10.1

SECTION 10
IIR DIGITAL ANALYSIS SEGMENT

In many respects, this segment is similar to the LADDER analysis segment. In the first place, it
may be used to analyze and manipulate digital filters whether they were originally designed by
S/FILSYN or obtained from other sources. Consequently, it can also be used as a stand-alone
program. In the second place, it uses the same COMMAND data input format, the same features
and some of the same commands. In addition, the backup feature (the characters BRK, or its
alias, BAK) may be used at any time to correct previously entered data and the STOP command
can be used to terminate program execution.

If we wish to use this segment as a stand-alone unit in the multi-executable version, we first call
the DIGITAL program and select the analysis (A) option. In the single-executable version this is
done by selecting the digital (D) option at the beginning of the program.

10.1 COMMANDS

Available commands are listed below in alphabetical order. An explanation is given for each
func- tion and mode of operation. Following the listing, illustrative examples are provided to
demon- strate the use of each command.

10.1.1 ADD (add a factor)

This command is used to append additional quadratic factors, either to the numerator (N) or to
the denominator (D) of a factored transfer function (cascade realization). The command requires
either the letter N or D to indicate where we wish to append the new factor, as well as the coeffi-
cients of z'! and z?. If the coefficient of z? is zero, a linear factor is added. The constant coeffi-
cient is assumed to be unity. This is a non printing command, i.e. only an indication to the effect
that the command was performed, is printed.

The ADD command works on the factored form of the transfer function only, which is the refer-
ence function in that all other implementations are obtained from it. If any other form is also
pres- ent, the functions no longer represent the same filter. Therefore, after the application of the
com- mand, the other forms are automatically deleted. The correct form can be recalculated by
using the appropriate commands. The use of this command is demonstrated in example 10.2.1.

10.1.2 ALLP (differential allpass implementation)

This command will generate the differential allpass implementation (see Fig. 10.1 below), if one
exists. If it does not exists, a comment is printed and we return to the COMMAND prompt.

If the cascade implementation is changed (for instance, a section has been added or deleted) so
that the different implementations now represent different filters, everything but the cascade form
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is deleted. They can, of course, be recreated by the repeated application of the command. The dif-
ferential allpass, however, then becomes unavailable.

10.1.3 DEL (delete a factor)

This command is the opposite of ADD and is used to delete specified factors from the numerator
or denominator. As in the case of the ADD command, it needs the letter N or D to indicate from

where we want to delete the factor, as well as an integer to indicate the implied serial number of

the factor to be deleted. This command is non printing.

The DEL command works on the factored form of the transfer function only. If other forms are
also present, the functions no longer represent the same filter. Therefore, after the application of
the command, the other forms are automatically deleted. The correct form can be recalculated,
except the differential allpass, by using the appropriate command. The use of this command is
illustrated in example 10.2.1.

10.1.4 DES (design second order sections)

This command provides us with specific realizations of second order sections. Two types of real-
izations are currently available -- the multiple input normal form (form 1) and the
summed-output normal form (form 2). Resulting multiplier coefficients may be printed in either
decimal or hexa- decimal form. The command needs the serial number of the section to be
designed, an indication of the form desired (1 or 2), and the letter D or X to indicate decimal or
hexadecimal output. We may enter these data with the command in free form or wait for the
program prompt. Finally, if the parallel form is also present, we will be asked whether we want
the cascade or the parallel form to be designed. Scale factors, if present, will automatically be
taken into account. The use of this command is demonstrated in example 10.2.2.

10.1.5 DIR (direct implementation)

One can obtain a direct representation of the IIR filter using this command. The resulting imple-
mentation is a complete one in the sense that it can be analyzed in both the time and frequency
domains, truncated, FORTRAN routine written, etc. This implementation is rarely used.

10.1.6 DISP (display information)

This command displays the original design data, if available, and it is used for archival purposes.
This command is shown in example 10.2.2.

10.1.7 DOS (execute DOS command)
See Section 6.1.7.
10.1.8 END (terminate program)

See Section 6.1.10.
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10.1.9 EQU (delay equalization)
See Section 6.1.11.
10.1.10 FLAT (add flat loss)

This command adds additional flat loss (or gain if it is negative) to the loss characteristics of the
filter. This is useful, for instance, if the impulse invariant Z-transform is used, since this transfor-
mation does not exactly preserve the zero midband loss property of the filter. The command,
which is non printing, needs the loss to be added in dB. The use of this command is
demonstrated in examples 10.2.1 and 10.2.5.

10.1.11 FREQ (frequency domain analysis)

This is the familiar frequency domain analysis command. The method of specifying the
frequencies is identical to that used in other segments of the program. The program prints
prompts of the form ENTER FREQ: to which we may enter data of the form:

* FA, FB, DF -- where FA is the starting frequency, FB (>FA) is the ending frequency and
DF (<FB) is the increment for a linear sweep,

* FA,FB,-N -- where FA and FB are the same as before, but the frequencies are selected
logarithmically with N points per decade,

* FI1,F2,F3...-- where F1, F2, F3 ... are individual frequencies in increasing order, from 1
to 25 values on a line.

The program will prompt the user for up to five sets of data. The prompts may be terminated by
entering END or just a carriage return. A carriage return entered in answer to the first prompt
aborts the command. The frequencies specified by these data are generated, sorted, and merged,
and duplicates eliminated. The first 501 values are then used for the analysis. If more than one
form are present, we must also select the form to be analyzed. The delay is not calculated for the
parallel form, but it should be identical to that of the cascade form. Any of the calculated data
may also be plotted in printer-plotting or true graphics mode.

If the first item on the frequency list is negative (it may not be zero) all frequency data will be
interpreted as rad/sec, rather than Hz values. Replacing the DF increment by the keyword MAX
selects an increment that generates 501 frequencies. Also, the user may enter a slash (/) or the
keyword OLD to reuse an already specified set of frequencies. This command is demonstrated
throughout the manual.

10.1.12 HELP (display help message)

This command yields the list:
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ADD : ADD A FACTOR TO THE TRANSFER FUNCTION
ADD & DEL WORK ON CASCADE FORM, ONE FACTOR AT A TIME
PARALLEL FORM IS LOST

ALLP : GENERATE THE DIFFERENTIAL ALLPASS FORM

DEL : DELETE A FACTOR

DES : PROVIDE SPECIFIC SECOND ORDER SECTIONS
DIR : COMPUTE COEFFICIENTS OF DIRECT FORM
DISP : DISPLAY ORIGINAL DESIGN DATA

DOS : RETURN TO DOS TEMPORARILY

END : LEAVE DIGITAL ANALYSIS SEGMENT

EQU : DELAY EQUALIZER DESIGN

FLAT : ADD A FLAT LOSS
FREQ : ANALYSIS IN THE FREQUENCY DOMAIN
HELP : PRINT LIST OF COMMANDS

LAT : GRAY-MARKEL LATTICE FORM
LBL : REPLACE TITLE AND UPDATE DATESTAMP
(WAITING)

A carriage return brings the second half of the list to the screen:

LIM : LIMIT-CYCLE INFORMATION

ORD : PAIRING AND ORDERING

PAR : CONVERTING CASCADE TO PARALLEL FORM

PERM : PERMUTE NUMERATOR OR DENOMINATOR FACTORS

PRI : PRINT FILTER COEFFICIENTS (CAN WRITE TO FILE

AND/OR IN HEXADECIMAL FORMAT)
PROG : WRITE A ROUTINE ON DISK FILE TO SIMULATE FILTER
RCL : RECALL A SAVED SET OF DATA
SAVE : SAVE RESULTS ON FILE
SCAL : SCALE CASCADE COEFFICIENTS FOR NO OVERFLOW
STO : SAVE A SET OF DATA TEMPORARILY
SWC : WRITE TRANSFER DATA FILE FOR SWITCHED-C FILTER
TIME : ANALYSIS IN THE TIME DOMAIN
TRUN : TRUNCATE COEFFICIENT WORDLENGTH
UNDO : UNDO THE PREVIOUS COMMAND

On the personal computer, we have a more elaborate help system, offering more information,
including syntax.

10.1.13 LAT (Gray-Markel lattice)

This command generates the Gray-Markel lattice (2-multiplier form) implementation of the filter.

10.1.14 LBL (new label)

See Section 6.1.21.

10.1.15 LIM (limit cycle information)

This command provides tabulated results describing the limit cycle properties of the biquadratic
sections in the cascade realization. It assumes that we form these biquadratic sections from the
numerator and denominator factors in their current implied sequence. It considers these biquad-

ratic factors one at a time and independently of each other. It then tabulates the following data for
each of the sections:
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¢ the estimate of the limit cycle frequency,

¢ the Long-Trick limit cycle amplitude bound,

¢ the Kaiser-Sandberg (rms) limit cycle amplitude bound,

* the limit cycle output of the biquadratic section, including the effects of its numerator.

There exist many other implementations for a biquadratic section and their limit cycle properties
also differ. Some has no limit cycles at all, hence use the information provided by this command
with care. This command is illustrated in example 10.2.1.

10.1.16 ORD (pairing and ordering of factors)

This command invokes the Peled-Liu heuristic pairing and ordering algorithm, as described in
their book (reference 12). No additional data is needed. The actual sequence of numerator and
denominator factors is not changed.

The command provides 15 sub optimal pairing and ordering sequences with their corresponding
noise gain values. From these, we must select the best (lowest noise gain), then use the PERM
command to rearrange the sequence of numerator and denominator factors, and finally employ
the SCAL command to calculate the optimal scale factors. The scaling method applied in this
pairing and ordering algorithm is the L, scaling, with the denominator factors implemented first
in the physical realization of the filter. Consequently, if we use the same scaling policy, the noise
gain obtained from the scaling algorithm will be the same as that of the optimal pairing and
ordering.

The starting permutations in the optimization are selected by a pseudo-random process with a
system-dependent initialization. On systems where the initialization is based on the system clock,
two consecutive invocations of the ORD command may yield different results. On other systems
the initialization is based on built-in constants and the ORD command therefore will always yield
the same results. This command is demonstrated in example 10.2.2.

10.1.17 PAR (parallel form)

In the program, filter functions are initially represented in factored (cascade) form. This
command provides the partial fraction (parallel) equivalent. If we perform any operation that will
make the cascade and parallel forms represent different functions (the ADD or DEL commands,
for exam- ple), the parallel form is deleted and must be recreated by using this command again.
The parallel form is automatically calculated (in addition to the cascade one), if the
impulse-invariant Z-trans- formation is used, because the parallel form is needed for this
calculation method. The use of this command is shown in example 10.2.1, among others.

10.1.18 PERM (permute factors)
This command is used to permute the numerator and denominator factors to obtain a specific

pairing and ordering sequence. It needs a letter N or a D to indicate numerator or denominator
respectively, which is followed by the permuted sequence of (implied) serial numbers. Since this
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is a non printing command, the results of the permutation can be obtained using the PRI
command.
The use of this command is demonstrated in examples 10.2.1 and 10.2.2.

10.1.19 PRI (print)

This command prints the current filter function in both cascade and any other computed forms, if
they are present, in decimal or hexadecimal format, to the screen. The printed data is formatted
such that scale factors are included (if computed) and all coefficients are printed, including the
constant coefficients. The command can also print the data to a file instead of the screen; hence it
takes over the role of the FILE command of the other program segments.

10.1.20 PROG (write a program)

If we wish to implement the digital filter in a software form, this command will write a disk file
containing a FORTRAN subroutine which implements the current filter. The command needs a
file name for the storage of the subroutine program; when forms other than the cascade are
present, an indication as to which one we want to simulate, is also needed.

The resulting program contains a subroutine called TIM and a function called TRUN to perform
fixed point truncation or rounding of partial products and sums. The filter data are transferred to
the program in 12 decimal place precision (about 40 bits, in binary), although they may have pre-
viously been rounded to less than that. Therefore, truncation or rounding to more than 40 bits is
ignored by the program which is written.

A sample calling sequence of this program might be:

IBT = 24

DO 10 I = 1, LIMIT
TIME = (I-1)/FS

XIN = FUNCTION (TIME)
CALL TIM (XIN, YOUT, I, IBT)
WRITE (6, 100) TIME, XIN, YOUT
10 CONTINUE
100 FORMAT (3X,1P3E18.7)

where FS is the sampling frequency, XIN is the input sequence generated by FUNCTION, and
YOUT will be the output of the filter. The index I must start from 1. IBT is the number of bits to
which products are to be rounded, if positive, or truncated, if negative, during the computations.
In the above example, partial products and sums are rounded to 24 bits. The use of this command
is demonstrated in example 10.2.2.

10.1.21 RCL (recall temporarily stored data)

See Section 6.1.27 and example 10.2.1.
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10.1.22 SAVE (save data on permanent file)
See Section 6.1.30 and example 10.2.1.
10.1.23 SCAL (perform scaling)

This command performs scaling of the cascade form of the filter and requests indicators in order
to select the appropriate method. After the operation has been performed, the scale factors as well
as the new multiplier (front-end scale factor) are printed.

Two algorithms are available for scaling, the L, and the Loo algorithms. The L, algorithm calcu-
lates the scale factors in such a manner that the sum of the squares of the unit pulse response of
every section is never greater than unity. The calculation is always done from the common input
to the output of the particular section for which we are calculating the scale factor.

For L, scaling, the sections are formed as follows: 1) The first denominator quadratic factor is the
first section with a unity numerator. 2) The second section is formed by the first numerator factor
paired with the second denominator factor. 3) The next section is formed by the second numera-
tor factor paired with the third denominator factor, etc. This method is employed because the
most often used implementation uses this particular arrangement and it is also the method used
by the ORD command.

In the case of the Loo scaling, the scale factors are calculated in such a manner that the frequency
response of every section is not greater than unity at any frequency. The frequency response may
be defined to be either that of individual 2nd order sections (pessimistic case) or that of the (com-
mon) input to the output of the section under investigation (more common case). For Loo scaling,
one may request either the section arrangement used for the L, scaling, or the natural arrange-
ment, where the k-th numerator is paired with the k-th denominator to form the k-th section.

In either case, after the new scale factors are printed, we have the option of modifying them, pos-
sibly to change them into simple binary shifts in order to simplify their implementation. Since the
resulting noise gain is also printed, we can observe the effects of both the scaling policies as well
as of changing scale factors. After using the SCAL command, the print command (PRI) will list
all coefficients as well as the scale factors, since both the coefficients and the scale factors have
become part of the overall filter data. The use of this command is demonstrated in examples
10.2.2 and 10.2.1.

10.1.24 SWC (write transfer data file for switched-C filters)

Under certain conditions a switched-capacitor filter function is processed through this segment of
the program and then it has to be transferred to the ACTIVE ANALYSIS segment for further
processing. This command writes a file that can be read into the ACTIVE segment.

10.1.25 STO (store data temporarily)

See Section 6.1.34.
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10.1.26 TIME (time domain analysis)

The time-domain analysis command calculates the unit pulse and unit step responses of the filter.
If more than just the cascade form of the filter is present, we need to indicate which one to use.
We must also indicate whether the calculations are to be done with a specified word length and
whether truncation or rounding is to be used. The command needs the start and end time points
as well as a time increment. All time values must be integral multiples of the sampling time.
Other- wise the program will automatically round them to the nearest multiple. Calculated
responses can, as usual, be plotted. The number of time points is restricted to 501. However,
since the command can be repeated as often as we wish, this is not a true limitation.

Example: Time Domain Analysis of a Digital Filter

We will use the filter designed in example 9.2.1 to demonstrate the use of this command:

COMMAND :

> time

ENTER STARTING TIME, ENDING TIME AND TIME INCREMENT

> 0 5e-4 le-5

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5

> 1

WISH TO USE ROUNDING ALGORITHM: Y/N
> n

TABULATE: Y/N

>y

The first few lines of the printout shown below, display the form and format of the analysis
results:

digital example (bilinear with prewarping)
TIME RESPONSE OF CASCADE STRUCTURE

TIME IN SEC. PULSE RESP. STEP RESP.

0.0000000D+00 4.8811829D-02 4.8811829D-02
1.0000000D-05 7.8733972D-02 1.2754580D-01
2.0000000D-05 7.6821495D-02 2.0436730D-01
3.0000000D-05 -3.4183039D-02 1.7018426D-01
4.0000000D-05 -1.6366276D-01 6.5214924D-03
5.0000000D-05 -1.8392437D-01 -1.7740288D-01
6.0000000D-05 -3.9200561D-02 -2.1660344D-01
7.0000000D-05 1.6328499D-01 -5.3318442D-02
8.0000000D-05 2.3752839D-01 1.8420995D-01

We now request a plot of the step response:

WISH TO WRITE RESPONSE DATA ON FILE: Y/N

> n

PLOT - WIDE: W, NARROW: N, GRAPHICS: G OR END: e
> n

PLOT - NO: N, PULSE: P, STEP: S

> s

ENTER STARTING AND ENDING TIME OF PLOT

> 0 5e-4

This sequence produces the printer plot shown on the next page. As usual, we can zoom in and
plot any segment of the tabulated results. Since additional plots are available, we may magnify
any of the results as often as we wish. If a supported terminal is available, high resolution
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graphics plots may be obtained in the mainframe version. In the personal computer version, we
must first save the tabulated data and then use the separate GRAPH utility to display the results.

