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Introduction

XAPiir is a basic recursive digital filtering
package, containing both design and imple-
mentation subroutines. XAPiir was developed
for the experimental array processor (XAP)
software package, and is written in FOR-
TRAN. However, it is intended to be incorpo-
rated into any general- or special-purpose
signal analysis program. It replaces the older
package RECFIL [1], offering several en-
hancements. RECFIL is used in several large
analysis programs developed at LLNL, includ-
ing the seismic analysis package SAC [2], sev-
eral expert systems (NORSEA and NETSEA),
and two general purpose signal analysis pack-
ages (SIG [3] and VIEW {4)).

The two principal enhancements offered in
XAPiir are an increase in speed (a factor of 4
to 5.on Sun Sparc stations) and an increase in
numerical stability. The increase in numerical
stability is achieved by replacing the direct
form implementation of RECFIL with a cas-
cade of second-order sections filter representa-

tion. This change is fundamental in the sense

that the routines of RECFIL and X APiir are in-
compatible. The increase in speed has been
achieved through careful optimization of loops
in the main implementation subroutine,

XAPiir implements the standard recursive
digital filter design through bilinear transfor-
mation of prototype analog filters [5]. Lowpass
Butterworth, Bessel, and Chebyshev types i
and II are the available analog prototypes.
These prototype filters are specified in terms of
their poles and zeros, then are transformed to
hiwhpass handpass and band reject filters us-
ing analog spectral transformations. The sub-
routine package is organized in such » manner
that other prototype filters can be added easily.

A cascade of second-order sections imple-
mentation is provided for filtering data, with a

forward-and-reverse filtering option for zero-
phase filtering. Options are provided for in-
place filtering to minimize storage require-
ments.

Several subroutines are provided for support-
ing the design of digital filters. These include
subroutines for computing the frequency re-
sponse of the designed analog and digital fil-
ters (amplitude, phase and group delay), and a
routine for calculating the Chebyshev design
parameters.

This report is divided into two sections: the
first describes the use of the subroutine pack-
age, and the second, its internal organization,
In the first section, the filter design problem is
briefly reviewed, along with the definitions of
the filter design parameters and their relation-
ship to the subroutine input parameters. In the
second section, the internal organization is
documented to simplify maintenance and ex-
tensions to the package.

I. Filter Characteristics
and Specifications

The recursive filters implemented in XAPiir
are obtained through transformation of famil-
iar analog lowpass prototypes: Butterworth,
Bessel, and Chebyshev types I and II. These
are transformed to one of four passband types:
lowpass, highpass, bandpass and band reject.
The frequency domain specifications of ideal
passbands are illustrated in Figure 1, showing
that lowpass filters are described in terms of a
high cutoff frequency (f},), highpass filters by a
low frequency cutoff (f}), and bandpass and
band reject filters by both types of cutoffs.

Butterworth Filters

In addition to frequency cutoffs, Butterworth
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Figure1 The four passband types implemented by XAPiir. They are specified by the low and

high cutoff frequencies, f; and fy,.

filters are specified by the number of poles
used in the design. Butterworth filters are char-
acterized by half-power points at the specified
band edges (see Figure 2). From this figure
it is apparent that at least 3 or 4 poles are
required for sufficient out-of-band signal
rejection.

The amplitude, phase, group delay and
impulse responses of typical Butterworth
filters are shown in Figure 4 for compari-
son with the responses of the other filter
types (shown in subsequent figures). In
each section of Figure 4, the responses of

the digital Butterworth filter and its asso-
ciated analog prototype are overlayed for
comparison. Since the digital filters are ob-
tained by bilinear transformation of the
analog filters, some distortion of the ideal
analog response occurs.

The Butterworth design is obtained using
the subroutine DESIGN. The calling se-
quence for DESIGN is:
DESIGN( IORD, TYPE, APROTO,
A, TRBNDW, FL, FH,
TS, SN, SD, NSECTS )
IORD is the number of poles
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Figure2 Power response curves for a suite of 6 Hz lowpass Butterworth digital filters. The number
of poles (n) ranges from 1 to 6. Note that all curves pass through 0.5 (half-power) at the cutoff
frequency. The assumed sampling rate is 40 samples/sccond.

