types of subroutines are described in this report. The first type

designs the filter (calculates the filter coefficients) and is denoted by i

the suffix DES in the subroutine name. The second type applies the filter

(convolves the filter coefficients with the time series data to produce the

output series) and is denoted by the suffix FILT. Subroutines LPDES," ..

HPDES and B3PDES are reproduced with slight changes from Stearns (1975).

Subroutine BSDES and all of the FILT subroutines were written by the !jiII
author, using Stearns (1975) as a reference.

The lowpass filter is based on the classical Butterwortb analog filter

design procedure (Hammin 1983, p 222 ff.). The Butterworth filter is

defined by its power gain a d r it e t T r y

f I 1 + ( -_.)2N:-

c F

where N is the order of the filter and w. is the cutoff or design fre-

quency (Fig. 2). H(e) is the transfer function of the filter. This filter

has maximal smoothness in the pass and the reject band and is tangent at he

the origin and at infinity. By specifying the amount of ripple allowable
in the pass and reject bands, the order and the location of the poles

needed to implement the filter can be determined. The bilinear transforina-

tion ""

(where i is or- and z is the new complex variable) is then used to

'-'I-2 .".

determine the digital filter parameters.
The other filters are also based on the Butterworth filter design e-

procedure, except that a mapping procedure is used to convert the lowpass

filter into the highpass, banpass 3r bandstop forms (Stearns 1975 Table

12-2) or before the bilinear transformation is used to obtain the digital

form. Details are given in Appendix A for the handstop filter. .- '-

To use the digital filters, a design (DES) subroutine is first called""" "

w wi th1 th e ctto f Ff freq uencyv (o r f re quen c ies dat a samp Ie i tt k- rvalI and f i Itet-r ,.".

or der specified. Then a f i Ite r i. (g F11,T) s tib ro u t Ine is catlled to) apply t h.:-l:

2

in te pss nd rjec bads, he rde andtheloctionof he ole

m"neededi to implement the filter can-b- deemnd Th bilnea tr"ans...or..-a- "
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Figure 2. Transfer function of

a Butterworth lowpass filter.

filter. This suhroutine convolves the filter coefficients with the input

data series to produce the filtered ouitput data serIeS. The convolution is

then repeated with the data series in reverse order. This-second filter-

ing removes any time delays produced by the first filtering process, and

the net result is that the filter act-, as a zero-phase filter with a trans-

* fer function that is the square of the transfer function of the filter

specified in the design stage.

The subroutine parameters are listed in the next section. Complete

listings are given in Appendix B and are available to users on CRREL's

* PRIME 9750 computer system. The FILT subroutines require subroultine REVERS

* whichi was written by Robinson (1978). This subroutine is also listed in

* Appendix B.

* D.FSCRTPTIoN OF Sl'RROI'TINES

F Filter design subroutines,

Lowpass filter

Calling procedure: CALL. LPDES,(FC,DT,NS,A,B,C).

Tnpiit variables:

FC =cutoff (half-power or -3 dB) frequiency in hort z

DT=time interval between samples in seconds

NS; = number of f ilIt er se c tions

* (2*NS =order of the filter).

Ouitput variable-:%

A(K),B(K),C(K) filter coefficients for K 1,2,... NS; double

preci,;ion ro.il arrav-.

3
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Highpass filter

Calling procedure: CALL HPDES(FC,DT,NS,A,B,C).

Input and output variables: Same as for lowpass filter (above).

Bandpass filter

Calling procedure: CALL BPDES(F1,F2,DT,NS,A,B,C,D,E).

Input variables:

Fl = lower cutoff frequency in hertz ,.

F2 = higher cutoff frequency in hertz.

Output variables:

A(K),...,E(K) = filter coefficients for K=1,2,...NS; double precision

real arrays.

All others same as for lowpass filter (above).

Bandstop filter

Calling procedure: CALL BSDES(FI,F2,DT,NS,A,B,C,D,E,F,G).

Output variables: A(K),... ,G(K) = filter coefficients for K-l,2,...NS;

double precision real arrays.

All others same as for bandpass filter (above).

Filtering subroutines

Lowpass filter

Calling procedure: CALL LPPILT(X,LX,NS,A,B,C).