10.1.27 TRUN (truncate or round)

This command truncates or rounds the filter coefficients to a specified number of (fixed- or
floating-point) binary digits. The specified limit does not include sign and/or integer parts. Also
we must indicate whether we are rounding or truncating, and whether we are using fixed- or
floating-point numbers. Since this is a non reversible command, it is advisable to store the data
before invoking it, so that if we do not like the results, we can recall the original data. Because
this is a non printing command, the PRI command must be used to observe the effects. The use
of this command is demonstrated in examples 2.3.1 and 10.2.1.

10.1.28 UNDO (undo the previous command)

See Section 6.1.37 above.

10.2 IIR EXAMPLES
Example 10.2.1 Bessel Lowpass Filter

For our first example we will redesign the digital Bessel filter of example 2.3.1, using the
impulse invariant Z-transformation procedure. This redesign will permit us to demonstrate the
use of the commands: DEL, ADD, FLAT, LIM, TRUN, and PERM.

C:>digital
* % K K % S/FILSYN * kK ok x
RELEASE 3.2 VERSION 1 4/1/94
** DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> s

ENTER FILE NAME

> 231

ENTER SAMPLING TIME IN SEC OR SAMPLING FREQUENCY IN HZ

> 5ed

Z-TRANSFORM - IMPULSE-INVARIANT: 1, MATCHED: 2, BILINEAR: 3
> 1

INDICATE THE SPECTRAL TRANSFORMATION DESIRED
NO ACTION: 0, LP-TO-LP: 1, LP-TO-HP: 2, LP-TO-BP: 3, LP-TO-BE: 4
> 0
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0.0000E+00 +-———————— PR oo fmm e e +
I I I* I I I
I I I * I I I
I I I * I I I
I I * I I I I

5.0000E-05 +-—-—— S R e e 4
I * I I I I I
I I * I I I I
I I I * I I I
I I I * I I

1.0000E-04 +————————- R TR Ao R +
I I * I I I
I I x0T I I I
I I * T I I I
I I * T I I I

1.5000E-04 +-————————- PO S oo e __ +
I I * I I I I
I I x0T I I I
I I *T I I I
I I I * I I I

2.0000E-04 +-———————- U T oo e __ +
I I *T I I I
I I * T I I I
I I *T I I I
I I *T I I I

2.5000E-04 +————————- FU— T oo e __ +
I I * T I I I
I I * T I I I
I I *T I I I
I I * I I I

3.0000E-04 +————————- R A om____ e __ e N
I I *T I I I
I I * T I I I
I I *T I I I
I I *T I I I

3.5000E-04 +————————- PR *po oo e __ +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

4.0000E-04 +----—-—--- fommm Kpm e —— fmm fom +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

4.5000E-04 +---——-—---- fomm———= ¥ —— Fmm fom +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

5.0000E-04 +----—-———- fomm - Hpm - Fmm fom +

-3.0000E-01 1.0000E-01 5.0000E-01
-1.0000E-01 3.0000E-01 7.0000E-01
STEP VS. TIME
Declining the transformation, the results are:
k%% S/FILSYN *** FILTER PROGRAM
digital Bessel
LINEAR-PHASE LOW-PASS FILTER

DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000 kHz

MAXIMALLY-FLAT PASS BAND

REQUESTED DELAY = 300.000000 usec

NORMALIZATION FREQUENCY = 2.652582 kHz
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EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

.609472 kHz

N =

REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS
H(Z) IN FACTORED FORM. COEFFICIENTS OF Z**(-1) AND Z**(-2) PRINTED

***x* NUMERATOR **** MULTIPLIER = 1.2763195D-01
0.0000000D+00 0.0000000D+00
-1.9566369D+00 9.9919925D-01
-1.7586197D+00 9.0831462D-01
** %% DENOMINATOR ****
-7.8418062D-01 0.0000000D+00
-1.5887056D+00 6.3959026D-01
-1.6645567D+00 7.3347881D-01

H(z) IN PARTIAL FRACTION FORM

THE GENERAL FORM IS:
(A1 + A2 * 2**(=1)) /(1 + A3 * Z**(=1) + A4 * Z**(-2))

Al A2 A3 A4
-4.208570461D+00 3.234825298D+00 -1.588705585D+00 6.395902642D-01
4.201549128D-01 =-2.777848604D-01 -1.664556729D+00 7.334788078D-01
3.916047502D+00 0.000000000D+00 -7.841806170D-01 0.000000000D+00
CONSTANT TERM = 0.000000000D+00

Since we used the impulse-invariant Z-transform, the parallel form is automatically computed
and printed. Next we wish to replace the third numerator factor by the factor (1 - 1.96 z' +z?), to
demonstrate both the DEL and ADD commands:

COMMAND :

> del

IS THE FACTOR TO BE DELETED IN THE NUMERATOR: N, OR IN THE DENOMINATOR: D
> n

ENTER THE SERIAL NO. OF THE FACTOR TO BE DELETED

> 3

* % DONE * %

COMMAND:

> add

IS THE FACTOR TO BE ADDED TO THE NUMERATOR: N OR TO THE DENOMINATOR: D
> n

ENTER THE QUADRATIC COEFFICIENTS

> -1.96 1.

* % DONE * %

Both of these commands delete all/ but the cascade form, if any of the others are present. How-
ever, we can recreate them easily enough by using the appropriate (PAR, DIR or LAT)
command. The reason for this is simply that we wish to make certain that all representations
shown always implement the same overall transfer function.

These are both non printing commands. The results can be seen by invoking the PRI command.
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COMMAND :

> pri

WRITE TO FILE? (Y/N)

> n

*** S/FILSYN *** FILTER PROGRAM

digital Bessel
LINEAR-PHASE LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000
MAXIMALLY-FLAT PASS BAND
REQUESTED DELAY = 300.000000
NORMALIZATION FREQUENCY = 2.652582

EQUAL-MINIMA STOPBAND TYPE

UPPER STOPBAND EDGE FREQUENCY = 1.609472
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. = 1
NUMBER OF FINITE TRANSMISSION ZEROS = 2
OVERALL FILTER DEGREE = 5
TRANSMISSION ZEROS
REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03
**TIR** DIGITAL FILTER TRANSFER FUNCTION
7Z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS
FRONT-END MULTIPLIER = 1.27631953300D-01
DECIMAL: D OR HEXADECIMAL: X
> d
***% CASCADE FORM ***x*
NUMERATOR COEFFICIENTS
Z** (0) Z** (-1) Z** (=2)
1.000000000D+00 0.000000000D+00 0.000000000D+00
1.000000000D+00 -1.956636918D+00 9.991992512D-01
1.000000000D+00 -1.960000000D+00 1.000000000D+00

DENOMINATOR COEFFICIENTS

Z**( 0) Z%* (-1) 2% % (-2)
1.000000000D+00 -7.841806170D-01 0.000000000D+00
1.000000000D+00 -1.588705585D+00 6.395902642D-01

1.000000000D+00 -1.664556729D+00 7.334788078D-01

kHz

usec
kHz

kHz

The parallel form was deleted, as we explained above. Note that the PRI (print) command has
recently become a lot more powerful and took over several other functions. One is the capability
of writing the data into a disk file rather than the screen. The other is to display information in
either decimal or hexadecimal forms. We replaced the old octal display by the more useful hexa-

decimal one. Let us recreate the parallel implementation of this filter:

COMMAND :
> par

**IIR** DIGITAL FILTER TRANSFER FUNCTION
7z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS

**** PARALLEL (PARTIAL FRACTION) FORM ****
THE GENERAL FORM IS:

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1) + A4 * Z**(-2))

IIR digital analysis segment
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Al
-1.927660132D+00
-6.178778333D-02

2.117079868D+00
CONSTANT TERM =

.398
.216
.000
.000

A2 A3
890767D+00 -1.588705585D+00
886304D-01 -1.664556729D+00
000000D+00 -7.841806170D-01
000000D+00

10.13

A4
6.395902642D-01
7.334788078D-01
0.000000000D+00

When we run a frequency domain analysis we find that there is a loss at zero frequency. Note:

printer plotting will not work with fewer than five frequency points.

COMMAND:

> freqg
ENTER FREQ:
> 0 500 100

CASCADE: 1, PARALLEL:
> 1

TABULATE: Y/N

>y

digital Bessel

*xxxxx*x COMPUTED PERFORMANCE ****x*%%

FREQUENCY
IN HZ

.00000D+00
.00000D+02
.00000D+02
.00000D+02
.00000D+02
.00000D+02

g wdhE o

2, D

LO
IN

10.
10.
11.
11.
12.
13.

IRECT: 3, LATTICE:

4 OR ALLPASS: 5

CASCADE

Ss PHASE DELAY
DB IN DEGREES IN SECONDS
8398 360.0000 2.9129D-04
9233 10.4864 2.9129D-04
1754 20.9726 2.9127D-04
6010 31.4581 2.9125D-04
2087 41.9425 2.9122D-04
0115 52.4256 2.9117D-04

We can correct any flat loss problem by the use of the FLAT command. After using it, we can
repeat the frequency analysis to determine its effect.

COMMAND:
> flat

ENTER THE AMOUNT OF LOSS (

> -10.8398
** DONE **

COMMAND:

> freqg
ENTER FREQ:

> 0 2500 100
ENTER FREQ:
>

CASCADE: 1,
> 1
TABULATE:
>y
digital Bessel

Y/N

*xxxxxx COMPUTED PERFORMANCE *****x*xx*

FREQUENCY
IN HZ

.00000D+00
.00000D+02
.00000D+02
.00000D+02
.00000D+02
.00000D+02

aadbd wdhE o

S/FILSYN Manual

PARALLEL:

2, D

LO
IN

IN DB) TO BE ADDED

IRECT: 3, LATTICE:

4 OR ALLPASS: 5

CASCADE

Ss PHASE DELAY

DB IN DEGREES IN SECONDS
.0000 360.0000 2.9129D-04
.0835 10.4864 2.9129D-04
.3356 20.9726 2.9127D-04
.7612 31.4581 2.9125D-04
.3689 41.9425 2.9122D-04
L1717 52.4256 2.9117D-04

IIR digital analysis segment
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The LIM command gives us the promised set of data and shows that only the second
denominator factor will have a non zero frequency limit cycle:

COMMAND :
> lim
digital Bessel
FFx*xx TLIMIT-CYCLE INFORMATION ***x*

SECT. FREQ. AMPLITUDE OUTPUT
(HZ) BOUND RMS
1 0.000D+00 4 4 4
2 0.000D+00 24 19 0
3 1.894D+03 7 15 0

THIS DATA APPLIES TO THE CANONICAL IMPLEMENTATIONS AVAILABLE THROUGH
THE "DES" COMMAND. OTHER IMPLEMENTATIONS ALSO EXIST WITH DIFFERENT
LIMIT CYCLE DATA, SOME WITH NO LIMIT CYCLES AT ALL

The above comment has been added to the printout to remind users that there are many forms of
hardware implementations of digital biquadratic blocks, with very different properties. It is there-
fore up to the users to interpret and use the program output as they see fit.

Next we will round the coefficients to 12 floating point bits and use the PERM command to re-
arrange the numerator factors. Because both of these are non printing commands, we use the PRI
command to observe the results:

COMMAND :

> trun

DO YOU WANT TRUNCATION: 1 OR ROUNDING: 2
> 1

ENTER NO. OF SIGNIFICANT BITS

> 12

FIXED-POINT: -1 OR FLOATING-POINT: 1

> 1

* % DONE * %

COMMAND :

> perm

NUMERATOR: N OR DENOMINATOR: D

> n

ENTER PERMUTED SEQUENCE OF 3 SERIAL NUMBERS
> 31 2

* % DONE * %

COMMAND:

> pri

WRITE TO FILE? (Y/N)

> n

*** S/FILSYN *** FILTER PROGRAM

digital Bessel
LINEAR-PHASE LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000 kHz
MAXIMALLY-FLAT PASS BAND
REQUESTED DELAY = 300.000000 usec
NORMALIZATION FREQUENCY = 2.652582 kHz

EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

.609472 kHz

N -

REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03

IIR digital analysis segment S/FILSYN Manual



**IIR** DIGITAL FILTER TRANSFER FUNCTION
72 TRANSFORM USED IMPULSE-INVARIANT
FILTER TYPE

FRONT-END MULTIPLIER =

DECIMAL: D OR HEXADECIMAL: X

> X

**** CASCADE FORM ***x*
NUMERATOR COEFFICIENTS HEXADECIMAL

Z*x* (0)
1.0000000000000

Z%* (-1)
-1.F5C0000000000
1.0000000000000 0.0000000000000
1.0000000000000 -1.F4E0000000000

DENOMINATOR COEFFICIENTS HEXADECIMAL

Z**( O)
1.0000000000000
1.0000000000000
1.0000000000000

Z** (-1)
-0.C8C0000000000
-1.96B0000000000
-1.AA20000000000

***x*x PARALLEL
THE GENERAL FORM IS:

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1)

A2
4.DF40000000000
0.6C80000000000
0.0000000000000

0.0000000000000

Al
-6.B6C0000000000
-0.3718000000000

7.5FC0000000000
CONSTANT TERM =

LINEAR PHASE LOWPASS
4.44580078125D-01

(PARTIAL FRACTION)

-1.96B0000000000
-1.AA20000000000
-0.C8C0000000000

10.15

Z%* (-2)
1.0000000000000
0.0000000000000
0.FFC8000000000

Z%* (-2)
0.0000000000000
0.A3B8000000000
0.BBC0000000000

FORM ***x*x  HEXADECIMAL

+ A4 * 7R (-2))

A3 A4
0.A3B8000000000
0.BBC0000000000
0.0000000000000

Since parallel form is also present, those coefficients have been truncated and printed here as

well, as would any other existing form.

Example 10.2.2 Elliptic Lowpass Filter

For this example, we will consider an elliptic lowpass filter design. This will help us to demon-
strate the following commands: ORD, PERM, SCAL, TRUN and FREQ. The input data is

entered in the customary and familiar format:

C:>sfilsyn
* Kk Kk k Kk S/FILSYN * %k % Kk %
RELEASE 3.2 VERSION 1 4/1/94

** ROOT SEGMENT **
(C) 1983 - 1995 Dr.

All Rights Reserved.
FROM FILE: Y/N

Copyright

READ DATA
> n
SMAIN:
> s
ENTER TITLE

> elliptic digital lowpass

S, PLACER: P OR END: E

FILTER KIND - LUMPED: 0, DIGITAL:
> 1
ENTER SAMPLING FREQUENCY IN HZ
>  10e3
FILTER TYPE - LOWPASS: 1, HIGHPASS:
> 1
UPPER EDGE OF THE PASSBAND IN HZ
> 1000
PASSBAND - MAX.-FLAT: 0, EQUAL-RIPPLE: 1,
> 1
S/FILSYN Manual
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1 OR MICROWAVE: 2

2 OR BANDPASS: 4

FUNCTIONAL INPUT: 2
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WHAT IS THE BAND EDGE LOSS IN DB

> .1

STOPBAND - MONOTONIC: 0, EQUAL-MINIMA: 1 OR SPECIFIED: 2
> 1

WISH TO SPECIFY MINIMUM REQUIRED STOPBAND LOSS: Y/N
> n

ENTER OVERALL FILTER DEGREE

> 8

ENTER EDGE FREQUENCY OF UPPER STOPBAND IN HZ

> 1100

ENTER ZS (-1,0 OR 1). FOR DEFAULT, ENTER: O

> -1

The ZS parameter and its use are explained in detail in Appendix D. Under normal circumstances
ZS = -1 yields the optimum design for digital filters.

In the single-executable version the usual summary of the analog filter data, (not shown) is
imme- diately followed by the digital filter data. For the multi-executable version we must still
write the transfer data file, exit the root segment of the program, enter the DIGITAL segment,
select the synthesis (S) option and specify the name of the file that contains the transfer data.
Leaving all that out, the resulting filter data is as follows:

**% S/FILSYN *** FILTER PROGRAM

elliptic digital lowpass
LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 10.000000 kHz
EQUAL-RIPPLE PASS BAND

BANDEDGE LOSS = .100000 DB.

UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
EQUAL-MINIMA STOPBAND TYPE

UPPER STOPBAND EDGE FREQUENCY = .100000 kHz

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

@ > O

REAL PART IMAGINARY PART
0.0000000D+00 1.1079372D+03
0.0000000D+00 1.1893820D+03
0.0000000D+00 1.4982016D+03
0.0000000D+00 2.8985012D+03

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP
FILTER TYPE :  LOWPASS

H(Z) IN FACTORED FORM. COEFFICIENTS OF Z** (-1) AND Z** (-2) PRINTED

***x NUMERATOR **** MULTIPLIER = 6.1917951D-03
4.9555529D-01 1.0000000D+00
-1.1773981D+00 1.0000000D+00
-1.4670386D+00 1.0000000D+00
-1.5346496D+00 1.0000000D+00

***x DENOMINATOR ****
-1.4472010D+00 5.5078067D-01
-1.5040394D+00 7.3820256D-01
-1.5534218D+00 8.9342349D-01
-1.5864675D+00 9.7316817D-01
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We will first demonstrate the pairing and ordering (ORD) command. This command needs no

additional data:

COMMAND :
>  ord

elliptic digital lowpass
BEST ASSIGNMENT FOUND IN

1 4 2 1
2 4 1

NOISE GAIN =
2 2 1 4
2 1 4

NOISE GAIN =
3 2 3 4
1 3 4

NOISE GAIN =
4 4 1 2
2 4 1

NOISE GAIN =
5 4 2 1
2 4 1

NOISE GAIN =

3
3

44.