TYPE is a character variable with

values
‘LP’ for lowpass
‘HP” for highpass
‘BP’ for bandpass
‘BR" for band reject

APROTO is a character variable
which is set to ‘BU’ for a
Butterworth design.

A, andTRBNDW are not used.

FL and FH are the low and high
cutoff frequencies in Hertz.

TS is the sampling interval in
seconds.

SN, SD and NSECTS are the data
structure containing the resulting
cascade of second-order sections

representation of the filter.

Bessel Filters

Analog lowpass Bessel filters are designed to
have a minimum of phase distortion in the fil-
ter passband, specified as a flat group delay at
zero frequency. The design parameters for this
filter are the same as for the Butterworth: cut-
off frequencies and the number of poles. As
shown in Figure 5, the bilinear analog-to-digi-
tal transformation spoils the flat group delay
response of the filter in the passband. Nonetl.e-
less, the digital Bessel filter has the least fre-
quency dispersion among all the designs
implemented in X APiir.
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Figure 3 Amplitude response characteristics of the analog lowpass Chebyshev types [ and Il filters.
The filters are characterized by a passband (nominal amplitude: 1), a stopband (nominal amplitude:
1/attenuation), and a transition band. The design parameters are the stopband attenuation, the

width of the transition band (as a fraction of the p
passband ripple is a function of these parameters.

There is little reason to use the Bessel filter for
bandpass, bandreject or highpass designs,
since its desirable lowpass phase characteris-
tics are not preserved by the analog spectral
transformations used to derive the other pass-
band types.

The call to DESIGN for the Bessel filter is
identical to that for the Butterworth filter, with

the exception that the analog prototype argu-
ment APROTO is set to ‘BE’ .

assband width), and the number of poles. The

Chebyshev Filters

The Chebyshev filters offer the greatest fre-
quency selectivity of all the analog prototypes
implemented in X APiir, but are more compli-
cated to specify and design. The lowpass pro-
totypes are characterized by a passband where
the filter amplitude is nominally one, a stop-
band where the amplitude is specified not to
exceed some small value(specified as the re-
ciprocal of an attenuation factor), and a transi-
tion band between the other two bands. The
design parameters may be chosen among the
following: the cutoff frequency, the number of
poles, the transition bandwidth, the stopband
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Figure4 Suite of response curves for 4 Hz, 6-pole Butterworth lowpass filters. Digital filter
responses are indicated with solid lines, and prototype analog resonses by dashed lines. Differences
between the responses are caused by the bilincar transformation. Note the moderately sharp cutoff

and modecrately peaked group delay of this filter.

attenuation and the passt.nd ripple. The tran-
sition bandwidth is usually specified as a frac-
tion of the passband width (the cutoff
frequency in a lowpass design). Among the

+ last four parameters, only three may be chosen
independently. See [5] for a more detailed ex-
planation of Chebyshev designs.

In X APiir, the three independent parameters
are the number of poles, the transition band-
width and the stopband attenuation. The pa-
rameter specifying the passband ripple is
computed from these by the subroutine CHEB-

PARM. It should be emphasized that these pa-
rameters specify the passband and stopband
edges for the analog prototype Chebyshev fil-
ters only. The stopband edge (and, consequent-
ly, the transition bandwidth) is altered by the
bilinear transformation. If desired, a digital fil-
ter with correctly specified stopband edge can
be designed by calculating a ‘prewarped’ ana-
log prototype stopband edge, which would
map to the correct digital stopband edge under
the bilinear transformation. The necessary
transition bandwith would be determined hy
the difference between the prewarped value
and the passband edge. The function WARP



Bessel Filter Responses
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Figure5 Frequency responses of 6-pole, 4 Hz lowpass digital (solid) and analog (dashed) Bessel
filters. Bessel filters are chosen for their flat group delay witin the passband. Note the relatively ﬁoor
amplitude response and the pulse-like impulse response. The bilinear transform slightly spoils the

group dclay response of the digital filter.

can be used to calculate the prewarped value
for the stopband edge.