Input variables:

X = real input data array

LX = integer number of entries in input data array

NS = number of filter sections

A(K),B(K),C(K) = filter coefficients for K=1,2 .... NX; double precision

real arrays.

Output variables:

X= real output data array containing the filtPred data.

(Note that the input data will be lost.)

Subroutine called: REVERS(X,LX) to reverse the order of a real array

(Robinson 1978).

Highpass, bandpass and bandstop filters

Cilling procedures: CALL HPFILT(XLX,NS,A,B,C)

CALL BPPILT(X,LK ,NS,A,B,C,D,F.)

CALL BSFILT(X,LX,NS,A,9,C,D,E,F,G).

4
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The number of filter coefficients changes for the bandpass and bandstop

filter, otherwise all parameters are the same as for the lowpass filter.

~JSER INSTRUCTIONS

To filter a time series, the desired number of filter sections NS and

the cutoff frequency (or frequencies) should he specified in a call to sub-

routine XXCDES, where XX is replaced by the type of filter desired (LP,HP,

RP or BS). The time interval DT between samples is fixed by the data time

series. Frequencies should be specified in the reciprocal of the units-

uised to specify PT (e.g., hertz if DT is in seconds, cycles/day if PT is in

days, etc). The filter coefficients are returned in double precision

arrays. These coefficients are then used in subroutine XXFILT to carry out

the actual filtering of the data time series.

FILER PROPERTIES

Figures 3 and 4 illustrate the performance characteristics of some

lowpass filters obtained using subroutines LPDES and LPFIL. The perform-

uance characteristics of highpass, bandpass and bandstop filters are dis-

played by the figures in Appendix C. The data sampling interval was 0.001

seconds, and in each case the input data series consisted of 511 zeroes

with a single unit-valued -pike in the 250th position. Thus, the filter

output represents the impulse response of the filter. The Fourier trans-

form of the impulse response of the filter was then calculated and the

amplitude spectrum, which is equivalent to the transfer function of the

AMPI tude0Dei l

50 20 2i200

* SO40 000

*Figures Lowass f illuterat performance characteristics nessta e filters
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Impulse Response

L_ FC=4(DO HZ

1~-____200

00j

I mptilse responiso.

Figure 3 (cont'd). Low-
pass f iter perfo)rmance
charactristics. One
stage filters with FC
400, 200, 100, 50 and 5 Hz.

6

. . . .



A mp! tu ce D-----b___

dB

2 *.- 4

S Frequency (Hz) Feuny(z

a. Linear display of b. Loicarithmic display

the transfer function. of the transfer function.

Impulse Response

IStage

2? Slog,

4 Stage
005

Tine :s!

C. Impul!se response.

-,Ruro 4. Lrtwpass f I ItePr performance characteristics. C)ne, two and Wur

%tage filIters with FC 100 H7. ~

7



filter, was found and plotted on a normalized scale. A logarithmic plot of

the transfer function is also given in the figures.

The figures show that the impulse response of the filter broadens as

the passband of the filter decreases. This property is true for all filt-

ers, and the user will sometimes have to compromise between the narrowness

of the frequency spectrum and the duration of the signal in the time do-

main. For exampie, Figure 3 shows that for a 5-Hz bandwidth, the single

spike that was originally 0.001 seconds in duration is now 0.25 seconds

wide.

A comparison of the plots in Figure 4 shows that as the number of

filter sections increases, the slope of the transfer function between the

pass and and the stopband steepens. The filter performance improves at the

v '?ec Oei Spectrum
oLposS Filter FC=240 Hz b.

Impulse Response
2 4+64q¢,.-.

------ *1, " - 6 00 200
Frequency H z

0 2 046
Time (s)

c.
,jtere, Ecta Decibel Spectrum Decibel Spectrum

2K

-T -40-

dB

.0

100 ?00 250 o0 250 ,.-
. .eque' > (-z Frequency (Hz.

i : r ' %. :x m -- , low nass fi ltzPr'ng a l i,, to real data: a) unfi I-
r., ,at i ,int -icih ] I mplitide ;pectra, h) lowpass filter imptilse

t-,"p s,' ii]I I,,, hl rinsf-r fmn tin, and c) Filtered data an decibel"



expense of increased computational time and larger side lobes in the%

impulse response.e.P

Figure 5 shows the results of aprlication of a Iowpass filter to

-actual data. In digitizing some seismic data, it was noticed that the

digitizing process introduced a strong signal near the Nyquist frequency of

* 250 Hz (see the increase in decibel spectrum near this frequency in the

*unfiltered data). This "jitter" was removted by deriving and applying a

lowpass filter with a cutoff frequency of 240 Hz, with the results shown.