49.

41.

45.

44 .

5 RANDOM STARTS

DB

DB

DB

DB

DB

l6.

16.

l6.

16.

16.

51

91

16

62

51

The ORD command prints 15 sub optimal results, containing the permutation sequence for the
numerator factors, followed by the same for the denominator factors and finally the noise gain
achieved. The best result found had the lowest, 16.05 dB noise gain, with numerator sequence of

1 4 3 2 and denominator sequence of 1 3 4 2. Hence we will rearrange the numerator and
denom- inator factors into the indicated sequences using the PERM command. Note that

subsequent use of the ORD command will usually yield different results, since the starting points
are generated by a random number generator.

COMMAND :
> perm

NUMERATOR: N OR DENOMINATOR: D

> n

ENTER PERMUTED SEQUENCE OF

> 14 32
** DONE **

COMMAND :
> perm

4 SERIAL NUMBERS

NUMERATOR: N OR DENOMINATOR: D

> d

ENTER PERMUTED SEQUENCE OF

> 1 342
** DONE **

We could have checked the correctness of this rearrangement by asking for a print, but we

4 SERIAL NUMBERS

elected to wait until later. Instead, we next ask for an Lo scaling. First we invoked the scaling
command with the Loo algorithm, considering the individual 2nd order sections separately (the

negative sign of the Loo scaling indicator 2):

S/FILSYN Manual
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COMMAND :

> scal

L2: 1 OR LOO:
> =2

DO DENOMINATORS COME FIRST:
> 2

NEW MULTIPLIER =

2 SCALING

SCALE FACTORS
2.8348616D-02
2.1241026D-01
3.7513283D-01
2.6463632D+01

DO YOU WISH TO MODIFY THESE:

> n

2 OR NOT: 1

1.0357972D-01

Y/N

NOISE GAIN

43.32 DB

The resulting noise gain is quite a bit higher than the optimum indicated during the execution of
the pairing and ordering procedure, but this is due to the different scaling policy than the one
used there. If we wish to implement the scale factors not as separate multipliers, but rather to
include them into the numerators of the second order sections, the PRI command will now do
this auto- matically. The coefficients are available in either decimal or hexadecimal formats, as

we have seen above already.

As most references indicate, IIR filters should not be implemented in the so-called “direct form”
for various reasons. But if we desire to do so, the DIR command calculates the polynomial forms
of the numerator and denominator of the transfer function in terms of the z-variable, which is the
form needed for the “direct” implementation:

COMMAND :
> dir

***x DIRECT FORM ****

COEFFICIENTS OF ASCENDING POWERS OF Z** (-1)

NUMERATOR
6.191795119D-03
-2.280766923D-02
4.776724627D-02
-6.708379441D-02
.501730270D-02
-6.708379441D-02
4.776724627D-02
-2.280766923D-02
6.191795119D-03

O JoyUurdbd WN B O
~

DENOMINATOR

.000000000D+00
.091129648D+00
.706324333D+01
.848950169D+01
.088590195D+01
.220866903D+01
.032989179D+01
.840055963D+00
.535082116D-01

Next we invoke the scaling command again, this time using the L, scaling policy:

COMMAND :

> scal

L2: 1 OR LOO:
> 1

2 SCALING

NEW MULTIPLIER =

SCALE FACTORS
9.0635819D-02
5.3582595D-01
6.1703198D-01
6.8893687D-01

DO YOU WISH TO MODIFY THESE?

>y
ENTER NEW SCALE FACTORS
> .125 .5 .5 .5

IIR digital analysis segment

2.9992030D-01

NOISE GAIN

(Y/N)

16.05 DB
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NEW MULTIPLIER =

SCALE FACTORS
1.2500000D-01
5.0000000D-01
5.0000000D-01
5.0000000D-01

3.9627489D-01

NOISE GAIN =

12.55 DB

10.19

With the unmodified scale factors, the noise gain is exactly the optimal value of 16.05 dB. We

modified these factors so as to make them all a power of 2 with integer exponents in order to

simplify their implementation. Next we recompute the parallel and lattice forms, to make certain

they all are correct:

COMMAND :
> par

**IIR** DIGITAL FILTER TRANSFER FUNCTION

72 TRANSFORM USED
FILTER TYPE

**** PARALLEL

THE GENERAL FORM IS:

(AL + A2 * Z**(=1))/(1 + A3 * z**(-1)

Al
1.405449560D-01
-2.640425645D-01
1.324029549D-01
-2.022883077D-02
CONSTANT TERM =

COMMAND :
> lat

****x GRAY-MARKEL LATTICE ****

MULTIPLIER

-8.167108777D-01 -
9.962461889D-01
-8.895725524D-01
9.587306321D-01
-9.274744239D-01
9.081211504D-01
-7.848760487D-01
3.535082116D-01
0.000000000D+00

BILINEAR WITH PREWARP

LOWPASS

A2
.164850104D-02
.487404695D-02
.008864419D-01
.941960683D-02
.751527946D-02

(PARTIAL FRACTION)

-1
-1

FORM * Kk kK

+ A4 * ZF*(=2))

A3

.447200958D+00
.504039355D+00
-1.
-1.

553421833D+00
586467502D+00

TAP-WEIGHT

AR NNDNOONRE O

.312208861D-05
.428907355D-04
.113565855D-03
.948203542D-03
.029980751D-02
.764574721D-02
.878158991D-02
.490735759D-02
.191795119D-03

Next we round these coefficients to 16 bits in fixed point format:

COMMAND :
> trun

DO YOU WANT TRUNCATION:

> 2

ENTER NO. OF SIGNIFICANT BITS

> 16
FIXED-POINT:
> -1

* % DONE * %

-1 OR FLOATING-POINT: 1

followed by an hexadecimal printout:

COMMAND :

> pri

WRITE TO FILE?
> n

S/FILSYN Manual

(Y/N)

1 OR ROUNDING:

2

O 0 J Ul

A4

.507806729D-01
.382025620D-01
.934234946D-01
.731681727D-01
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*** S/FILSYN *** FILTER PROGRAM
elliptic digital lowpass
LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 10.000000 kHz
EQUAL-RIPPLE PASS BAND
BANDEDGE LOSS = .100000 DB.

UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS
REAL PART
.0000000D+00
.0000000D+00
.0000000D+00
.0000000D+00

.100000 kHz

@0 > O

IMAGINARY PART
1.1079372D+03
1.1893820D+03
1.4982016D+03
2.8985012D+03

O O O O

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED BILINEAR WITH PREWARP
FILTER TYPE LOWPASS
FRONT-END MULTIPLIER =
DECIMAL: D OR HEXADECIMAL: X
> X

3.96274566650D-01

***xx CASCADE FORM ****
NUMERATOR COEFFICIENTS HEXADECIMAL

Z**( O)
.2000000000000
.8000000000000
.8000000000000
.8000000000000

O O O O

Z** (-1)
0.0FDC000000000
-0.C46F000000000
-0.BBC8000000000
-0.96B5000000000

Z%* (-2)
2000000000000
8000000000000
.8000000000000
8000000000000

O O O O

DENOMINATOR COEFFICIENTS HEXADECIMAL

Z** (0)
.0000000000000
.0000000000000
.0000000000000
.0000000000000

Z** (-1)
-1.727C000000000
-1.8DAD000000000
-1.9623000000000
-1.8109000000000

2% * (-2)
.8D00000000000
.E4B7000000000
.F922000000000
.BCFB000000000

e e
co oo

***x*x PARALLEL
THE GENERAL FORM IS:

(PARTIAL FRACTION) FORM ***x* HEXADECIMAL

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1) + A4 * Z**(-2))

Al A2 A3 A4

0.23FB00000000O
-0.4398000000000

0.21E5000000000
-0.052E000000000
CONSTANT TERM =

0.081A000000000
0.132B00000000O
-0.19D4000000000
0.0788000000000
0.047C000000000

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

727C000000000
8109000000000
8DAD0O00000000
9623000000000

***xx GRAY-MARKEL LATTICE ***x*

MULTIPLIER

-0.
0.
-0.
0.
-0.
0.
-0.
0.
0.

D114000000000
FFOA000000000
E3BB000000000
F56F000000000
ED6F000000000
E87B000000000
C8EE000000000
5A80000000000
0000000000000

IIR digital analysis segment

[eloNoloNoNoNeoNeNe]

TAP-WEIGHT
.0004000000000
.0009000000000
.008B00000000O
.01C7000000000
.0532000000000
.0714000000000
.075E000000000
.03D1000000000
.0196000000000

0.8D00000000000
0.BCFB0O00000000
0.E4B7000000000
0.F922000000000

(HEXADECIMAL)
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All coefficients of all forms have been properly rounded. Finally, we perform a frequency
analysis to determine the effects of coefficient rounding:

COMMAND :

> freqg

ENTER FREQ:

> 0 2k 50

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5

> 1

TABULATE? (Y/N)

>y

elliptic digital lowpass

*xKxxxxx COMPUTED PERFORMANCE *****xx CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS

0.00000D+00 .0993 .0000 5.8379D-04
5.00000D+01 .0925 10.5242 5.8644D-04
1.00000D+02 .0738 21.1424 5.9415D-04
1.50000D+02 .0480 31.9398 6.0620D-04
2.00000D+02 .0222 42.9851 6.2150D-04
2.50000D+02 .0040 54.3261 6.3885D-04
3.00000D+02 -.0002 65.9899 6.5725D-04
3.50000D+02 .0120 77.9917 6.7646D-04
4.00000D+02 .0380 90.3531 6.9751D-04
4.50000D+02 .0692 103.1282 7.2298D-04
5.00000D+02 .0935 116.4321 7.5709D-04
5.50000D+02 .0981 130.4677 8.0526D-04
6.00000D+02 .0769 145.5405 8.7323D-04
6.50000D+02 .0368 162.0497 9.6534D-04
7.00000D+02 .0030 180.4419 1.0822D-03
7.50000D+02 .0098 201.1421 1.2217D-03
8.00000D+02 .0641 224.6133 1.3948D-03
8.50000D+02 .0984 251.9271 1.6672D-03
9.00000D+02 .0264 286.2114 2.2041D-03
9.50000D+02 .0522 333.8533 3.1741D-03
1.00000D+03 .0981 55.5615 7.4651D-03
1.05000D+03 17.5867 178.2661 3.3171D-03
1.10000D+03 50.3224 215.8059 1.3899D-03
1.15000D+03 51.7742 55.4892 8.7431D-04
1.20000D+03 63.8186 248.8305 6.3273D-04
1.25000D+03 51.7024 258.8568 4.9229D-04
1.30000D+03 50.3555 266.8403 4.0061D-04
1.35000D+03 51.6991 273.4401 3.3616D-04
1.40000D+03 54.9896 279.0418 2.8847D-04
1.45000D+03 61.3566 283.8906 2.5180D-04

This cascade form seems fine, the truncation has not caused noticeable changes. Let us see the

lattice form next:

COMMAND :

> freqg

ENTER FREQ:

> / ! Same frequencies

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5
> 4
TABULATE? (Y/N)
>y
elliptic digital lowpass
FHxFxxxxx COMPUTED PERFORMANCE ******xx% LATTICE
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FREQUENCY LOSS
IN HZ IN DB
0.000000E+00 .0912
5.000000E+01 .0845
1.000000E+02 .0660
1.500000E+02 .0407
2.000000E+02 .0154
2.500000E+02 -.0020
3.000000E+02 -.0052
3.500000E+02 .0084
4.000000E+02 .0361
4.500000E+02 .0697
5.000000E+02 .0969
5.500000E+02 .1054
6.000000E+02 .0894
6.500000E+02 .0562
7.000000E+02 .0320
7.500000E+02 .0521
8.000000E+02 .1257
8.500000E+02 .1895
9.000000E+02 .1658
9.500000E+02 .2816
1.000000E+03 .5365
1.050000E+03 18.6832
1.100000E+03 47.2443
1.150000E+03 47.1328
1.200000E+03 58.3125
1.250000E+03 51.6719
1.300000E+03 50.1644
1.350000E+03 51.3772
1.400000E+03 54.4852
1.450000E+03 60.3520

PHASE DELAY
IN DEGREES IN SECONDS
.0000 5.8321E-04
10.5137 5.8586E-04
21.1213 5.9356E-04
31.9080 6.0560E-04
42.9426 6.2090E-04
54.2726 6.3823E-04
65.9251 6.5662E-04
77.9154 6.7581E-04
90.2650 6.9684E-04
103.0277 7.2229E-04
116.3189 7.5638E-04
130.3416 8.0453E-04
145.4012 8.7252E-04
161.8979 9.6468E-04
180.2795 1.0817E-03
200.9737 1.2216E-03
224.4508 1.3957E-03
251.7991 1.6705E-03
286.1904 2.2137E-03
334.1429 3.2024E-03
56.8094 7.5564E-03
183.7352 3.8642E-03
318.5732 1.5824E-02
26.8113 3.2207E-04
327.9476 -8.3275E-03
274.9508 -3.4496E-04
275.3284 1.9935E-04
279.7807 2.7557E-04
285.0305 3.1130E-04
291.7095 4.9277E-04

This is a bit worse, especially at the edge of the passband, but overall not too bad. The direct
form was not computed, but it would be similar. In a narrow band case it would be much worse.

Example 10.2.3 Digital Bandpass Filter -- EQU Command

To illustrate the EQU (delay equalization) command, let us consider the digital bandpass
example 9.2.1. For convenience, the filter data is repeated here:

digital example (bilinear with prewarping)

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP
FILTER TYPE : BANDPASS

H(Z) IN FACTORED FORM. COEFFICIENTS OF Z** (-1)

**xxx NUMERATOR **** MULTIPLIER

6.1803399D-01
-1.9021130D+00
0.0000000D+00

** %% DENOMINATOR ****
-8.5077241D-01
-1.4842335D+00
-5.6208324D-01

1.
1.
1.

= 4.8811829D-02
0000000D+00
0000000D+00
0000000D+00

.4295364D-01
.2148122D-01
.8398655D-01

AND Z** (-2)

PRINTED

A frequency analysis from 10 kHz to 20 kHz is performed to see the delay distortion:

COMMAND:
> freqg

IIR digital analysis segment
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ENTER FREQ:
> 10k 20k .5k

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3 OR LATTICE: 4

> 1

TABULATE: Y/N

>y

digital example (bilinear with prewarping)

*xKxxxxx COMPUTED PERFORMANCE *****xx CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS
1.00000D+04 .5000 303.5218 1.1389D-04
1.05000D+04 .0294 322.7998 9.8654D-05
1.10000D+04 .0481 338.8477 7.9992D-05
1.15000D+04 L2270 351.8636 6.5541D-05
1.20000D+04 .3940 2.7619 5.6357D-05
1.25000D+04 .4861 12.4031 5.1360D-05
1.30000D+04 .4929 21.4324 4.9390D-05
1.35000D+04 .4270 30.3132 4.9589D-05
1.40000D+04 .3126 39.3753 5.1306D-05
1.45000D+04 .1810 48.8397 5.3960D-05
1.50000D+04 .0673 58.8203 5.6937D-05
1.55000D+04 .0049 69.3182 5.9605D-05
1.60000D+04 .0170 80.2290 6.1466D-05
1.65000D+04 .1068 91.3891 6.2400D-05
1.70000D+04 .2517 102.6641 6.2873D-05
1.75000D+04 .4034 114.0622 6.4016D-05
1.80000D+04 .4951 125.8627 6.7747D-05
1.85000D+04 .4544 138.7952 7.7297D-05
1.90000D+04 .2421 154.3758 9.8398D-05
1.95000D+04 .0042 175.3719 1.3824D-04
2.00000D+04 .5000 204.5282 1.8167D-04
Next we invoke the EQU command:

COMMAND:

>  equ

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)

> 20

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY

> 1

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND

> led 2e4

If so desired, the number of iterations used for the optimization process may also be specified by
the user. A carriage return indicates that the default value of 50 is acceptable. The number of
iterations has another use, which is explained in Application Note 7 through a detailed example.
Since the analysis might cover a wider frequency band, the range of the approximation band must
be specified. This is particularly important in this case because of our use of the previously
calcu- lated delay values for the equalization process. Note also that the IR DIGITAL
ANALYSIS seg- ment is the only analysis segment (apart from the root segment), that calculates
delay by the exact differentiation method for the cascade implementation, among others. The
program output is as follows:
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digital example

*** S/FILSYN

LEAST SQUARE ERROR APPROXIMATION -

* Kk Kk

DELAY EQUALIZER PROGRAM

EQUALIZATION FREQUENCY RANGE OF
1.000000D+04 HERTZ
6.283185D+04 RAD/SEC

EQUALIZER SECTION POLES - INITIAL VALUES

-5.000000D+03 +J
-5.000000D+03 +J
SYSTEM NORMALIZED FOR OPTIMIZATION BY SCALE FACTOR

HERTZ

(bilinear with prewarping)

21 POINTS
TO 2.000000D+04 HERTZ
TO 1.256637D+05 RAD/SEC

1.250000D+04
1.750000D+04

ITER NO. RMS ERROR

Lo JdaUd WN PO
HFRRRERRPR RN W

TABULATE RESULTS:

>y

.252950D+00
.797020D+00
.225262D+00
.694998D+00
.606833D+00
.238077D+00
.226882D+00
.226663D+00
.226659D+00
.226659D+00

Y/N

50 ITERATIONS MAXIMUM

1.000D+05

This least-squares iterative optimization procedure converged uneventfully, and the subsequent
tabulation, which we elected to have printed, shows the results indicating a much more constant
delay than was originally obtained:

FREQUENCY
HERTZ

5
X 10

.100000
.105000
.110000
.115000
.120000
.125000
.130000
.135000
.140000
.145000
.150000
.155000
.160000
.165000
.170000
.175000
.180000
.185000
.190000
.195000
.200000

WISH TO SEE DEVIATION PLOT:

> n

ORIG. NET.
SEC

[

[

bed

O WWOW-JooooULUrOr Ul U100y O

-5
10

.389018
.865399
.999234
.554104
.635680
.135956
.939024
.958861
.130612
.395992
.693694
.960510
.146588
.240045
.287317
.401584
. 774689
.729679
.839848
.824433
.166909

IIR digital analysis segment

EQUALIZER
SEC

X

8.
10.
.056087
13.
15.
15.
15.
15.
.666913
14.
14.