In the call to DESIGN for the Chebyshev vil-
ters, the arguments are the same as in calls for
BUTTERWORTH designs, except that APRO-
TO is specified as ‘C1’ for Chebyshev type I
filters and us ‘C2’ for Chebyshev type II filters,
and the stopband attenuation argument A and
transition bandwidth argument TRBNDW
must be specified. The attenuation parameter is
defined to be the reciprocal of the maximum
stopband ripple amplitude. For example, if A
were specified as 50 (as it is in the examples of
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Figures 6 and 7), then the Type I and II stop-
band amplitudes would not exceed 0.02.

A large stopband attenuation and a narrow
transition band are desirable. However, if the
first is greatly increased and the second is de-
creased, the penalty is a large deviation from
the desired (flat) response in the passband.
Reference [5] has detailed design charts and
formulas for determining the necessary order
(number of poles) to achieve a desired attenua-
tion, passband ripple and tronsition bandwidth.



Chebyshev Type I Filter Responses
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Figure 6 Frequency responses of 6-pole, 4 Hz d.gital (solid) and analog (dotted) Chcebyshev Type |
filters. The Chebyshev Type 1 has the most selective response of all filters implemented in X ATiir,
but italso has the most non-lincar phase. The group delay exhibits a sharp peak at the passband
edge, Consequently, its impulse response rings more than those of the other types of fifter= Note
that Chebyshev Type I filters has passband ripples.
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Figure 7 Frequency response curves for 6-pole, 4 Hz lowpass digital (solid) and analog (dotted)
Chebyshev Type 11 filters. This filter exhibits ripples in the stopband. Group delay variations are
less extreme than those of the Type I filter. Consequently, the impulse response exhibits less
ringing. Chebyshev Type Il filtcrs have zeroes as well as poles, which accounts for the notches

in the stopband amplitude response.



II. Software Package
Organization

XAPiir is a collection of 18 FORTRAN sub-
routines and functions. It is organized into 5
subsections as shown in Figure 8. The first
subsection is an interface to user calling rou-
tines. Three options are supplied for three
common filtering applications. The first option
is the simplest, satisfied by the single interfuce
routine XAPIIR. This option satisfies the need
to design a filter and apply it to an individual
waveform, The second option is to design a fil-
ter and apply it to a collection of waveforms.
In this case, it is faster to design the filter once
with a call to the DESIGN subroutine, then ap-
ply it to each signal in the collection in the se-
quence with the APPLY subroutine. Finally, an
interface for design purposes is supplied
through the INSPECT subroutine, which al-
lows the user to compute digital and analog
frequency responses of the specified filters.

The second set of subroutines compute low-
pass analog prototype design parameters: poles
and zeros. XAPIIR generates lists of poles and
zeros for lowpass prototype filters, which are
converted to the coefficients of the numerator
and denominator of a second-order section
representation by the third set of routines. It is
a fairly simple matter to add new filter types to
the package. It is necessary to create a new
subroutine specifying the poles and zeros of
the filter in complex FORTRAN arrays, to
specify the number of second-order sections in
the lowpass prototype, to specify if each sec-
ond order section consists of a single real pole,
a complex-conjugate pair of poles, or com-
plex-conjugate pairs of poles and zeros. The
simplest method to add a new filter subroutine
is to use the subroutines CIROOTS and
C2ZROOTS as templates, as these exercise all
pole-zero combinations. The pole-zero lists
contain only une complex pole or zero for each

of the complex conjugate pairs.

The pole-zero lists developed by the analog
prototype routines are for unit radian cutoff
frequency lowpass filters. These are trans-
formed to lowpass, bandpass, bandreject and
highpass analog filters with arbitrary frequen-
cy cutoffs by the analog spectral transforma-
tions [5] of the third set of subroutines (analog-
analog transformation in Figure 8), The cutoff
frequencies in the arguments to these routines
are specified in Hz.