* SUMMARY

FORTRAN subroutines that design and apply zero-phase frequency filters

to digital data have been described. User instructions have been included

and the general properties of these filters have been pointed out.

Complete listings of the subroutines are given in Appendix B.

LITERATURE CITED

* Hamming, R.W. (1953) Digital Filters (2nd ed.). Englewood Cliffs, New
Jersey: Prentice-Hall.

Otnes, R.K. and L. Enochson (1978) Applied Time Series Analysis. Vol. 1,
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APPENDIX A: DERIVATION OF THE BANDSTOP FILTER %.

The bandstop filter was derived by applying a frequency transformation

that maps a Butterworth lowpass filter transfer function into a bandstop

shape. The procedure shown by Stearns (1975, p. 201 ff.) is in two steps:

1. Transform an analog lowpass transfer function HLp(s) into an

analog bandstop transfer function HBs(S)-

2. Apply the bilinear transformation

z-l

to convert the analog transfer function to a digital transfer function

HBS(z). The Butterworth lowpass analog filter transfer function is

HL (s) =;SHLP (  ) (SS 1 ) ( S- S2 )'. '-

where S = i= i2Trf. The mapping that converts this transfer function into

bandstop form is

2 ~"1"-S 2 + C a

(see Fig. AW). Doing the mapping gives

(S) =___S q + 2 wjw7 S2 + W
BS =(SZ+S 2 ) W (S+S 2 )

-S c _ S 3 + (- + 2 w 1 w 2 ) 2 - c -w 2 S+wA W
S1 r2  SS

Figure Al. The transfor-
mation 2/S2 + '12

converts the owpass trans-
fer function (a) into a band
stop transfer function (b)
(after Stearns 1975, Table
12-1). . .

Ilr

. ...... . ..... '. .. % -. .- . o- .% %%



If we select w, and w2 to be the half-power or -3 dB points, then the ,

poles can be written in exponential form as

S= R ie
e

2= R - i0 .G-

wherewh e r e 'i".."

R = W 2 - 1
c

= r (2n + N - )/2N , n = 1,2,3,.•. 2N

and N is the order of the filter. These values are determined by the

specification of the Butterworth filter during the desin phase. Then

S1 + S2 2 R cose

S S RSIS2 =- 2 ::- ''

and .''".
2S + S)Wc ( 2)

SI $2 = 2 R cos,SlS22
W 4

c + 2 W-2 = W+
Si S2

Substituting these values into the bandstop transfer function gives

2 2 22St*+ 2 1 S2 + W~ -'''

H (S) S + 2 wlW2 S 1w2___________________

BS 2 2S- 2 R cose S + + ) S2 - 2 R cose Wlw 2 S + w1w2

Applying the bilinear transformation converts this analog transfer function

into a digital transfer function:

H4(z) = 
.2 -1w2 -Z

BS l4 z-1 3  z-1 2- 2

- 2Rcos2 + (wj+wj) 2Rcos6 wiwi

(z-l)4 + 2wlw 2 (z1) 2 (z+l) 2 + WJWJ(z+l)"4

{(z-1)4 - 2Rcose (z-1) 3 (z+l) + (_+1)(z-I) 2 (z+1)2-2Rcos6 W1 w2 (z-l)(z+l) 3

2 2
+ W1w2 (z+l) 4}

12
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HBs (z) = {[(1+W 1W 2 )
2 ] (z4 +1)

+ [-4(l+W1W2)(l-q i12)] (z3+z2)

+r 2 2 21

+ [6 + 6 WiW 2 - 4 W21z

2 2

/ il + ( 1 W2  + 2 Wi 2 - 2(1+WjW2 ) R cosO] z-

2 2 2 ,3l I
+ [-4 4 w1 w2 + 4(l-WIW2 ) R cos ej z~

+ [6+6 w2 w2 _- W 1 W 2 ] z 2

2 2
+ [-4+4 WIW 2  4 (l-WI1W2 ) R cos 61]

2 2
+ [i+WiW2 + 2 I 2 + 2 (l+WlW 2 ) R cosO]}

A digital bandstop filter with the above transfer function was implemented

by the FORTRAN subroutines BSDES and BSFILT.