12

14

14

14

Y/N

-5
10

640393
252559

842483
259222
963628
886210
311916

274873
270082

.604527
15.
15.
.987823
14.
12.
10.

9.

7.

6.

062502
300804

006965
526167
849780
231780
805691
608903

TOTAL
SE

X

20.
20.
20.
20.
20.
21
20.
20.
19.
19.
19.
20.
21.
21.
21
20.
19.
18.
19.
21.
24

C
-5
10

029411
117958
055321
396587
894901

.099583

825234
270777
797525
670866
963776
565038
209090
540849

.275140

408549
300856
579459
071628
630124

.775812

DEVIATION
SEC

X

-1

-5
10

.517184
.428637
.491273
.150007
.348307
.552989
.278640
.275817
.749070
.875729
.582819
.018443
.662495
.994254
.728546
.138046
-1.
.967135
-1.
.083530
.229218

245738

474966
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After declining the plot offer, we are provided with the equalizer data both in terms of natural
modes as well as in numerator and denominator coefficients:
EQUALIZER SECTION POLES - FINAL VALUES
NORMALIZED
-1.290301D-01 + J 5.596161D-01
-1.561651D-01 + J 8.002718D-01

DIGITAL EQUALIZER COEFFICIENTS

NUMERATOR DENOMINATOR
-1.674222D+00 1.380074D+00 -1.213140D+00 7.245991D-01
-1.154903D+00 1.403769D+00 -8.227160D-01 7.123680D-01
INCORPORATE: 1, MODIFY: 2, OPTIMIZE: 3 OR END: 4

> 4
At this stage we are offered the usual four options:

* to abort the design completely (4)

* to perform more iterations (3)

* to modify the number of equalizer sections if the delay is not satisfactory, or if it is much
better than required (2)

* to incorporate the equalizer sections into our filter, if the equalization is acceptable (1).

Because we wish to invoke the EQU command again, we aborted the previous design. This time
we will use the natural modes for equalization:

COMMAND :

>  equ

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)

> 20

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY
> 2

WISH TO READ FREQUENCIES FROM FILE: Y/N

> n

ENTER FREQ:

> led 2e4 500

ENTER FREQ:

>

** WARNING! ANALYSIS RESULTS ARE DELETED **

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND
> led 2e4

The above warning informs us that, since we specified natural modes for the optimization, the
program recalculated the delay from these natural modes, and the previous analysis results are
overwritten. If we had no analysis results already available, the choice between them and the
natu- ral modes would not have been offered. At this time however, we have to specify the
frequencies at which the delay is to be evaluated. The maximum number of frequencies is limited
to the usual 501 points. Another alternative could have been to read in a file containing the
frequencies. This procedure is useful if a large set of unrelated frequencies is to be used, in which
case entering them from the keyboard is both tedious and prone to error.
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Since this filter is the same as the one evaluated previously, the printout is also identical. There-
fore, shown below is only the last portion of the printout which confirms that the results do
agree:
EQUALIZER SECTION POLES - FINAL VALUES
NORMALIZED
-1.290301D-01 + J 5.596161D-01
-1.561651D-01 + J 8.002718D-01

DIGITAL EQUALIZER COEFFICIENTS

NUMERATOR DENOMINATOR
-1.674222D+00 1.380074D+00 -1.213140D+00 7.245991D-01
-1.154903D+00 1.403769D+00 -8.227160D-01 7.123680D-01

INCORPORATE: 1, MODIFY: 2, OPTIMIZE: 3 OR END: 4
> 1

This time we elect to incorporate these sections into our bandpass. The results of the
modification are automatically printed:

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE : BANDPASS
FRONT-END MULTIPLIER = 2.51957452154D-02
DECIMAL: D OR HEXADECIMAL: X
> d
NUMERATOR COEFFICIENTS
Z**( O) Z**(—l) Z**(—Z)
1.000000000D+00 6.180339887D-01 1.000000000D+00
1.000000000D+00 -1.902113033D+00 1.000000000D+00
1.000000000D+00 0.000000000D+00 1.000000000D+00
1.000000000D+00 -1.674222467D+00 1.380073594D+00
1.000000000D+00 -1.154903200D+00 1.403768933D+00

DENOMINATOR COEFFICIENTS

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -8.507724080D-01 6.429536428D-01
1.000000000D+00 -1.484233475D+00 8.214812210D-01
1.000000000D+00 -5.620832359D-01 8.839865495D-01
1.000000000D+00 -1.213139991D+00 7.245990391D-01
1.000000000D+00 -8.227160272D-01 7.123679519D-01

A subsequent frequency domain analysis (not shown) confirms that the loss of this filter is
exactly as it was before, while its delay is the one indicated by the delay equalizer subprogram
above.

Example 10.2.4 Stand-Alone Use of the Equalizer Segment

To demonstrate the use of this segment as a stand-alone program, we will use the same bandpass
filter as in example 10.2.2, but will use the natural modes to specify the filter delay. However, we
will leave the program and reenter it from the beginning using the following conversational data
input sequence:

C:>digital
* ok kK Kk S/FILSYN * Kk kK Kk
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RELEASE 3.2 VERSION 1 4/1/84
*x* DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> a
READ DATA FROM FILE? ENTER FILE NAME OR: N
> n

ENTER TITLE
> digital equalizer
DELAY EQUALIZER DESIGN: Y/N

>

ENTER SAMPLING FREQUENCY

> 1le5

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)
> 20

WISH TO READ FREQUENCIES FROM FILE: Y/N

> n

ENTER FREQ:

> 1led 2e5 500

ENTER FREQ:

>

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND
> led 2e4

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY
> 2

VALUES ARE TO BE IN NORMALIZED, TRANSFORMED UNITS

ENTER OVERALL DEGREE

> 6

ENTER 6 (COMPLEX) ROOTS, ONE REAL-IMAGINARY PAIR PER LINE.
COMPLEX CONJUGATE PAIRS NEED TO BE ENTERED ONLY ONCE

> -7.432886e-2 4.332943e-1

> -1.970674e-1 7.50311le-1

> -6.527975e-2 1.009715

We see that, immediately after starting the sequence, we are queried about using the delay equal-
izer sub-segment. Also, the entry point is reached by calling the DIGITAL program and selecting
the analysis (A) option. Users of earlier versions of S/FILSYN please note also, that we have
changed the format of entering complex numbers. These are now more uniform and simpler.

The single-executable version is slightly different. The session begins as follows (the “vax2 $” is
the system prompt):

vax2 $ run sfilsyn
* Kk Kk k Kk S/FILSYN * %k % Kk %
RELEASE 3.2 VERSION 1 4/1/94

Copyright (C) 1983 - 1995 Dr. George Szentirmai.
All Rights Reserved.

READ DATA FROM FILE: Y/N

> n

PLACER: P, SMAIN: S, LADDER: L, DIGITAL: D, ACTIVE: A OR END: E
> d

DIGITAL - FIR: F OR IIR: I

> i

READ DATA FROM FILE? ENTER FILE NAME OR: N

> n

ENTER TITLE. IF END, ENTER: END
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> digital equalizer
DELAY EQUALIZER DESIGN:

>y

Y/N

Here the same point is reached by calling the main (SFILSYN) program and selecting the

DIGITAL (D) option, followed by the IIR (I) option.

Tabulated delay may be entered either from the keyboard or read in from a previously prepared
disk file. The disk file can contain the requisite number of delay data points in completely free
format. Frequencies and natural modes may also be read in from a disk file. All the data read
from files must be in the same file and in the proper sequence. See Section 13 for further details.
Since the data set describes the same filter as before, the program output is also identical and
therefore is not shown. At the end, although we have no filter into which to incorporate it, we are
offered the option of doing so. Consequently, we can obtain the newly designed delay equalizer

as a circuit by itself.

INCORPORATE: MODIFY: OPTIMIZE: 3 OR END:

> 1

1, 2,

digital equalizer

**TIR** DIGITAL FILTER TRANSFER FUNCTION
7Z TRANSFORM USED UNKNOWN
FILTER TYPE DELAY EQUALIZER
SAMPLING FREQUENCY
FRONT-END MULTIPLIER =
DECIMAL: D OR HEXADECIMAL: X
> d
***% CASCADE FORM ***x*
NUMERATOR COEFFICIENTS

= 100.000000 kHz

5.16180806182D-01

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -1.674222466D+00 1.380073983D+00
1.000000000D+00 -1.154902558D+00 1.403769427D+00

DENOMINATOR COEFFICIENTS

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -1.213139647D+00 7.245988346D-01
1.000000000D+00 -8.227152808D-01 7.123677014D-01

This can now be treated as any other digital filter and may, for instance, be analyzed in the fre-

quency domain to show its performance:

COMMAND :

> freg

ENTER FREQ:

> led 2e4 500
ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE:
> 1

TABULATE? (Y/N)

>y

digital equalizer
FHxFxxxxx COMPUTED PERFORMANCE *****xx%

FREQUENCY LOSS PHASE

IN HZ IN DB IN DEGREES
1.00000D+04 .0000 116.7246
1.05000D+04 .0000 133.6912

IIR digital analysis segment

4 OR ALLPASS: 5

CASCADE
DELAY
IN SECONDS
8.6404D-05
1.0253D-04
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1.10000D+04 .0000 153.7514 1.2056D-04
1.15000D+04 .0000 177.0861 1.3842D-04
1.20000D+04 .0000 203.3627 1.5259D-04
1.25000D+04 .0000 231.5859 1.5964D-04
1.30000D+04 .0000 260.3546 1.5886D-04
1.35000D+04 .0000 288.4753 1.5312D-04
1.40000D+04 .0000 315.4376 1.4667D-04
1.45000D+04 .0000 341.4319 1.4275D-04
1.50000D+04 .0000 7.0631 1.4270D-04
1.55000D+04 .0000 33.0111 1.4605D-04
1.60000D+04 .0000 59.7162 1.5062D-04
1.65000D+04 .0000 87.1042 1.5301D-04
1.70000D+04 .0000 114.4636 1.4988D-04
1.75000D+04 .0000 140.6533 1.4007D-04
1.80000D+04 .0000 164.5860 1.2526D-04
1.85000D+04 .0000 185.6315 1.0850D-04
1.90000D+04 .0000 203.6829 9.2318D-05
1.95000D+04 .0000 218.9831 7.8057D-05
2.00000D+04 .0000 231.9220 6.6089D-05

Example 10.2.5 Stand-Alone Use of Analysis Segment

Following the same procedure described with regard to the delay equalizer segment in example
10.2.4, the digital filter analysis segment can also be used independently, either with data previ-

ously saved to a file, or with data entered through the keyboard.

Let us assume that the filter we wish to enter is the cascade version of the digital Bessel filter
described in example 10.2.1. This is easily done interactively by calling the segment. The

resulting conversational data entry sequence is:

C:>digital
* % K K % S/FILSYN * Kk k x
RELEASE 3.2 VERSION 1 4/1/94
** DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> a
READ DATA FROM FILE? ENTER FILE NAME OR: N
> n

ENTER TITLE

> digital Bessel (manual entry)

DELAY EQUALIZER DESIGN: Y/N

> n

FREQUENCIES MUST BE ENTERED IN TRANSFORMED UNITS

IS TRANSFER FUNCTION GIVEN BY ROOTS: R OR IN FACTORED FORM: F

> f

ENTER NUMERATOR DEGREE

> 4

ENTER 2 LINEAR COEFFICIENTS

> -1.9566369 -1.7586197

ENTER 2 QUADRATIC COEFFICIENTS
> .99919925 .90831462

ENTER DENOMINATOR DEGREE

> 5

ENTER 2 LINEAR COEFFICIENTS
> -1.6645567 -1.5887056

ENTER 2 QUADRATIC COEFFICIENTS
> .73347881,.63959026

ENTER LINEAR COEFFICIENT

S/FILSYN Manual

IIR digital analysis segment



10.30

> -.78418062
ENTER SAMPLING FREQUENCY

> 50k
FILTER TYPE - LOWPASS: 1, HIGHPASS: 2, BANDPASS: 4 OR BAND-REJECT: 5
> 1

ENTER UPPER PASSBAND EDGE IN HZ
> 2652.5824

If we wish to read a saved data file back, we can do so at the second prompt. Even if we enter
filter coefficients, these coefficients may also be read from a file. This is of considerable help if
we wish to reenter either the same, or a slightly changed set of data more than once. Whenever
we wish to read a file instead of entering data from the keyboard, we enter the letter R in answer
to the prompt. If the program is able to read a file at that point, it will issue the ENTER
FILENAME prompt. The file must have a .DAT extension, although the extension need not be
specified. If we cannot recall the exact file name, the DIR command is also acceptable at this
point. After the file is specified and read, the program proceeds to the next question. If additional
data is to be read from the (same) file, the R response will direct the program to continue reading
it. If the file either does not contain enough data or the program is unable to read them, a
comment to that effect will be printed and we may continue by entering the data from the
keyboard. See Section 13 for fur- ther details.

If we repeat the design and all data input to a prompt are to remain unchanged, a slash (/) input
will produce the desired results.

Whether entered manually or read from a file, at this point all necessary data, with the exception
of the multiplier, which is defaulted to unity, will have been entered. Note also that, instead of
the quadratic factors, we could have used the (complex) poles and zeros to specify the filter. We
now have to adjust the multiplier which will be done through the use of the FLAT command. To
obtain the value to be used for this flat gain, we do a very brief frequency domain analysis:

COMMAND :

> freqg

ENTER FREQ:

> 0 200 100

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3 OR LATTICE: 4

> 1
TABULATE: Y/N
>y
digital Bessel (manual entry)
Fxkxkxk COMPUTED PERFORMANCE ***x*x¥%x CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS
0.00000D+00 -18.5039 360.0000 2.9904D-04
1.00000D+02 -18.4463 10.7650 2.9900D-04
2.00000D+02 -18.2726 21.5272 2.9888D-04

We can now remove the flat loss factor by entering the negative of the value of loss at 0 Hz and
write the filter data to a disk file:

COMMAND :

> flat 18.5039
* K DONE * K
COMMAND :
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> pri

WRITE TO FILE? (Y/N)
>

ENTER FILE NAME

> 10x5

DECIMAL: D OR HEXADECIMAL: X
> d

* % DONE * %

Since we are finished with this example, we gracefully exit from the segment as follows and then
print the data file we have saved the filter in:

COMMAND :
> end
SYNTHESIS: S, ANALYSIS: A OR END: E
> e
*** DIGITAL SYNTHESIS PROGRAM TERMINATED ***

C:>type 10x5.asc
digital Bessel (manual entry)

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : UNKNOWN

FILTER TYPE :  LOWPASS
SAMPLING FREQUENCY = 50.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 2.652582 kHz
FRONT-END MULTIPLIER = 1.18796378115D-01

NUMERATOR COEFFICIENTS

Z** (0) Zx* (-1) gx* (=2)
1.000000000D+00 -1.956636900D+00 9.991992500D-01
1.000000000D+00 -1.758619700D+00 9.083146200D-01

1.000000000D+00 0.000000000D+00 0.000000000D+00

DENOMINATOR COEFFICIENTS

Z*% (0) Zx* (-1) gx* (=2)
1.000000000D+00 -1.664556700D+00 7.334788100D-01
1.000000000D+00 -1.588705600D+00 6.395902600D-01

1.000000000D+00 -7.841806200D-01 0.000000000D+00
Example 10.2.6 Differential Allpass Form -- ALLP command

A new implementation added recently is the differential allpass form. This realization is
available, if the filter characteristic function is a pure odd rational fraction (see Appendix G
section 2 for the definition of the characteristic function). For those familiar with the theory of
passive LC filters, this is equivalent to saying that the passive implementation is ‘symmetrical’.
This requirement im- plies, that we use the bilinear Z-transform and that the multiplicities of the
transmission zeros at zero and/or at the Nyquist frequencies are both odd, if non zero. The
implementation can be ob- tained simply by using the ALLP command at the command prompt.
This command needs no further data and if it will not work, causes no problem; a comment is
printed and control returns to the user.