A single analog-digital transformation routine
is supplied (BILIN2), which implements the
bilinear transformation on the second-order
section representation,

The fifth set of routines calculates frequency
response curves for digital (DFR) and analog
(AFR) filters. These are accessed through the
interface routine INSPECT. Magnitude, phase
and group delay responses are available. Ana-
log frequency responses may be sampled on a
linearly-space frequency grid or a logarithmi-
cally-spaced frequency grid, and they may be
computed over a specified (positive) frequency
interval. Digital responses are calculated on a
linearly-spaced frequency grid, and only on
the interval ranging from d.c. to the folding
frequency.

Appendix I contains the calling sequences for
all of the routines in XAPIIR, and a descrip-
tion of each of the arguments used in the rou-
tines. Output arguments are indicated in italics.
Arguments that are both input and output argu-
ments are underlined and italicized.
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applicd to many

appropriate in this case, Option 3 is used when
arc needed, Subroutine INSPECT is called in this instance,




inspect

R
xapiir
design apply
[ ] I |
beroots buroots | | clroots c2roots chebparm
| l ; [ I l
cutoffs Ip Iptbp Iptby Ipthp warp
.
bilin2
afr dfr

Figure 9 X APiir structure chart




Appendix I. Calling Sequences and Variable Definitions

Output arguments are italicized. Those arguments that are both input and output arguments are under-
lined and boldface.

Interface Routines

SIJBROUTINE APFLY( DATA, NSAMPS, ZP, SN, SD, NSECTS )
SUBROUTINE DESIGN( IORD, TYPE, APROTO, A, TRENDW,
FL, F, TS, SN, SD, NSECTS )
SUBROUTINE INSPECT( IORD, TYPE, APROTO, A, TRENDW,
FL, FH, TS, RTYPE, N REQS, REL, RFH,
SAMT LING, RESPONSE, FRE\)S )
SUBROUTINE XAPIIR( DATA, NSAMPS, APROTO, TRBNDW, A, IORD,
TYPE, FLO, FHI, TS, PASSES )

Arguments:
DATA REAL*4 array: data sequence to be fiicered.
Filtering is in-place, destroying original data.
NSAMPS INTEGER variable: the number of data samples.
Zr LOGICAL variable: '
TRUE. for zero-phase (2-pass) filtering,
.FALSE. otherwise.
SN REAL*4 array: numerator cocfficients of second-order
scctions.
SD REAL*4 array: denominator coefficients of second-order
sections.
NSECTS INTEGER vz iable: number of second-order sections.
IORD INTEGER variable: desired filter order (number of poles).
TYPE CHARACTER*2 variable indicating passband type:
‘LP" lowpass s
‘HP” highpass
‘B bandpass
‘BR” bandreject
APROTO CHARACTER*2 variable indicating analog prototype:
‘BU’" Butterworth
‘BE” Besscl
‘C1" Chebyshev ]
‘C2" Chebyshev I
A REAL*4 variable: Chebyshev stopband attenuation factor.
THBNDW REAI*4 variable: Chebyshev transition bandwidth as a
fraction of the passband width,
FL REAL*4 variable: low cutcff frequency (Hz).
FH REAL*4 variable: high cutoff frequency (Hz).
TS REAL*4 variable: data sampling interval (seconds).
RTYPE CHARACTER"3 variable indicating type of frequency response desired

to be caiculated by INSPECT:
‘AM’ analog amnlitude response.
‘PH’ analog phase response.
‘GD’ analog group delay response.
‘DAM’ digital amplitude response.
‘DPH’ dig. ‘2! response response.
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‘DGD’ digital group delay response.

NFREQS INTEGER variable: number of sampling frequencies for
frequency response calculation.

RFL REAL*4 variable: low sampling frequency (Hz).

RFH * REAL*4 variable: high sampling frequency (Hz).