13
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AkPPENDIX B: LISTING OF FORTRAN SL3R()II.[NFS

The followiti,,, si'it-itine, for digital filtering are listed in this

appendix: LPDES, HPD)ES, BPDES, BSDES, LPFILT, HPFILT, BPFILT, BSFILT,

REVERS.

C

C ZO PA3 r'ERWCR-wh 010,L -JE DESIGN SSR
C rE ENCE: S.D. S-EARNS (1975) c!3,17L SIGNAL ANALYSIS, P. 269.

FC CuTOFF FR~E'!:"Cy .-3 D3~ N HZ '
T SAMPLING !N,--VAL 1,N SEc"NDS

C NS =NUMSER OF --:LTER SECTIONS
C CUTPUTS:
C AK ,S K), AND 0(K) FILTER C0EFWICIZNTS FOR <~TO NS
C T c D&I3IT4L FIl..TER §-~S\ SECrT2NS iN CASEADE. TH E KTH
0SWET,:CNHA3 THE TRANSFER FoNCTIO3-N

C
C A(K)*(Zt*2 + 2*Z +1)
C H(Z) =-----------------------------------
C Z**2 + BtK)*Z + C(K)
C
C IF F(4) AND G(M) ARE THE INPUT AND THE OUTPUT OF THE XTH
C SECTION AT TIME M*T, THEN
C
C G(M') = AKt*FM) + 2*FCM-1) + F(M-2fl
C -SCK)*GAM-1) -C.K)*G(M-2)
C

REAL*8 A(1) B() (ti)
PI 3.141S626S3W
ALPHA = FC*Pr*r
WCP TAN(ALPHA)
WCP2 =WCP*WCP
DO 10 K = INS

CS COS( LOATt2*(K+NS)-1 )*PI/FLOATC4*NS))
X 1.= .WP-*C*S
A(K) = WCP2*X
B(;<) 2.*tWCP2-1.)*X

tL) (.WCP2+2.*WCP*CS)*X
10 CONTINUE

RETURN
END

SUBROUTINE HPDES(FC DT NS A B C)
C HIGH PASS BUTTERWORTH 61IGTAL ILTER DESIGN SBR
CREFERENCE: S.D. STEARNS 11Q75i DIGITAL SIGNAL ANALYSIS, P. 270.

C INPUTSi
C FC CUTOFF FREQUENCY (-3 D8) IN HZ
C DT SAMPL ING INTERVAL IN SECONDS
C NS NUMBER OF FILTER SECTIONS
C OUTPUTS:
C AUKi,B(K) ANO C(K) FILTER COEFFICIENTS FOR K=1 TO NS
C THE DIGITAL FILT.ER HAIS N§ SECTIONS IN CASCADE. THE KTH
C SECTION HAS THE TRANSFER FUNCTICN
C
C H(Z) =-------------------
C Z*A2 + B(K)*Z + C(K)
C
!: IF F(M) AND G(M) ARE THiE INPUT AND THE OUTPUT OF THE KTH
C S2CTION AT TIME M*T, TH'EN
C
C G(M) =AUKJs(F(M) - ZZF(M-1) + F(M-2))
C -3(K)tGV4-1) 7(k 3z-2
C

gEAL*8 At(1) 2(1),Ct(1)
PI=3,14ISg29536
WCP=S!Nt FC*PI*T h/COSt FC*PA*T)
DO 1 K=1 NS
CS=CCS( CfUA2*KNS?1 )*PI/FLCAT7(4*NS))
At)=! ./( I.-WCPiwCP-2.tACP*CS)
S(Ki=2.*(WCP*WCP-1 *A(K)
Ct'O=(1. WCP*WCP42.*WCP*CS)*ACK)

10 CONTINUE
RETURN

15



SLR~uT>I, aPDEGIF! 2 DT NS A Bc D E)
C 3N$~SS U 7h~CT~iD~GAL'~IL~'SIGN SSR

RC r=R;:NC S.D. STEARNS (1976) DT.GjTAL S:GNAL ANALYSIS, P. 271.