The form of the implementation is shown below in Fig. 10.1, where Ao(z) and A,(z) are paths
consisting of cascaded allpass sections and the two outputs in fact, generate two transfer func-
tions, H(z) and G(z), that are complementary to each other, and one of them (usually the differ-
ence), is the function we are considering. For the definition of ‘complementary’ filters, please see
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Application Note 3, section 3. A frequency-domain analysis will always be necessary in order to
find out, whether the sum or the difference path is the function under consideration.

AO0(z)

H(z)
>

A1(z)

Fig. 10.1 Differential allpass structure

The major advantage of this structure is that the allpass paths remain strictly allpass, even if the
coefficients are truncated, hence it is ‘structurally passive’ and is insensitive to coefficient pre-
cision. In addition, it can be implemented with fewer multipliers than any other realization.

As an example, consider the following 11th degree (it must be odd), elliptic lowpass filter:

*%% S/FILSYN ***

Differential allpass example

LOW-PASS FILTER
DIGITAL FILTER
SAMPLING FREQUENCY

EQUAL-RIPPLE PASS BAND

BANDEDGE LOSS
UPPER PASSBAND EDGE FREQUENCY

FILTER PROGRAM

EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN.

NUMBER OF FINITE TRANSMISSION ZEROS
OVERALL FILTER DEGREE
TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 1.5530383D+04
0.0000000D+00 1.5821004D+04
0.0000000D+00 1.6720419D+04
0.0000000D+00 1.9304141D+04
0.0000000D+00 2.7258403D+04

**IIR** DIGITAL FILTER TRANSFER FUNCTION

Z TRANSFORM USED
FILTER TYPE

* Kk Kk k H(Z)

***x* NUMERATOR **** MULTIPLIER = 4.0116968D-03
1.0000000D+00 0.0000000D+00
2.8284784D-01 1.0000000D+00

-7.0058126D-01 1.0000000D+00
-9.9414458D-01 1.0000000D+00
-1.0905772D+00 1.0000000D+00
-1.1210068D+00 1.0000000D+00

IN FACTORED
COEFFICIENTS OF Z** (-1)

IIR digital analysis segment

(CASCADE)
AND Z** (-2)

BILINEAR WITH PREWARP
LOWPASS

FORM Kk ok ok

PRINTED

100.

15.

000000

.200000
000000

.500000

kHz

DB.
kHz

kHz
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***% DENOMINATOR ****
-6.8553220D-01
-1.3256520D+00
-1.2465289D+00
-1.1939767D+00
-1.1708416D+00
-1.1663214D+00

Next we invoke the ALLP command:

O W o Juo

.0000000D+00
.7915071D-01
.6993550D-01
.9862044D-01
.6101504D-01
.9005725D-01

COMMAND :
> allp

**** DIFFERENTIAL ALLPASS FORM ****
ALLPASS NO. 1

NUMERATOR COEFFICIENTS

Z**( O)
7.699354998D-01
9.610150353D-01

-6.855322004D-01

DENOMINATOR COEFFICIENTS
1.000000000D+00
1.000000000D+00
1.000000000D+00

ALLPASS NO. 2
NUMERATOR COEFFICIENTS

Z*x*(0)
5.791507133D-01
8.986204404D-01
9.900572538D-01

DENOMINATOR COEFFICIENTS
1.000000000D+00
1.000000000D+00
1.000000000D+00

-1.246528945D+00
-1.170841565D+00
-6.855322004D-01

-1.325652000D+00
-1.193976682D+00
-1.166321428D+00

7% (-1)
-1.246528945D+00
-1.170841565D+00

1.000000000D+00

.0
.0

.6
.6

7% (-1)
-1.325652000D+00
-1.193976682D+00
-1.166321428D+00

.0
.0
.0

=

L7
.9
.9

[ee]
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7% (=2)
00000000D+00
00000000D+00

99354998D-01
10150353D-01

7% (=2)
00000000D+00
00000000D+00
00000000D+00

91507133D-01
86204404D-01
00572538D-01

The display above is self-explanatory, the allpasses are indeed allpasses and we only need a fre-

quency domain analysis:

COMMAND :
> freqg
ENTER FREQ:
> 0 25k 1k
ENTER FREQ:
>
CASCADE :
> 5
TABULATE?
>y
Differential allpass example
*xAkxkxk COMPUTED

1, PARALLEL: 2, DIRECT:

(Y/N)

FREQUENCY LOSS (DIF)
IN HZ IN DB
1.00000E+03 21.6521
2.00000E+03 16.3570
3.00000E+03 14.0812
4.00000E+03 13.4725
5.00000E+03 14.4152
S/FILSYN Manual

3, LATTICE:

PERFORMANCE % * %% % %

PHASE (DIF)
IN DEGREES
107.9199
125.7228
143.4607
161.4354
180.1710

4 OR ALLPASS: 5

DIFF. ALLPASS

LOSS (SUM) PHASE (SUM)
IN DB IN DEGREES
.0298 197.9199
.1017 215.7228
L1731 233.4607
.1997 251.4354
.1600 270.1710
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6.00000E+03 17.7301 200.2921 .0739 290.2921
7.00000E+03 29.1389 222.3044 .0053 312.3044
8.00000E+03 22.2255 66.3649 .0261 336.3649
9.00000E+03 15.1991 92.4116 .1332 2.4116
1.00000E+04 13.4739 121.0401 .1997 31.0401
1.10000E+04 16.6584 154.7404 .0948 64.7404
1.20000E+04 27.1462 17.7863 .0084 107.7863
1.30000E+04 13.4999 73.4907 .1985 163.4907
1.40000E+04 22.7154 339.9499 .0233 249.9499
1.50000E+04 13.4672 217.8172 .2000 127.8172
1.60000E+04 .0000 45.6470 64.8402 315.6470
1.70000E+04 .0000 73.6062 68.6121 163.6062
1.80000E+04 .0000 89.4921 63.6773 179.4921
1.90000E+04 .0000 100.5255 75.6566 190.5255
2.00000E+04 .0000 108.9316 69.8165 18.9316
2.10000E+04 .0000 115.6935 64.2955 25.6935
2.20000E+04 .0000 121.3332 63.0193 31.3332
2.30000E+04 .0000 126.1608 63.4934 36.1608
2.40000E+04 .0000 130.3755 65.1869 40.3756
2.50000E+04 .0000 134.1132 68.1694 44.1132

Note that in order to print analysis results for both paths, we have space only for the loss and
phase data. Any of these can be displayed, as usual and the results can also be saved in a disk file
and later displayed by the GRAPH utility. In this case it is the sum function that generates our
lowpass function, while the difference function is naturally the complementary highpass.

We must note here, that the command does not work on filter functions that have been subject to
spectral transformation, consequently it does not work for band-reject filters, because they are al-
ways obtained by a spectral transformation. Low-, high- and band-pass filters can always be de-
signed directly, hence they cause no problems. Nevertheless, band-reject filters can still be imple-
mented in differential allpass form simply by designing the proper complementary bandpass
func- tion, implement it in differential allpass form and then use the complementary output to
realize the band-reject function. For the relationship between the passband loss of one filter and
the stopband loss of its complementary pair, please see equation 5 of Application Note 3, or
equation G.12 in Appendix G.

10.3 HARDWARE AND SOFTWARE REALIZATIONS
Example 10.3.1 Saving (SAVE) and storing (STO) files

With the intent of achieving a parallel realization of the filter, let us now revisit example 10.2.2.
For the cascade realization, we performed the pairing and ordering as well as the permuting and
scaling operations using the L, scaling policy. We will assume that, at the end of example 10.2.2,
we saved the data. The method for saving data on a permanent file is:

COMMAND :

> save

ENTER FILE NAME
> newfile

** DONE **

The filter data is now written in a file called NEWFILE.QFI, the .QFI having been appended by
the program. Note that if a file with that name existed, we would have been given the option of
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either overwriting it or specifying another file name. The extensions used in the personal
computer and other versions of the program are program-determined and cannot be specified by
the user. The system uses these extensions to keep track of the various files and to prevent us
from trying to read the wrong file.

To insure that we do not accidentally modify or erase filter data, we can temporarily store the
data and then follow with a request to have the parallel realization computed.

COMMAND :
> sto
* % DONE * %

COMMAND:
> par
**TIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE . LOWPASS
SAMPLING FREQUENCY = 10.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz

H(Z) IN PARTIAL FRACTION FORM
THE GENERAL FORM IS:
(A1 + A2 * 2% (=1)) /(1 + A3 * Z**(=1) + A4 * Z**(-2))

Al A2 A3 A4

1.405449560D-01 3.164850104D-02 -1.447200958D+00 5.507806729D-01
-2.640425645D-01 7.487404695D-02 -1.504039355D+00 7.382025620D-01
1.324029549D-01 -1.008864419D-01 -1.553421833D+00 8.934234946D-01
-2.022883077D-02 2.941960683D-02 -1.586467502D+00 9.731681727D-01
CONSTANT TERM = 1.751527946D-02
COMMAND :
> save
ENTER FILE NAME
> test

* % DONE * %

We will now repeat the L, scaling and subsequently, as we did before, replace the scale factors
with the nearest power of two. After doing so, we will decide that the results are not satisfactory
and therefore recall the temporarily stored data:

COMMAND :

> scal

L2: 1 OR L0O0: 2 SCALING

> 2

DO DENOMINATORS COME FIRST: 2 OR NOT: 1
> 1

NEW MULTIPLIER = 4.1505678D-02 NOISE GAIN = 25.93 DB
SCALE FACTORS
7.3063580D-01
5.0614196D-01
4.0340094D-01
9.9999740D-01
DO YOU WISH TO MODIFY THESE: Y/N
>y
ENTER NEW SCALE FACTORS
> .5 1. .125 .1

NEW MULTIPLIER = 9.9068722D-01 NOISE GAIN = 4.54 DB
SCALE FACTORS

5.0000000D-01

1.0000000D+00
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1.2500000D-01
1.0000000D-01

COMMAND:
> rcl
elliptic digital lowpass

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE :  LOWPASS
SAMPLING FREQUENCY = 10.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
FRONT-END MULTIPLIER = 2.99920303452D-01
DECIMAL: D OR HEXADECIMAL: X
> d
NUMERATOR COEFFICIENTS
Z**( O) Z**(—l) Z**(—Z)
9.063581884D-02 4.491505946D-02 9.063581884D-02
5.358259521D-01 -8.223050819D-01 5.358259521D-01
6.170319843D-01 -9.052097477D-01 6.170319843D-01
6.889368691D-01 -8.111529408D-01 6.889368691D-01
DENOMINATOR COEFFICIENTS
Z**( 0) Z** (-1) Z2** (=2)
1.000000000D+00 -1.447200958D+00 5.507806729D-01
1.000000000D+00 -1.553421833D+00 8.934234946D-01
1.000000000D+00 -1.586467502D+00 9.731681727D-01
1.000000000D+00 -1.504039355D+00 7.382025620D-01

These are indeed the same results as those obtained in example 10.2.2. Since the STO command
was called before the PAR command , the previously obtained parallel form has been lost. Of
course it can be recreated by calling the PAR command once again.

Example 10.3.2 Filter Implementation

Instead of the usual hardware implementation, a digital filter can be simulated by software and to
help this process, the S/FILSYN program is capable of generating a FORTRAN subroutine for
this purpose. The PROG command performs this step and is extremely simple:

COMMAND :

> prog

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5
> 1

ENTER FILE NAME

> simul

* % DONE * %

The subroutine is written into a file named SIMUL.FOR. A listing of it is shown at the end of
this section.

More often, digital filters are implemented in hardware form. Let us now consider the hardware
realization of this filter. We will design the first section using section type 1 and decimal
represen- tation of the coefficients:

COMMAND :

> des

ENTER SECTION NUMBER

> 1

SECTION TYPE 1: 1 OR TYPE 2: 2
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> 1
DECIMAL: D OR HEXADECIMAL: X
> d

SECTION NO. 1

\ / 2.999203035D-01

\Y
/T
—< I— 9.063581884D-02
I\ | I
—I >—> (+) < -5.507806729D-01
I/ |
Y
-1
Z
/T
| —< I— 4.491505946D-02
I\ v | NI
1 >— (+) < 1.447200958D+00
I/ |
Y
-1
Z
/T
| —< I 9.063581884D-02
v | NI
(+) <
|
Y

In this computer-generated figure, the square boxes represent unit delays (shift registers). The
triangular boxes are multipliers with the coefficients printed next to them. Now we design
section 2, using type 2 realization and hexadecimal representation of the numbers:

COMMAND:
> des 2
SECTION TYPE 1: 1 OR TYPE 2: 2
> 2
DECIMAL: D OR HEXADECIMAL: X
> X
SECTION NO. 2
Y
|
\
> (+)
| 1\
—1 >— 0.892BE3BCC3C4B
| 1/
\
-1
z
/I
(+)< I | 1.8DADODA10940E
AT | I\ Vv
L—1—T >(+) -0.D28295FAQ01516
| 1/
\
| -1
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| lz |
|
L< 14 | | -0.E4B766F2F1CFB
\I | | I\ Vv
L—1L 7 >(+) 0.892BE3BCC3C4B
1/ |
4

Finally we design section 3 as shown below:

COMMAND :
> des 3 2 x
SECTION NO. 3

Y
|
v
> (+)
| 1\
—I >— 0.9DF5CEE1438A3
| 1/
-1
z
/I
(+)< I | 1.9622BBF45AB40
~ONT | | 1\ Vv
L—]—1 >(+) -0.E7BBD3767C193
| 1/
v
-1
z
/I
L< 1 | -0.F9218CA35CB51
\I | | 1\ Vv
L—L 71> 0.9DF5CEE1438A3
/|
v

As indicated above, the following is the listing of the file SIMUL.FOR which shows the
FORTRAN subroutine simulating the filter we have designed in cascade form.