SAMPLING CHARACTER"8 variable:

‘LINEAR' linear frequency spacing
‘LOG' logarithmic frequency spacing
RESPONSE REAL*4 array containing frequency response values.
FREQS REAL*4 array containing sampling frequencies used only for
analog responses. Contains linearly space frequency samples
if SAMPLING is ‘LINEAR’ and logarithmically spaced frequency
samples if SAMPLING is ‘LOG'
PASSES REAL*4 variable indicating number of filter passes in XAPIIR.
Included 0 maintain some compatibility with older RECFIL call:
1 single forward pass
2 forward ~nd reverse pass

Analog Prototype Routines

SUBROUTINE BEROOTS( P, RTYPE, DCVALUE, NSECTS, IORD)

SUBROUTINE BUROOTS( P, RTYPE, DCVALUE, NSECTS, IORD )

SUBROUTINE C1ROOTS( P, RTYPE, DCVALUE, NSECTS, IORD, EPS )
SUBROUTINE C2ROOTS( P, Z, RTYPE, DCVALUE, NSECTS, IORD, A, OMEGAR )
SUBROUTINE CHEBPARM( A, TRBNDW, IORD, EPS, RIPPLE)

Additional arguments:

r COMPLEX array containing poles of analog prototype filters.
RTYPE CHARACTER*3 array indicating type of roots in cach second-order
section:

'SP single real pole
‘CP’ complex conjugate pele paixr
‘CPZ’" complex conjugate pole/zero pairs

DCVALUE REAL*4 variable: zero-frequency amplitude of analog prototype
filter used to scale filters properly. ‘

OMEGAR REAL*4 variable: equal to 1.0 + TRBNDW

EPS REAL*4 variable: the Chebyshev design parameter related to
passband ripple

RIPPLE REAL*4 variable: Chebyshev passband ripple

Analog-Analog Transformation Routines

SUBROUTINE CUTOFFS( SN, SD, NSECTS, F)

SUBROUTINE LP(P, Z, TYPE, DCVALUE, NSECTS, SN, $D )
SUBROUTINE LPTBP(P, Z, TYPE, DCVALUE, NSECTS, FL, FH, SN, SD )
SUBROUTINE LPTBR(P, Z, TYPE, DCVALUE, NSECTS, FL, FH, SN, SD )
SUBROUTINE LPTHP( P, Z, TYPE, DCVALUE, NSECTS, SN, SD )

REAL FUNCTION WARP(F, TS)

13



Additional arguments:

F Analog cutoff frequency for transformation

Analog-Digital Transformation

SUBROUTINE BILIN2( SN, SD, NSECTS )
Frequency Response Calcuiations

SUBROUTINE AFR( SN, SD, NSECTS, TYPE, {AMPLING, FL, FH, NSAMPS, RESPONSE, FREQS )
SUBROUTINE DFR( SN, SD, NSECTS, TYPE, NSAMPS, TS, RESPONSE )

14



Appendix II. Sample Code Calling XAPiir

This FORTRAN program calls XAPiir to create a filter, apply the filter to an impulse sequence to generate
a digital impulse response, and then to gencrate one analog or digital frequency response curve. The re-
sponse curves arc written out in SAC format. This program implements both options 2 and 3 of figure 8.

C
C Copyright 1990 Regents of the University of California
C
C
C Author: Dave Harris
C
C Lawrence Livermore National Laboratory
C L-205
CP.O. Box 808
C Livermore, CA 94550
CuUsA
C
C (415) 423-0617
C
C
PROGRAM TEST
C
REA.L*4 SN(30), SD(30)
CHARACTER*2 APROTO, PASSBAND
LOGICAL ZP
CHARACTER"3 RTYPE
C
REAL*4 DATA(1000), FREQS( 501 ), RESPONSE( 501 )
C