72 = L70ZF FREU'ENCIES (-3 DS) IN HZ
C D7 SAPL:IG :N7E.RVA. IN SECONDS

C NS \.ThnSER OF FIL.TER SECTIQ NS
C CJ7%7S:

O A rPU21 ~(,FILTER COEFFICIE\TS FOR K~l TO NS
D'01*rl L P!LTER !4AS NiS SECT',OCS IN CASCADE. T~iE KTH

C SEC7:'i HAS THE rRANsF-ER FUNCTICN

c AW*~(Z**4 - ZsZ**2 +1)C H 7) ---------------------------------------------------
C Z*.*4 +Bt()*Z**3 + C~k)*Z**2 +D(K)Z +E(K)
C
C IF F7(4 AND G(M) ARE THE INPUT AND THE OUTPUT OF THE KTH
C SECTION AT TIME M*T, THEN
C
c GM A(K)*(F(M) - 2*F(M-2) +F(M-4))
I- --3(K)*C(M-1 I -C(K)*G(M-2)
C -D'.K)*G(M-3) -E(K)*G(M-4)
C

REAL*8 AM 1 BC ),C. 1),D(lI),E( I
PI=3.14lSg2t53S
Wl=S[N(F1*PI*T)/COS(FIIt*T)
W2'=StN(F2*PI*T /COS( F2*PI*T)
WC=W2-W 1

S=W I*W I*W2*W2
DO 10 K=1I NS
CS=COS( LORT(2s(K+NS)-1 )*P!/FLOAT(4*NS))
P=-2. *WC*CS
R=P*W 1 W2
X1J. * P + a 4 R + S
A K )=WC*WC/X

S 8K)=( - 4. - 2.*P + 2.*R + 4.*S)/X
C(K)=(6. - 2.*G 6.*S)/X

D()(- 4. 2.*P - 2.*R + 4.*S)/X
E(KO=(I. -P + - R + S)/X

10 CONTINUE
RETURN
END "

16



SI-BROUTI'4E QSDES(Fl F24 CDT NS A 8, C DAC F G)
C SANDSTOP BUTTERCRTH DtALFITR DtS~'3k 4SR
C TH4TS S3R DERIVED AND Z ESI NED BASED ON T*,E B^OK

c S.D. STEARNS, 197S, DIGITAL SIGNAL PNALYSIS. HAYDEN BOCK CO.

C 1 , F2 = CLUTOFF FRE'lLEN4C 1S ( -3 DB 14H
C DT =SAMPLIN6 INT;RVAL IN SECONDS
C NS NU MSER CF FILTER SECTIONS
C OUTPUTS,
c A(K) THROUGH E(K), FILTER COEFFICIENTS FOR K.~1 TO NS

C THE D10GUAL FILTER HAS NS SECTIONS IN CASCADE. THE KTH SECT!CN
C HAS THlE TRANSFER FUNCTION
C
c A(K)*(Z**4 + 1) + B(K)*(Z**3 +Z)~ + C(K)*Z**Z .

C H(Z ) - - - - - - - - - - - - - - - - - - - - - -
C Z**4 +. D(K)*Z**3 +EtK)*Z*2 + FUK)*Z + OW)
C
C IF F(M) AND G(M) ARE THE INPUT AND OUTPUT OF THE KTH SECTION
C AT TIME M*T, THEN
C
C G(M) = A(K)*(FCM) +F(M-4))
C +8(K)*(F(M-1) FIM-3)) + C(K)*F(M-2)
C -D(K)*G(M-1) - E(K)*G(M-2) - F(K)*G(M-3) -G(K)*G(M-4)

C
C USE SBR 8SF IL? TO APPLY THE BANDSTOP FILTER
C DON ALBERT 12/21/82

REAL*8 Acl) BC ),C(l1),D( I),EC 1),FC I),GC 1)

W1 =SINCFI*PI*T )/COS(F1*PI*T)
.2=SIN( FZ*PI*T h/COS( F2*PI*T)
Q=WI*W2.
Q2=9*0
QP=1 .+
QM=1 .-Q
R=W2-W 1
S=WlaWt + W2*W2
DO 10 K=1 NS