C:>type simul.for
SUBROUTINE TIM(X,Y,N,IBT)
DOUBLE PRECISION X,Y,CI1N,C2N,C1D,C2D,CK,SC,YS,ZERO,YY, TRUN
DIMENSION YS(3,26),CIN(25),C2N(25),C1lD(25),C2D(25),SC(25)
DATA CIN /
* 4,.49150594557D-02,-8.22305081879D-01,-9.05209747722D-01,
*-8.11152940801D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/
DATA C2N /

* 9.06358188362D-02, 5.35825952134D-01, 6.17031984325D-01,
* 6.88936869060D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA C1D /

*-1.44720095756D+00,-1.55342183286D+00,-1.58646750179D+00,
*-1.50403935545D+00, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA C2D /

* 5.50780672870D-01, 8.93423494637D-01, 9.73168172725D-01,
* 7.38202561981D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA SC /

* 9.06358188362D-02, 5.35825952134D-01, 6.17031984325D-01,
* 6.88936869060D-01, 1.00000000000D+00, 1.00000000000D+00,
*19*0.D0/
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DATA CK,NSEC, ZERO /2.99920303452D-01, 4,0.D0/
IF(N.GT.1)GO TO 20
NSP1=NSEC+1
DO 10 J=1,2
DO 10 I=1,26
10 YS(J,I)=ZERO
20 YS(3,1)=TRUN (X*CK, IBT)
DO 30 K=1,NSEC
YY=(SC (K) *YS (3, K) +TRUN (C1N (K) *YS (2,K) , IBT) +
* TRUN (C2N (K) *YS (1,K), IBT) ) -TRUN (C1D (K) *YS (2,K+1) , IBT)
* —TRUN (C2D (K) *YS (1,K+1), IBT)
30 YS(3,K+1)=TRUN(YY, IBT)
Y=YS (3,NSP1)
DO 50 I=1,NSP1
YS(1,I)=YS(2,1I)
50 YS(2,I)=YS(3,I)
RETURN
END
DOUBLE PRECISION FUNCTION TRUN (X, I)
DOUBLE PRECISION X,A,B
IF (IABS(I).LT.40)GO TO 10
TRUN=X
RETURN
10 A=DABS (X)
D=0.5
IF(I.LT.0)D=0.0
B=2.0**IABS (I)
N=A*B+D
TRUN=DBLE (FLOAT (N) ) /B
IF (X.LT.0.D0) TRUN=-TRUN
RETURN
END

This is the simulation for the cascade implementation. Naturally, the simulation depends on the
implementation and the one for the Gray-Markel lattice form is shown below:

SUBROUTINE TIM(X,Y,N,IBT)
DOUBLE PRECISION GMUL,GTAP,X,Y,Z,Z1,SUM, ZERO, ONE, TRUN
DIMENSION GMUL (51),GTAP(51),E(51),2(51),Z21(51)
DATA GMUL/
*-8.16711425781D-01, 9.96246337891D-01,-8.89572143555D-01,
* 9.58724975586D-01,-9.27474975586D-01, 9.08126831055D-01,
*-7.84881591797D-01, 3.53515625000D-01, 0.00000000000D+00,
*42*0.D0/
DATA GTAP/
*-6.10351562500D-05, 1.37329101563D-04, 2.12097167969D-03,
* 6.94274902344D-03, 2.02941894531D-02, 2.76489257813D-02,
* 2.87780761719D-02, 1.49078369141D-02, 6.19506835938D-03,
*42*0.D0/
DATA JM, JT, ZERO,ONE/ 8, 9,0.D0,1.D0/
IF(N.GT.1)GOTO 20
DO 10 I=1,51
IF(I.EQ.1)THEN
Z (I)=0ONE
ELSE
Z(I)=GMUL(I-1)
ENDIF
721 (I)=ZERO
10 E(I)=ONE
20 SUM=ZERO
DO 30 I=1,JT
30 SUM=SUM+TRUN (GTAP (I)*Z(I),IBT)
Y=TRUN (SUM, IBT)
DO 40 I=1,JT
40 Z1(I)=Z(I)
E(1)=X

N
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DO 50 I=2,JT
50 E(I)=E(I-1)-TRUN(GMUL (JT+1-I)*Z1 (JT+1-I),IBT)
7 (1) =E (JT)
DO 60 I=2,JT
60 Z(I)=2%1(I-1)+TRUN(GMUL (I-1)*E (JT+2-I),IBT)
RETURN
END
DOUBLE PRECISION FUNCTION TRUN (X, I)
DOUBLE PRECISION X,A,B
IF (IABS(I).LT.40)GO TO 10
TRUN=X
RETURN
10 A=DABS (X)
D=0.5
IF(I.LT.0)D=0.0
B=2.0**IABS (I)
N=A*B+D
TRUN=DBLE (FLOAT (N) ) /B
IF (X.LT.0.D0) TRUN=-TRUN
RETURN
END
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SECTION 10
IIR DIGITAL ANALYSIS SEGMENT

In many respects, this segment is similar to the LADDER analysis segment. In the first place, it
may be used to analyze and manipulate digital filters whether they were originally designed by
S/FILSYN or obtained from other sources. Consequently, it can also be used as a stand-alone
program. In the second place, it uses the same COMMAND data input format, the same features
and some of the same commands. In addition, the backup feature (the characters BRK, or its
alias, BAK) may be used at any time to correct previously entered data and the STOP command
can be used to terminate program execution.

If we wish to use this segment as a stand-alone unit in the multi-executable version, we first call
the DIGITAL program and select the analysis (A) option. In the single-executable version this is
done by selecting the digital (D) option at the beginning of the program.

10.1 COMMANDS

Available commands are listed below in alphabetical order. An explanation is given for each
func- tion and mode of operation. Following the listing, illustrative examples are provided to
demon- strate the use of each command.

10.1.1 ADD (add a factor)

This command is used to append additional quadratic factors, either to the numerator (N) or to
the denominator (D) of a factored transfer function (cascade realization). The command requires
either the letter N or D to indicate where we wish to append the new factor, as well as the coeffi-
cients of z'! and z?. If the coefficient of z? is zero, a linear factor is added. The constant coeffi-
cient is assumed to be unity. This is a non printing command, i.e. only an indication to the effect
that the command was performed, is printed.

The ADD command works on the factored form of the transfer function only, which is the refer-
ence function in that all other implementations are obtained from it. If any other form is also
pres- ent, the functions no longer represent the same filter. Therefore, after the application of the
com- mand, the other forms are automatically deleted. The correct form can be recalculated by
using the appropriate commands. The use of this command is demonstrated in example 10.2.1.

10.1.2 ALLP (differential allpass implementation)

This command will generate the differential allpass implementation (see Fig. 10.1 below), if one
exists. If it does not exists, a comment is printed and we return to the COMMAND prompt.

If the cascade implementation is changed (for instance, a section has been added or deleted) so
that the different implementations now represent different filters, everything but the cascade form
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is deleted. They can, of course, be recreated by the repeated application of the command. The dif-
ferential allpass, however, then becomes unavailable.

10.1.3 DEL (delete a factor)

This command is the opposite of ADD and is used to delete specified factors from the numerator
or denominator. As in the case of the ADD command, it needs the letter N or D to indicate from

where we want to delete the factor, as well as an integer to indicate the implied serial number of

the factor to be deleted. This command is non printing.

The DEL command works on the factored form of the transfer function only. If other forms are
also present, the functions no longer represent the same filter. Therefore, after the application of
the command, the other forms are automatically deleted. The correct form can be recalculated,
except the differential allpass, by using the appropriate command. The use of this command is
illustrated in example 10.2.1.

10.1.4 DES (design second order sections)

This command provides us with specific realizations of second order sections. Two types of real-
izations are currently available -- the multiple input normal form (form 1) and the
summed-output normal form (form 2). Resulting multiplier coefficients may be printed in either
decimal or hexa- decimal form. The command needs the serial number of the section to be
designed, an indication of the form desired (1 or 2), and the letter D or X to indicate decimal or
hexadecimal output. We may enter these data with the command in free form or wait for the
program prompt. Finally, if the parallel form is also present, we will be asked whether we want
the cascade or the parallel form to be designed. Scale factors, if present, will automatically be
taken into account. The use of this command is demonstrated in example 10.2.2.

10.1.5 DIR (direct implementation)

One can obtain a direct representation of the IIR filter using this command. The resulting imple-
mentation is a complete one in the sense that it can be analyzed in both the time and frequency
domains, truncated, FORTRAN routine written, etc. This implementation is rarely used.

10.1.6 DISP (display information)

This command displays the original design data, if available, and it is used for archival purposes.
This command is shown in example 10.2.2.

10.1.7 DOS (execute DOS command)
See Section 6.1.7.
10.1.8 END (terminate program)

See Section 6.1.10.
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10.1.9 EQU (delay equalization)
See Section 6.1.11.
10.1.10 FLAT (add flat loss)

This command adds additional flat loss (or gain if it is negative) to the loss characteristics of the
filter. This is useful, for instance, if the impulse invariant Z-transform is used, since this transfor-
mation does not exactly preserve the zero midband loss property of the filter. The command,
which is non printing, needs the loss to be added in dB. The use of this command is
demonstrated in examples 10.2.1 and 10.2.5.

10.1.11 FREQ (frequency domain analysis)

This is the familiar frequency domain analysis command. The method of specifying the
frequencies is identical to that used in other segments of the program. The program prints
prompts of the form ENTER FREQ: to which we may enter data of the form:

* FA, FB, DF -- where FA is the starting frequency, FB (>FA) is the ending frequency and
DF (<FB) is the increment for a linear sweep,

* FA,FB,-N -- where FA and FB are the same as before, but the frequencies are selected
logarithmically with N points per decade,

* FI1,F2,F3...-- where F1, F2, F3 ... are individual frequencies in increasing order, from 1
to 25 values on a line.

The program will prompt the user for up to five sets of data. The prompts may be terminated by
entering END or just a carriage return. A carriage return entered in answer to the first prompt
aborts the command. The frequencies specified by these data are generated, sorted, and merged,
and duplicates eliminated. The first 501 values are then used for the analysis. If more than one
form are present, we must also select the form to be analyzed. The delay is not calculated for the
parallel form, but it should be identical to that of the cascade form. Any of the calculated data
may also be plotted in printer-plotting or true graphics mode.

If the first item on the frequency list is negative (it may not be zero) all frequency data will be
interpreted as rad/sec, rather than Hz values. Replacing the DF increment by the keyword MAX
selects an increment that generates 501 frequencies. Also, the user may enter a slash (/) or the
keyword OLD to reuse an already specified set of frequencies. This command is demonstrated
throughout the manual.

10.1.12 HELP (display help message)

This command yields the list:
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ADD : ADD A FACTOR TO THE TRANSFER FUNCTION
ADD & DEL WORK ON CASCADE FORM, ONE FACTOR AT A TIME
PARALLEL FORM IS LOST

ALLP : GENERATE THE DIFFERENTIAL ALLPASS FORM

DEL : DELETE A FACTOR

DES : PROVIDE SPECIFIC SECOND ORDER SECTIONS
DIR : COMPUTE COEFFICIENTS OF DIRECT FORM
DISP : DISPLAY ORIGINAL DESIGN DATA

DOS : RETURN TO DOS TEMPORARILY

END : LEAVE DIGITAL ANALYSIS SEGMENT

EQU : DELAY EQUALIZER DESIGN

FLAT : ADD A FLAT LOSS
FREQ : ANALYSIS IN THE FREQUENCY DOMAIN
HELP : PRINT LIST OF COMMANDS

LAT : GRAY-MARKEL LATTICE FORM
LBL : REPLACE TITLE AND UPDATE DATESTAMP
(WAITING)

A carriage return brings the second half of the list to the screen:

LIM : LIMIT-CYCLE INFORMATION

ORD : PAIRING AND ORDERING

PAR : CONVERTING CASCADE TO PARALLEL FORM

PERM : PERMUTE NUMERATOR OR DENOMINATOR FACTORS

PRI : PRINT FILTER COEFFICIENTS (CAN WRITE TO FILE

AND/OR IN HEXADECIMAL FORMAT)
PROG : WRITE A ROUTINE ON DISK FILE TO SIMULATE FILTER
RCL : RECALL A SAVED SET OF DATA
SAVE : SAVE RESULTS ON FILE
SCAL : SCALE CASCADE COEFFICIENTS FOR NO OVERFLOW
STO : SAVE A SET OF DATA TEMPORARILY
SWC : WRITE TRANSFER DATA FILE FOR SWITCHED-C FILTER
TIME : ANALYSIS IN THE TIME DOMAIN
TRUN : TRUNCATE COEFFICIENT WORDLENGTH
UNDO : UNDO THE PREVIOUS COMMAND

On the personal computer, we have a more elaborate help system, offering more information,
including syntax.

10.1.13 LAT (Gray-Markel lattice)

This command generates the Gray-Markel lattice (2-multiplier form) implementation of the filter.

10.1.14 LBL (new label)

See Section 6.1.21.

10.1.15 LIM (limit cycle information)

This command provides tabulated results describing the limit cycle properties of the biquadratic
sections in the cascade realization. It assumes that we form these biquadratic sections from the
numerator and denominator factors in their current implied sequence. It considers these biquad-

ratic factors one at a time and independently of each other. It then tabulates the following data for
each of the sections:
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¢ the estimate of the limit cycle frequency,

¢ the Long-Trick limit cycle amplitude bound,

¢ the Kaiser-Sandberg (rms) limit cycle amplitude bound,

* the limit cycle output of the biquadratic section, including the effects of its numerator.

There exist many other implementations for a biquadratic section and their limit cycle properties
also differ. Some has no limit cycles at all, hence use the information provided by this command
with care. This command is illustrated in example 10.2.1.

10.1.16 ORD (pairing and ordering of factors)

This command invokes the Peled-Liu heuristic pairing and ordering algorithm, as described in
their book (reference 12). No additional data is needed. The actual sequence of numerator and
denominator factors is not changed.

The command provides 15 sub optimal pairing and ordering sequences with their corresponding
noise gain values. From these, we must select the best (lowest noise gain), then use the PERM
command to rearrange the sequence of numerator and denominator factors, and finally employ
the SCAL command to calculate the optimal scale factors. The scaling method applied in this
pairing and ordering algorithm is the L, scaling, with the denominator factors implemented first
in the physical realization of the filter. Consequently, if we use the same scaling policy, the noise
gain obtained from the scaling algorithm will be the same as that of the optimal pairing and
ordering.

The starting permutations in the optimization are selected by a pseudo-random process with a
system-dependent initialization. On systems where the initialization is based on the system clock,
two consecutive invocations of the ORD command may yield different results. On other systems
the initialization is based on built-in constants and the ORD command therefore will always yield
the same results. This command is demonstrated in example 10.2.2.

10.1.17 PAR (parallel form)

In the program, filter functions are initially represented in factored (cascade) form. This
command provides the partial fraction (parallel) equivalent. If we perform any operation that will
make the cascade and parallel forms represent different functions (the ADD or DEL commands,
for exam- ple), the parallel form is deleted and must be recreated by using this command again.
The parallel form is automatically calculated (in addition to the cascade one), if the
impulse-invariant Z-trans- formation is used, because the parallel form is needed for this
calculation method. The use of this command is shown in example 10.2.1, among others.

10.1.18 PERM (permute factors)
This command is used to permute the numerator and denominator factors to obtain a specific

pairing and ordering sequence. It needs a letter N or a D to indicate numerator or denominator
respectively, which is followed by the permuted sequence of (implied) serial numbers. Since this

S/FILSYN Manual IIR digital analysis segment



10.6

is a non printing command, the results of the permutation can be obtained using the PRI
command.
The use of this command is demonstrated in examples 10.2.1 and 10.2.2.

10.1.19 PRI (print)

This command prints the current filter function in both cascade and any other computed forms, if
they are present, in decimal or hexadecimal format, to the screen. The printed data is formatted
such that scale factors are included (if computed) and all coefficients are printed, including the
constant coefficients. The command can also print the data to a file instead of the screen; hence it
takes over the role of the FILE command of the other program segments.

10.1.20 PROG (write a program)

If we wish to implement the digital filter in a software form, this command will write a disk file
containing a FORTRAN subroutine which implements the current filter. The command needs a
file name for the storage of the subroutine program; when forms other than the cascade are
present, an indication as to which one we want to simulate, is also needed.

The resulting program contains a subroutine called TIM and a function called TRUN to perform
fixed point truncation or rounding of partial products and sums. The filter data are transferred to
the program in 12 decimal place precision (about 40 bits, in binary), although they may have pre-
viously been rounded to less than that. Therefore, truncation or rounding to more than 40 bits is
ignored by the program which is written.

A sample calling sequence of this program might be:

IBT = 24

DO 10 I = 1, LIMIT
TIME = (I-1)/FS

XIN = FUNCTION (TIME)
CALL TIM (XIN, YOUT, I, IBT)
WRITE (6, 100) TIME, XIN, YOUT
10 CONTINUE
100 FORMAT (3X,1P3E18.7)

where FS is the sampling frequency, XIN is the input sequence generated by FUNCTION, and
YOUT will be the output of the filter. The index I must start from 1. IBT is the number of bits to
which products are to be rounded, if positive, or truncated, if negative, during the computations.
In the above example, partial products and sums are rounded to 24 bits. The use of this command
is demonstrated in example 10.2.2.

10.1.21 RCL (recall temporarily stored data)

See Section 6.1.27 and example 10.2.1.
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10.1.22 SAVE (save data on permanent file)
See Section 6.1.30 and example 10.2.1.
10.1.23 SCAL (perform scaling)

This command performs scaling of the cascade form of the filter and requests indicators in order
to select the appropriate method. After the operation has been performed, the scale factors as well
as the new multiplier (front-end scale factor) are printed.

Two algorithms are available for scaling, the L, and the Loo algorithms. The L, algorithm calcu-
lates the scale factors in such a manner that the sum of the squares of the unit pulse response of
every section is never greater than unity. The calculation is always done from the common input
to the output of the particular section for which we are calculating the scale factor.

For L, scaling, the sections are formed as follows: 1) The first denominator quadratic factor is the
first section with a unity numerator. 2) The second section is formed by the first numerator factor
paired with the second denominator factor. 3) The next section is formed by the second numera-
tor factor paired with the third denominator factor, etc. This method is employed because the
most often used implementation uses this particular arrangement and it is also the method used
by the ORD command.

In the case of the Loo scaling, the scale factors are calculated in such a manner that the frequency
response of every section is not greater than unity at any frequency. The frequency response may
be defined to be either that of individual 2nd order sections (pessimistic case) or that of the (com-
mon) input to the output of the section under investigation (more common case). For Loo scaling,
one may request either the section arrangement used for the L, scaling, or the natural arrange-
ment, where the k-th numerator is paired with the k-th denominator to form the k-th section.

In either case, after the new scale factors are printed, we have the option of modifying them, pos-
sibly to change them into simple binary shifts in order to simplify their implementation. Since the
resulting noise gain is also printed, we can observe the effects of both the scaling policies as well
as of changing scale factors. After using the SCAL command, the print command (PRI) will list
all coefficients as well as the scale factors, since both the coefficients and the scale factors have
become part of the overall filter data. The use of this command is demonstrated in examples
10.2.2 and 10.2.1.

10.1.24 SWC (write transfer data file for switched-C filters)

Under certain conditions a switched-capacitor filter function is processed through this segment of
the program and then it has to be transferred to the ACTIVE ANALYSIS segment for further
processing. This command writes a file that can be read into the ACTIVE segment.