WRITE(*,*) ‘Enter prototype analog filter: (bu)tterworth’
WRITE(™*) * (be)ssel’
WRITE(*,*) * (c1) chebyshev type I’
WRITE™,*) * (c2) chebyshev type 1I'
READ(**) APROTO
IF (APROTO .EQ. ‘BU’ .OR. APROTO .EQ. ‘bu’ ) THEN
APROTO = ‘BU
ELSE IF ( APROTO .EQ. ‘BE’ .OR. APROTO .EQ. be’ ) THEN
APROTO = ‘BE’
ELSE IF ( APROTO .EQ. ‘C1’ .OR. APROTO .EQ. ‘c1’ ) THEN
APROTO = ‘CY’
WRITE(,*) ‘Enter stop band attenuation: ’
READ(*) A
WRITE(™,*) ‘Enter transition ratio: *
READ(**) TRBNDW
ELSE IF (APROTO .EQ. ‘C2" .OR. APROTO .EQ. ‘c2" ) THEN
APROTO = ‘C2
WRITE(*,*) ‘Enter stop band attenuation: ’
READ(™*) A
WRITE(**) ‘Enter transition ratio: *
READ(™*) TRBNDW
ELSE
CALL ERROR(’Analog prototype not implemented”)



e

END IF

WRITE(*,*) ‘Enter passband type: (Ip) lowpass’
WRITE*,*) ‘ (hp) highpass’

WRITE(*,*) ‘ (bp) bandpass’

WRITE(*,*) * (br) bandreject’

READ(**) PASSBAND

IF (PASSBAND .EQ. ‘B .OR. PASSBAND .EQ. bp’ ) THEN

PASSBAND = ‘BP
WRITE(*,*) ‘Enter low cutoff frequency:
READ(**) FL
WRITE(*,*) ‘Enter high cutoff frequency: ‘
READ(**) FH
ELSE IF (PASSBAND .EQ. ‘L’ .OR. PASSBAND .EQ. ‘lIp’ ) THEN
PASSBAND = ‘LP
WRITE(™,*) ‘Enter high cutoff frequency: ‘
READ(**) FH
ELSE IF (PASSBAND .EQ. ‘BR’ .OR. PASSBAND .EQ. ‘br’ ) THEN
PASSBAND = ‘BR’
WRITE(™*) ‘Enter low cutoff frequency: ‘
READ(**) FL '
WRITE(*,*) ‘Enter high cutoff frequency:
READ(**) FH
ELSE IF (PASSBAND .EQ. ‘HP' .OR. PASSBAND .EQ. ‘hp’ ) THEN
PASSBAND = ‘HP’
WRITE(*,*) ‘Enter low cutoff frequency: *
READ(**) FL
ELSE
CALL ERROR(‘Passband type not implemented’)
END IF

WRITE(™,*) ‘Entor filter order: *
READ(*,*) IORD

TS = 0.025
CALL DESIGN( IORD, PASSBAND, APROTO, A, TRBNDW,
FL, FH, TS, SN, SD, NSECTS )

NSAMPS = 1000

CALL ZERO( DATA, NSAMPS )

DATAS00) = 1.

ZP = FALSE.

CALL APPLY( DATA, NSAMPS, ZP, SN, SD, NSECTS )

CALL WSACI(‘impulse_response’, DATA, 1000, 0., TS, NERR )
WRITE(*,*) Enter response type:’
READ(**) RTYPE
CALL INSPECT(IORD, PASSBAND, APROTO, A, TRENDW,
I'l,, FH, TS, RTYPE,
501, 0.0, 1./(2.*TS), ‘LINEAR /, RESPONSE,
FREQS)

IF (RTYPE(1:1) .EQ. ‘D’ ) THEN

CALL WSACT( RTYPE(1:3), RESPONSE, 501, 0.0, 1./(1000.*TS), NERR)

16
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ELSE

CALL WSAC2( RTYPE(1:2), RESPONSE, 501, FREQS, NERR )

END IF
CALL EXIT(0)

END

SUBROUTINE ERROR(MSG)
CHARACTER*(*) MSG
WRITE(*,*) MSG
CALL EXIT(0)

RETURN
END
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