CS=R*CO§(FLOATC2*CK.NS)-l )*PI/FLOATC4*NS))
X1 ./C 1.+QZ+S-Z.*CS*GP)
A( K)=QPsOP*X
BC K )-4. aQP*GM*X
C(K)=(6.+6.*02-4 *G) *)(
D(K)=4.*C-1 ,aQPa+CS*GM) *X
E(K)(6..8.*QZ-2 *S) *X
F(K) 4.sC-1.aQP*M-CS*GM) aX
G(K)= I .+02.S+2.*CS*QP) *X

10 CONTINUE
RETURN
END
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S,,BRO''T!NE -P--LX l-Xs A 9 C) -

C APPLIES 4 --'3 -'ASS -- t T AAW X
C rLL" SSR RE'.ERS

SON' INFC [N S7=EARNS ( g75)
DON ALgERT 8123,'83

REAL*4 X(.LX)
REALx-4 Y( 3)

C NLE F!'E-; 'P r- Si
CAPPL7ES 'TiE FiL7R %CE, ONEIN EACH D!IF.CTION, SO T 4E PHASE IS ZERC.

29 CON1NE

DO !0 N=!,NS

Y(N 1MJYtMM+
39 CNTIQE

X~l )= (M )

29 CONTINUE

SUROTINE rPi~L SA8C
CCALL B REVERSX,)

C

CHNSROUTINE UiPTO L NS A C
* ~C APPLIES ATH P FiLTE COC T N ERACH DX ETO, HEPAEI EO

C AL B ONRUE;R
C (LG.3 BAE NIF NSETRN(75
C DO ALER 6/30/83

DO L4 M1LX)
REAL* Y)(Ml )

C ADE FILE0 UP O NS
C APLESTHENFILTER TWICE, NC I)2.YN ECHDIETINS TENAEISZEO

2 ONTNUE

DO 3NaI NS
DO 3 111i 2

3a CONTIQE
YM )( 1 )

20 COTNUE
DC 3 NL NEESXL
O S0M~

END )=~'m~

30 CONTI&8

...............................NS1*,.



*~1 * ..-.

SUBRCUT'NE iS;FiLT(X LXNSA 3 C D 97
C APPL7ES A 3ANDPASS FITRT ARYX'

C ALLS SER RE ERS
C AE ON :NCO !N STEARNS (1jg75)

C DO1N 4L9ERT 12/21/82

REAL)K4 A(I . I CI, )
REAL*4 Ykll 5)

C HN~D-ES FILTERS J'3 TO NS=i8
APPLIE3 'r- E FILTER TwICE, ONCE !A EACH D.!ECTICIN, SO 71-=-P"SE IS Z Rc.

I F I 1FLAG. EC. 3) RE TURN
NS I NS+
D'O la :=I,NSI

DC 10 jl=1 4
Y'(I J)=O.

10 CONT t$QE
Do 43 M= ,LX

DO e N=1,NS

1 -B(N)*Y(N+1,4)-CN)*'(N4i,§)
2 -DkNt*Y'N+1,2)-E(N)*Y(N4I,1)

20 CONTINILE
DO 30 N.~I NSI

DO 38 MA1=l 4

* 30 CONTN~UE
X(M)=Y(NS* ,5)

40 CONTINUE
CALL REVERS(X,LX)
GOTO S
END

C

SUBROUTINE 8SFILT.X 4LXNSA a C,D,E,F,G)
*C APPLIES A BANDSTOP FILIER TOARAY X
*C CALLS S2R REVERS

C BASED ON INFO IN STEARNS (1Q75)
C DON AL3ERT 12/21/82
C

REAL*8 C)B(1)C1)DC1IE(1,C1), )
REAL*4 X(LX)
REAL*4 Vt11 51

C HANDLES ;7ILTER§ UP TO NS-10
C APPLIES THE FILTER TWICE, ONCE IN EACH DIRECTION, SO THE PHASE IS ZERO.