10.1.25 STO (store data temporarily)

See Section 6.1.34.
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10.1.26 TIME (time domain analysis)

The time-domain analysis command calculates the unit pulse and unit step responses of the filter.
If more than just the cascade form of the filter is present, we need to indicate which one to use.
We must also indicate whether the calculations are to be done with a specified word length and
whether truncation or rounding is to be used. The command needs the start and end time points
as well as a time increment. All time values must be integral multiples of the sampling time.
Other- wise the program will automatically round them to the nearest multiple. Calculated
responses can, as usual, be plotted. The number of time points is restricted to 501. However,
since the command can be repeated as often as we wish, this is not a true limitation.

Example: Time Domain Analysis of a Digital Filter

We will use the filter designed in example 9.2.1 to demonstrate the use of this command:

COMMAND :

> time

ENTER STARTING TIME, ENDING TIME AND TIME INCREMENT

> 0 5e-4 le-5

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5

> 1

WISH TO USE ROUNDING ALGORITHM: Y/N
> n

TABULATE: Y/N

>y

The first few lines of the printout shown below, display the form and format of the analysis
results:

digital example (bilinear with prewarping)
TIME RESPONSE OF CASCADE STRUCTURE

TIME IN SEC. PULSE RESP. STEP RESP.

0.0000000D+00 4.8811829D-02 4.8811829D-02
1.0000000D-05 7.8733972D-02 1.2754580D-01
2.0000000D-05 7.6821495D-02 2.0436730D-01
3.0000000D-05 -3.4183039D-02 1.7018426D-01
4.0000000D-05 -1.6366276D-01 6.5214924D-03
5.0000000D-05 -1.8392437D-01 -1.7740288D-01
6.0000000D-05 -3.9200561D-02 -2.1660344D-01
7.0000000D-05 1.6328499D-01 -5.3318442D-02
8.0000000D-05 2.3752839D-01 1.8420995D-01

We now request a plot of the step response:

WISH TO WRITE RESPONSE DATA ON FILE: Y/N

> n

PLOT - WIDE: W, NARROW: N, GRAPHICS: G OR END: e
> n

PLOT - NO: N, PULSE: P, STEP: S

> s

ENTER STARTING AND ENDING TIME OF PLOT

> 0 5e-4

This sequence produces the printer plot shown on the next page. As usual, we can zoom in and
plot any segment of the tabulated results. Since additional plots are available, we may magnify
any of the results as often as we wish. If a supported terminal is available, high resolution
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graphics plots may be obtained in the mainframe version. In the personal computer version, we
must first save the tabulated data and then use the separate GRAPH utility to display the results.

10.1.27 TRUN (truncate or round)

This command truncates or rounds the filter coefficients to a specified number of (fixed- or
floating-point) binary digits. The specified limit does not include sign and/or integer parts. Also
we must indicate whether we are rounding or truncating, and whether we are using fixed- or
floating-point numbers. Since this is a non reversible command, it is advisable to store the data
before invoking it, so that if we do not like the results, we can recall the original data. Because
this is a non printing command, the PRI command must be used to observe the effects. The use
of this command is demonstrated in examples 2.3.1 and 10.2.1.

10.1.28 UNDO (undo the previous command)

See Section 6.1.37 above.

10.2 IIR EXAMPLES
Example 10.2.1 Bessel Lowpass Filter

For our first example we will redesign the digital Bessel filter of example 2.3.1, using the
impulse invariant Z-transformation procedure. This redesign will permit us to demonstrate the
use of the commands: DEL, ADD, FLAT, LIM, TRUN, and PERM.

C:>digital
* % K K % S/FILSYN * kK ok x
RELEASE 3.2 VERSION 1 4/1/94
** DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> s

ENTER FILE NAME

> 231

ENTER SAMPLING TIME IN SEC OR SAMPLING FREQUENCY IN HZ

> 5ed

Z-TRANSFORM - IMPULSE-INVARIANT: 1, MATCHED: 2, BILINEAR: 3
> 1

INDICATE THE SPECTRAL TRANSFORMATION DESIRED
NO ACTION: 0, LP-TO-LP: 1, LP-TO-HP: 2, LP-TO-BP: 3, LP-TO-BE: 4
> 0
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0.0000E+00 +-———————— PR oo fmm e e +
I I I* I I I
I I I * I I I
I I I * I I I
I I * I I I I

5.0000E-05 +-—-—— S R e e 4
I * I I I I I
I I * I I I I
I I I * I I I
I I I * I I

1.0000E-04 +————————- R TR Ao R +
I I * I I I
I I x0T I I I
I I * T I I I
I I * T I I I

1.5000E-04 +-————————- PO S oo e __ +
I I * I I I I
I I x0T I I I
I I *T I I I
I I I * I I I

2.0000E-04 +-———————- U T oo e __ +
I I *T I I I
I I * T I I I
I I *T I I I
I I *T I I I

2.5000E-04 +————————- FU— T oo e __ +
I I * T I I I
I I * T I I I
I I *T I I I
I I * I I I

3.0000E-04 +————————- R A om____ e __ e N
I I *T I I I
I I * T I I I
I I *T I I I
I I *T I I I

3.5000E-04 +————————- PR *po oo e __ +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

4.0000E-04 +----—-—--- fommm Kpm e —— fmm fom +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

4.5000E-04 +---——-—---- fomm———= ¥ —— Fmm fom +
I I * T I I I
I I * T I I I
I I *T I I I
I I *T I I I

5.0000E-04 +----—-———- fomm - Hpm - Fmm fom +

-3.0000E-01 1.0000E-01 5.0000E-01
-1.0000E-01 3.0000E-01 7.0000E-01
STEP VS. TIME
Declining the transformation, the results are:
k%% S/FILSYN *** FILTER PROGRAM
digital Bessel
LINEAR-PHASE LOW-PASS FILTER

DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000 kHz

MAXIMALLY-FLAT PASS BAND

REQUESTED DELAY = 300.000000 usec

NORMALIZATION FREQUENCY = 2.652582 kHz
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EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

.609472 kHz

N =

REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS
H(Z) IN FACTORED FORM. COEFFICIENTS OF Z**(-1) AND Z**(-2) PRINTED

***x* NUMERATOR **** MULTIPLIER = 1.2763195D-01
0.0000000D+00 0.0000000D+00
-1.9566369D+00 9.9919925D-01
-1.7586197D+00 9.0831462D-01
** %% DENOMINATOR ****
-7.8418062D-01 0.0000000D+00
-1.5887056D+00 6.3959026D-01
-1.6645567D+00 7.3347881D-01

H(z) IN PARTIAL FRACTION FORM

THE GENERAL FORM IS:
(A1 + A2 * 2**(=1)) /(1 + A3 * Z**(=1) + A4 * Z**(-2))

Al A2 A3 A4
-4.208570461D+00 3.234825298D+00 -1.588705585D+00 6.395902642D-01
4.201549128D-01 =-2.777848604D-01 -1.664556729D+00 7.334788078D-01
3.916047502D+00 0.000000000D+00 -7.841806170D-01 0.000000000D+00
CONSTANT TERM = 0.000000000D+00

Since we used the impulse-invariant Z-transform, the parallel form is automatically computed
and printed. Next we wish to replace the third numerator factor by the factor (1 - 1.96 z' +z?), to
demonstrate both the DEL and ADD commands:

COMMAND :

> del

IS THE FACTOR TO BE DELETED IN THE NUMERATOR: N, OR IN THE DENOMINATOR: D
> n

ENTER THE SERIAL NO. OF THE FACTOR TO BE DELETED

> 3

* % DONE * %

COMMAND:

> add

IS THE FACTOR TO BE ADDED TO THE NUMERATOR: N OR TO THE DENOMINATOR: D
> n

ENTER THE QUADRATIC COEFFICIENTS

> -1.96 1.

* % DONE * %

Both of these commands delete all/ but the cascade form, if any of the others are present. How-
ever, we can recreate them easily enough by using the appropriate (PAR, DIR or LAT)
command. The reason for this is simply that we wish to make certain that all representations
shown always implement the same overall transfer function.

These are both non printing commands. The results can be seen by invoking the PRI command.
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COMMAND :

> pri

WRITE TO FILE? (Y/N)

> n

*** S/FILSYN *** FILTER PROGRAM

digital Bessel
LINEAR-PHASE LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000
MAXIMALLY-FLAT PASS BAND
REQUESTED DELAY = 300.000000
NORMALIZATION FREQUENCY = 2.652582

EQUAL-MINIMA STOPBAND TYPE

UPPER STOPBAND EDGE FREQUENCY = 1.609472
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. = 1
NUMBER OF FINITE TRANSMISSION ZEROS = 2
OVERALL FILTER DEGREE = 5
TRANSMISSION ZEROS
REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03
**TIR** DIGITAL FILTER TRANSFER FUNCTION
7Z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS
FRONT-END MULTIPLIER = 1.27631953300D-01
DECIMAL: D OR HEXADECIMAL: X
> d
***% CASCADE FORM ***x*
NUMERATOR COEFFICIENTS
Z** (0) Z** (-1) Z** (=2)
1.000000000D+00 0.000000000D+00 0.000000000D+00
1.000000000D+00 -1.956636918D+00 9.991992512D-01
1.000000000D+00 -1.960000000D+00 1.000000000D+00

DENOMINATOR COEFFICIENTS

Z**( 0) Z%* (-1) 2% % (-2)
1.000000000D+00 -7.841806170D-01 0.000000000D+00
1.000000000D+00 -1.588705585D+00 6.395902642D-01

1.000000000D+00 -1.664556729D+00 7.334788078D-01

kHz

usec
kHz

kHz

The parallel form was deleted, as we explained above. Note that the PRI (print) command has
recently become a lot more powerful and took over several other functions. One is the capability
of writing the data into a disk file rather than the screen. The other is to display information in
either decimal or hexadecimal forms. We replaced the old octal display by the more useful hexa-

decimal one. Let us recreate the parallel implementation of this filter:

COMMAND :
> par

**IIR** DIGITAL FILTER TRANSFER FUNCTION
7z TRANSFORM USED : IMPULSE-INVARIANT
FILTER TYPE : LINEAR PHASE LOWPASS

**** PARALLEL (PARTIAL FRACTION) FORM ****
THE GENERAL FORM IS:

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1) + A4 * Z**(-2))

IIR digital analysis segment
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Al
-1.927660132D+00
-6.178778333D-02

2.117079868D+00
CONSTANT TERM =

.398
.216
.000
.000

A2 A3
890767D+00 -1.588705585D+00
886304D-01 -1.664556729D+00
000000D+00 -7.841806170D-01
000000D+00

10.13

A4
6.395902642D-01
7.334788078D-01
0.000000000D+00

When we run a frequency domain analysis we find that there is a loss at zero frequency. Note:

printer plotting will not work with fewer than five frequency points.

COMMAND:

> freqg
ENTER FREQ:
> 0 500 100

CASCADE: 1, PARALLEL:
> 1

TABULATE: Y/N

>y

digital Bessel

*xxxxx*x COMPUTED PERFORMANCE ****x*%%

FREQUENCY
IN HZ

.00000D+00
.00000D+02
.00000D+02
.00000D+02
.00000D+02
.00000D+02

g wdhE o

2, D

LO
IN

10.
10.
11.
11.
12.
13.

IRECT: 3, LATTICE:

4 OR ALLPASS: 5

CASCADE

Ss PHASE DELAY
DB IN DEGREES IN SECONDS
8398 360.0000 2.9129D-04
9233 10.4864 2.9129D-04
1754 20.9726 2.9127D-04
6010 31.4581 2.9125D-04
2087 41.9425 2.9122D-04
0115 52.4256 2.9117D-04

We can correct any flat loss problem by the use of the FLAT command. After using it, we can
repeat the frequency analysis to determine its effect.

COMMAND:
> flat

ENTER THE AMOUNT OF LOSS (

> -10.8398
** DONE **

COMMAND:

> freqg
ENTER FREQ:

> 0 2500 100
ENTER FREQ:
>

CASCADE: 1,
> 1
TABULATE:
>y
digital Bessel

Y/N

*xxxxxx COMPUTED PERFORMANCE *****x*xx*

FREQUENCY
IN HZ

.00000D+00
.00000D+02
.00000D+02
.00000D+02
.00000D+02
.00000D+02

aadbd wdhE o

S/FILSYN Manual

PARALLEL:

2, D

LO
IN

IN DB) TO BE ADDED

IRECT: 3, LATTICE:

4 OR ALLPASS: 5

CASCADE

Ss PHASE DELAY

DB IN DEGREES IN SECONDS
.0000 360.0000 2.9129D-04
.0835 10.4864 2.9129D-04
.3356 20.9726 2.9127D-04
.7612 31.4581 2.9125D-04
.3689 41.9425 2.9122D-04
L1717 52.4256 2.9117D-04
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The LIM command gives us the promised set of data and shows that only the second
denominator factor will have a non zero frequency limit cycle:

COMMAND :
> lim
digital Bessel
FFx*xx TLIMIT-CYCLE INFORMATION ***x*

SECT. FREQ. AMPLITUDE OUTPUT
(HZ) BOUND RMS
1 0.000D+00 4 4 4
2 0.000D+00 24 19 0
3 1.894D+03 7 15 0

THIS DATA APPLIES TO THE CANONICAL IMPLEMENTATIONS AVAILABLE THROUGH
THE "DES" COMMAND. OTHER IMPLEMENTATIONS ALSO EXIST WITH DIFFERENT
LIMIT CYCLE DATA, SOME WITH NO LIMIT CYCLES AT ALL

The above comment has been added to the printout to remind users that there are many forms of
hardware implementations of digital biquadratic blocks, with very different properties. It is there-
fore up to the users to interpret and use the program output as they see fit.

Next we will round the coefficients to 12 floating point bits and use the PERM command to re-
arrange the numerator factors. Because both of these are non printing commands, we use the PRI
command to observe the results:

COMMAND :

> trun

DO YOU WANT TRUNCATION: 1 OR ROUNDING: 2
> 1

ENTER NO. OF SIGNIFICANT BITS

> 12

FIXED-POINT: -1 OR FLOATING-POINT: 1

> 1

* % DONE * %

COMMAND :

> perm

NUMERATOR: N OR DENOMINATOR: D

> n

ENTER PERMUTED SEQUENCE OF 3 SERIAL NUMBERS
> 31 2

* % DONE * %

COMMAND:

> pri

WRITE TO FILE? (Y/N)

> n

*** S/FILSYN *** FILTER PROGRAM

digital Bessel
LINEAR-PHASE LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 50.000000 kHz
MAXIMALLY-FLAT PASS BAND
REQUESTED DELAY = 300.000000 usec
NORMALIZATION FREQUENCY = 2.652582 kHz

EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

.609472 kHz

N -

REAL PART IMAGINARY PART
0.0000000D+00 3.4350384D+03
0.0000000D+00 1.8177735D+03
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**IIR** DIGITAL FILTER TRANSFER FUNCTION
72 TRANSFORM USED IMPULSE-INVARIANT
FILTER TYPE

FRONT-END MULTIPLIER =

DECIMAL: D OR HEXADECIMAL: X

> X

**** CASCADE FORM ***x*
NUMERATOR COEFFICIENTS HEXADECIMAL

Z*x* (0)
1.0000000000000

Z%* (-1)
-1.F5C0000000000
1.0000000000000 0.0000000000000
1.0000000000000 -1.F4E0000000000

DENOMINATOR COEFFICIENTS HEXADECIMAL

Z**( O)
1.0000000000000
1.0000000000000
1.0000000000000

Z** (-1)
-0.C8C0000000000
-1.96B0000000000
-1.AA20000000000

***x*x PARALLEL
THE GENERAL FORM IS:

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1)

A2
4.DF40000000000
0.6C80000000000
0.0000000000000

0.0000000000000

Al
-6.B6C0000000000
-0.3718000000000

7.5FC0000000000
CONSTANT TERM =

LINEAR PHASE LOWPASS
4.44580078125D-01

(PARTIAL FRACTION)

-1.96B0000000000
-1.AA20000000000
-0.C8C0000000000

10.15

Z%* (-2)
1.0000000000000
0.0000000000000
0.FFC8000000000

Z%* (-2)
0.0000000000000
0.A3B8000000000
0.BBC0000000000

FORM ***x*x  HEXADECIMAL

+ A4 * 7R (-2))

A3 A4
0.A3B8000000000
0.BBC0000000000
0.0000000000000

Since parallel form is also present, those coefficients have been truncated and printed here as

well, as would any other existing form.