IFLAG=O
IF AG=IkAG 1
IF( tFLAG.EQ.3) RETURN
NS1 'NS,-
DO 10 I=I,NSI

0~ 03 J~1 S
Y(I J)-6

18l CCNTINU2)
DO 40 X~t,LX

Y( 1,5J=X(M)
DO 28 N=1,NS

Y(Nl,S)=A(N)*C'(0N,S)+Y(N.1)) B(N)*CV(N1k4)+Y(N,2)) .-

2-5(CN)*YCN+1,'4) -E(N)EY(N+tL3)
28 -FN)*Y(N*1,2) -G(N)*Y'N+1,1)

D~O 30 N1l NS1
DO 30 M ;1i 4

*30 CONTINUE

*43 CO NE
CALL RE -RS(X,LX)

END

S;2>%n,7INE REYERS(X..LX)
0 REYERZES A TIME, SERIES

* :;ENCE: P018 ",ON (1;S7), P 29.

L=L.X'2
DO 12 lz1,L

J-LX-1

19
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APPENDIX C: FILTER PERFORMANCE CHARACTERISTICS

For each figure in this appendix, a filter was applied to an input

time series consisting of 511 zeroes with a unit-valued spike at the 250th

position to produce the filter's impulse response. The data sampling

interval was 0.001 seconds. The Fourier transform of the impulse response

was then calculated and used to determine the filter's transfer function,

which was plotted on a normalized linear and on a logarithmic scale. V"

Amplitude Impulse esonse

50
100

200

400

FC:400 Hz

0 500
Frequency (Hz)

a. Linear display of

the transfer function.

Decibel

0
5 __~2001

-20 50 100
d ,'200

-eo~ 400

-100
0 500

Frequency (Hz) 100

b. Logarithmic display

of the transfer function. .

c. Impulse response (actual data are
symmetric about the center). 5

0 0511
T,me Is)

Figure Cl. Highpass ilter performance characteristics. One stage filters

with FC 400, 200, 100, 50 and 5 Hz.
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P 2Amplitude 0Dec, el *

4 1-20 /

-401 i
d8 '

/1 4

* V 1 ~-100 1--~

0 500 0 500
Feqiercy 1Hz 2 requency (Hz)

a. Linear display of b. Logarithmic display

thle transfer function. of the transfer function.

lmp ise Responrse

4 Sioge

Tine s~

C. Impulse response.

Figure C2. Highpass filter performance characteristics. One, two) and

four stage filters with FC =100 Hz.
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Impulse Response

Amph tude

I \ FC-i00,400 HZ

0 500
Frequency (Hz) 100,200

FC 100.400 Hz
'00,200

-- 100, 150
- 100, 110

......... [00, 105

a . Linear display of
the transfer function.10,50

Dec tel
07

d-40

-0

100, 110-0

-1000

100,10 0 051

00, t05Tine 0 5,

b. Llogarithmic display
of the transfer function. C. Impulse response.

Figurte C3. Bandpass filter performance characteristics. One stage filters
with lower FC t 10 liz, upper FC =400, 200, 150, 110 and 105 Hz.
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Am phud e Dec ibe I

-201

8-40-. fI,

80

I -_T

0 500 0 500
Frequen~cy (Hz) Frequency (Hz)

a. Linear display of b. Logarithmic display -

the transfer function, of the transfer function.

Impulse Response

4 Stage

0 0O51
Tine (s)

C. Impulse response.

Figure C4. Bandpass filter performance characteristics. One, two and
four stage filters with lower FC =100 Hz, upper FC =150 Hz.

24

A --e



Impulse Response

L FC-100, 400 Hz
Ampht ud e

III 100, 200J

0 -50 0
Frequency (HZ)

FCzI00,400 HZ

- - 100.150

- 00,1I0

100,150
a. Linear display of
the transfer function.

Dec bet

2C\ I

6050

F~ep.~ency (Hz)

FCzI00,400 H.,iZO 0

0 e

Thme (s)

r. impulse response (ac-

h. !,ogar~thmic diiplav tual data are symmetric

tf the L rInS f - r f11nC t i on . about the center).

Fiur a5 and t op pite erformance characterist ics . One stage filters

with lowe-r FC 100 Hz, upper FC 400 , 200, 150 , 110 and 105 H7-.
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Amplitude 0- Decibel

-I I

-80 I

o 500 0500
Frequency (Hz) Frequency (Hz)

a. Linear display of b. Logarithmic display
the transfer function. of the transfer function.

Impulse Response

I Stage

2 Stage

0 0511
rime (s)

C. Impulse response.

Figure C6. Bandpass filter performance characteristics. One, two and

four stage filters with lower FG 100 Hz, upper FC =150 Hz.
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