Example 10.2.2 Elliptic Lowpass Filter

For this example, we will consider an elliptic lowpass filter design. This will help us to demon-
strate the following commands: ORD, PERM, SCAL, TRUN and FREQ. The input data is

entered in the customary and familiar format:

C:>sfilsyn
* Kk Kk k Kk S/FILSYN * %k % Kk %
RELEASE 3.2 VERSION 1 4/1/94

** ROOT SEGMENT **
(C) 1983 - 1995 Dr.

All Rights Reserved.
FROM FILE: Y/N

Copyright

READ DATA
> n
SMAIN:
> s
ENTER TITLE

> elliptic digital lowpass

S, PLACER: P OR END: E

FILTER KIND - LUMPED: 0, DIGITAL:
> 1
ENTER SAMPLING FREQUENCY IN HZ
>  10e3
FILTER TYPE - LOWPASS: 1, HIGHPASS:
> 1
UPPER EDGE OF THE PASSBAND IN HZ
> 1000
PASSBAND - MAX.-FLAT: 0, EQUAL-RIPPLE: 1,
> 1
S/FILSYN Manual
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WHAT IS THE BAND EDGE LOSS IN DB

> .1

STOPBAND - MONOTONIC: 0, EQUAL-MINIMA: 1 OR SPECIFIED: 2
> 1

WISH TO SPECIFY MINIMUM REQUIRED STOPBAND LOSS: Y/N
> n

ENTER OVERALL FILTER DEGREE

> 8

ENTER EDGE FREQUENCY OF UPPER STOPBAND IN HZ

> 1100

ENTER ZS (-1,0 OR 1). FOR DEFAULT, ENTER: O

> -1

The ZS parameter and its use are explained in detail in Appendix D. Under normal circumstances
ZS = -1 yields the optimum design for digital filters.

In the single-executable version the usual summary of the analog filter data, (not shown) is
imme- diately followed by the digital filter data. For the multi-executable version we must still
write the transfer data file, exit the root segment of the program, enter the DIGITAL segment,
select the synthesis (S) option and specify the name of the file that contains the transfer data.
Leaving all that out, the resulting filter data is as follows:

**% S/FILSYN *** FILTER PROGRAM

elliptic digital lowpass
LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 10.000000 kHz
EQUAL-RIPPLE PASS BAND

BANDEDGE LOSS = .100000 DB.

UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
EQUAL-MINIMA STOPBAND TYPE

UPPER STOPBAND EDGE FREQUENCY = .100000 kHz

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS

@ > O

REAL PART IMAGINARY PART
0.0000000D+00 1.1079372D+03
0.0000000D+00 1.1893820D+03
0.0000000D+00 1.4982016D+03
0.0000000D+00 2.8985012D+03

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP
FILTER TYPE :  LOWPASS

H(Z) IN FACTORED FORM. COEFFICIENTS OF Z** (-1) AND Z** (-2) PRINTED

***x NUMERATOR **** MULTIPLIER = 6.1917951D-03
4.9555529D-01 1.0000000D+00
-1.1773981D+00 1.0000000D+00
-1.4670386D+00 1.0000000D+00
-1.5346496D+00 1.0000000D+00

***x DENOMINATOR ****
-1.4472010D+00 5.5078067D-01
-1.5040394D+00 7.3820256D-01
-1.5534218D+00 8.9342349D-01
-1.5864675D+00 9.7316817D-01

IIR digital analysis segment S/FILSYN Manual
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We will first demonstrate the pairing and ordering (ORD) command. This command needs no

additional data:

COMMAND :
>  ord

elliptic digital lowpass
BEST ASSIGNMENT FOUND IN

1 4 2 1
2 4 1

NOISE GAIN =
2 2 1 4
2 1 4

NOISE GAIN =
3 2 3 4
1 3 4

NOISE GAIN =
4 4 1 2
2 4 1

NOISE GAIN =
5 4 2 1
2 4 1

NOISE GAIN =

3
3

44.

49.

41.

45.

44 .

5 RANDOM STARTS

DB

DB

DB

DB

DB

l6.

16.

l6.

16.

16.

51

91

16

62

51

The ORD command prints 15 sub optimal results, containing the permutation sequence for the
numerator factors, followed by the same for the denominator factors and finally the noise gain
achieved. The best result found had the lowest, 16.05 dB noise gain, with numerator sequence of

1 4 3 2 and denominator sequence of 1 3 4 2. Hence we will rearrange the numerator and
denom- inator factors into the indicated sequences using the PERM command. Note that

subsequent use of the ORD command will usually yield different results, since the starting points
are generated by a random number generator.

COMMAND :
> perm

NUMERATOR: N OR DENOMINATOR: D

> n

ENTER PERMUTED SEQUENCE OF

> 14 32
** DONE **

COMMAND :
> perm

4 SERIAL NUMBERS

NUMERATOR: N OR DENOMINATOR: D

> d

ENTER PERMUTED SEQUENCE OF

> 1 342
** DONE **

We could have checked the correctness of this rearrangement by asking for a print, but we

4 SERIAL NUMBERS

elected to wait until later. Instead, we next ask for an Lo scaling. First we invoked the scaling
command with the Loo algorithm, considering the individual 2nd order sections separately (the

negative sign of the Loo scaling indicator 2):

S/FILSYN Manual
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COMMAND :

> scal

L2: 1 OR LOO:
> =2

DO DENOMINATORS COME FIRST:
> 2

NEW MULTIPLIER =

2 SCALING

SCALE FACTORS
2.8348616D-02
2.1241026D-01
3.7513283D-01
2.6463632D+01

DO YOU WISH TO MODIFY THESE:

> n

2 OR NOT: 1

1.0357972D-01

Y/N

NOISE GAIN

43.32 DB

The resulting noise gain is quite a bit higher than the optimum indicated during the execution of
the pairing and ordering procedure, but this is due to the different scaling policy than the one
used there. If we wish to implement the scale factors not as separate multipliers, but rather to
include them into the numerators of the second order sections, the PRI command will now do
this auto- matically. The coefficients are available in either decimal or hexadecimal formats, as

we have seen above already.

As most references indicate, IIR filters should not be implemented in the so-called “direct form”
for various reasons. But if we desire to do so, the DIR command calculates the polynomial forms
of the numerator and denominator of the transfer function in terms of the z-variable, which is the
form needed for the “direct” implementation:

COMMAND :
> dir

***x DIRECT FORM ****

COEFFICIENTS OF ASCENDING POWERS OF Z** (-1)

NUMERATOR
6.191795119D-03
-2.280766923D-02
4.776724627D-02
-6.708379441D-02
.501730270D-02
-6.708379441D-02
4.776724627D-02
-2.280766923D-02
6.191795119D-03

O JoyUurdbd WN B O
~

DENOMINATOR

.000000000D+00
.091129648D+00
.706324333D+01
.848950169D+01
.088590195D+01
.220866903D+01
.032989179D+01
.840055963D+00
.535082116D-01

Next we invoke the scaling command again, this time using the L, scaling policy:

COMMAND :

> scal

L2: 1 OR LOO:
> 1

2 SCALING

NEW MULTIPLIER =

SCALE FACTORS
9.0635819D-02
5.3582595D-01
6.1703198D-01
6.8893687D-01

DO YOU WISH TO MODIFY THESE?

>y
ENTER NEW SCALE FACTORS
> .125 .5 .5 .5

IIR digital analysis segment

2.9992030D-01

NOISE GAIN

(Y/N)

16.05 DB
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NEW MULTIPLIER =

SCALE FACTORS
1.2500000D-01
5.0000000D-01
5.0000000D-01
5.0000000D-01

3.9627489D-01

NOISE GAIN =

12.55 DB

10.19

With the unmodified scale factors, the noise gain is exactly the optimal value of 16.05 dB. We

modified these factors so as to make them all a power of 2 with integer exponents in order to

simplify their implementation. Next we recompute the parallel and lattice forms, to make certain

they all are correct:

COMMAND :
> par

**IIR** DIGITAL FILTER TRANSFER FUNCTION

72 TRANSFORM USED
FILTER TYPE

**** PARALLEL

THE GENERAL FORM IS:

(AL + A2 * Z**(=1))/(1 + A3 * z**(-1)

Al
1.405449560D-01
-2.640425645D-01
1.324029549D-01
-2.022883077D-02
CONSTANT TERM =

COMMAND :
> lat

****x GRAY-MARKEL LATTICE ****

MULTIPLIER

-8.167108777D-01 -
9.962461889D-01
-8.895725524D-01
9.587306321D-01
-9.274744239D-01
9.081211504D-01
-7.848760487D-01
3.535082116D-01
0.000000000D+00

BILINEAR WITH PREWARP

LOWPASS

A2
.164850104D-02
.487404695D-02
.008864419D-01
.941960683D-02
.751527946D-02

(PARTIAL FRACTION)

-1
-1

FORM * Kk kK

+ A4 * ZF*(=2))

A3

.447200958D+00
.504039355D+00
-1.
-1.

553421833D+00
586467502D+00

TAP-WEIGHT

AR NNDNOONRE O

.312208861D-05
.428907355D-04
.113565855D-03
.948203542D-03
.029980751D-02
.764574721D-02
.878158991D-02
.490735759D-02
.191795119D-03

Next we round these coefficients to 16 bits in fixed point format:

COMMAND :
> trun

DO YOU WANT TRUNCATION:

> 2

ENTER NO. OF SIGNIFICANT BITS

> 16
FIXED-POINT:
> -1

* % DONE * %

-1 OR FLOATING-POINT: 1

followed by an hexadecimal printout:

COMMAND :

> pri

WRITE TO FILE?
> n

S/FILSYN Manual

(Y/N)

1 OR ROUNDING:

2

O 0 J Ul

A4

.507806729D-01
.382025620D-01
.934234946D-01
.731681727D-01
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*** S/FILSYN *** FILTER PROGRAM
elliptic digital lowpass
LOW-PASS FILTER
DIGITAL FILTER

SAMPLING FREQUENCY = 10.000000 kHz
EQUAL-RIPPLE PASS BAND
BANDEDGE LOSS = .100000 DB.

UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZEROS =
OVERALL FILTER DEGREE =
TRANSMISSION ZEROS
REAL PART
.0000000D+00
.0000000D+00
.0000000D+00
.0000000D+00

.100000 kHz

@0 > O

IMAGINARY PART
1.1079372D+03
1.1893820D+03
1.4982016D+03
2.8985012D+03

O O O O

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED BILINEAR WITH PREWARP
FILTER TYPE LOWPASS
FRONT-END MULTIPLIER =
DECIMAL: D OR HEXADECIMAL: X
> X

3.96274566650D-01

***xx CASCADE FORM ****
NUMERATOR COEFFICIENTS HEXADECIMAL

Z**( O)
.2000000000000
.8000000000000
.8000000000000
.8000000000000

O O O O

Z** (-1)
0.0FDC000000000
-0.C46F000000000
-0.BBC8000000000
-0.96B5000000000

Z%* (-2)
2000000000000
8000000000000
.8000000000000
8000000000000

O O O O

DENOMINATOR COEFFICIENTS HEXADECIMAL

Z** (0)
.0000000000000
.0000000000000
.0000000000000
.0000000000000

Z** (-1)
-1.727C000000000
-1.8DAD000000000
-1.9623000000000
-1.8109000000000

2% * (-2)
.8D00000000000
.E4B7000000000
.F922000000000
.BCFB000000000

e e
co oo

***x*x PARALLEL
THE GENERAL FORM IS:

(PARTIAL FRACTION) FORM ***x* HEXADECIMAL

(Al + A2 * Z**(=1))/(1 + A3 * Z**(-1) + A4 * Z**(-2))

Al A2 A3 A4

0.23FB00000000O
-0.4398000000000

0.21E5000000000
-0.052E000000000
CONSTANT TERM =

0.081A000000000
0.132B00000000O
-0.19D4000000000
0.0788000000000
0.047C000000000

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

727C000000000
8109000000000
8DAD0O00000000
9623000000000

***xx GRAY-MARKEL LATTICE ***x*

MULTIPLIER

-0.
0.
-0.
0.
-0.
0.
-0.
0.
0.

D114000000000
FFOA000000000
E3BB000000000
F56F000000000
ED6F000000000
E87B000000000
C8EE000000000
5A80000000000
0000000000000

IIR digital analysis segment

[eloNoloNoNoNeoNeNe]

TAP-WEIGHT
.0004000000000
.0009000000000
.008B00000000O
.01C7000000000
.0532000000000
.0714000000000
.075E000000000
.03D1000000000
.0196000000000

0.8D00000000000
0.BCFB0O00000000
0.E4B7000000000
0.F922000000000

(HEXADECIMAL)
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All coefficients of all forms have been properly rounded. Finally, we perform a frequency
analysis to determine the effects of coefficient rounding:

COMMAND :

> freqg

ENTER FREQ:

> 0 2k 50

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5

> 1

TABULATE? (Y/N)

>y

elliptic digital lowpass

*xKxxxxx COMPUTED PERFORMANCE *****xx CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS

0.00000D+00 .0993 .0000 5.8379D-04
5.00000D+01 .0925 10.5242 5.8644D-04
1.00000D+02 .0738 21.1424 5.9415D-04
1.50000D+02 .0480 31.9398 6.0620D-04
2.00000D+02 .0222 42.9851 6.2150D-04
2.50000D+02 .0040 54.3261 6.3885D-04
3.00000D+02 -.0002 65.9899 6.5725D-04
3.50000D+02 .0120 77.9917 6.7646D-04
4.00000D+02 .0380 90.3531 6.9751D-04
4.50000D+02 .0692 103.1282 7.2298D-04
5.00000D+02 .0935 116.4321 7.5709D-04
5.50000D+02 .0981 130.4677 8.0526D-04
6.00000D+02 .0769 145.5405 8.7323D-04
6.50000D+02 .0368 162.0497 9.6534D-04
7.00000D+02 .0030 180.4419 1.0822D-03
7.50000D+02 .0098 201.1421 1.2217D-03
8.00000D+02 .0641 224.6133 1.3948D-03
8.50000D+02 .0984 251.9271 1.6672D-03
9.00000D+02 .0264 286.2114 2.2041D-03
9.50000D+02 .0522 333.8533 3.1741D-03
1.00000D+03 .0981 55.5615 7.4651D-03
1.05000D+03 17.5867 178.2661 3.3171D-03
1.10000D+03 50.3224 215.8059 1.3899D-03
1.15000D+03 51.7742 55.4892 8.7431D-04
1.20000D+03 63.8186 248.8305 6.3273D-04
1.25000D+03 51.7024 258.8568 4.9229D-04
1.30000D+03 50.3555 266.8403 4.0061D-04
1.35000D+03 51.6991 273.4401 3.3616D-04
1.40000D+03 54.9896 279.0418 2.8847D-04
1.45000D+03 61.3566 283.8906 2.5180D-04

This cascade form seems fine, the truncation has not caused noticeable changes. Let us see the

lattice form next:

COMMAND :

> freqg

ENTER FREQ:

> / ! Same frequencies

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5
> 4
TABULATE? (Y/N)
>y
elliptic digital lowpass
FHxFxxxxx COMPUTED PERFORMANCE ******xx% LATTICE

S/FILSYN Manual
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FREQUENCY LOSS
IN HZ IN DB
0.000000E+00 .0912
5.000000E+01 .0845
1.000000E+02 .0660
1.500000E+02 .0407
2.000000E+02 .0154
2.500000E+02 -.0020
3.000000E+02 -.0052
3.500000E+02 .0084
4.000000E+02 .0361
4.500000E+02 .0697
5.000000E+02 .0969
5.500000E+02 .1054
6.000000E+02 .0894
6.500000E+02 .0562
7.000000E+02 .0320
7.500000E+02 .0521
8.000000E+02 .1257
8.500000E+02 .1895
9.000000E+02 .1658
9.500000E+02 .2816
1.000000E+03 .5365
1.050000E+03 18.6832
1.100000E+03 47.2443
1.150000E+03 47.1328
1.200000E+03 58.3125
1.250000E+03 51.6719
1.300000E+03 50.1644
1.350000E+03 51.3772
1.400000E+03 54.4852
1.450000E+03 60.3520

PHASE DELAY
IN DEGREES IN SECONDS
.0000 5.8321E-04
10.5137 5.8586E-04
21.1213 5.9356E-04
31.9080 6.0560E-04
42.9426 6.2090E-04
54.2726 6.3823E-04
65.9251 6.5662E-04
77.9154 6.7581E-04
90.2650 6.9684E-04
103.0277 7.2229E-04
116.3189 7.5638E-04
130.3416 8.0453E-04
145.4012 8.7252E-04
161.8979 9.6468E-04
180.2795 1.0817E-03
200.9737 1.2216E-03
224.4508 1.3957E-03
251.7991 1.6705E-03
286.1904 2.2137E-03
334.1429 3.2024E-03
56.8094 7.5564E-03
183.7352 3.8642E-03
318.5732 1.5824E-02
26.8113 3.2207E-04
327.9476 -8.3275E-03
274.9508 -3.4496E-04
275.3284 1.9935E-04
279.7807 2.7557E-04
285.0305 3.1130E-04
291.7095 4.9277E-04

This is a bit worse, especially at the edge of the passband, but overall not too bad. The direct
form was not computed, but it would be similar. In a narrow band case it would be much worse.

Example 10.2.3 Digital Bandpass Filter -- EQU Command

To illustrate the EQU (delay equalization) command, let us consider the digital bandpass
example 9.2.1. For convenience, the filter data is repeated here:

digital example (bilinear with prewarping)

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP
FILTER TYPE : BANDPASS

H(Z) IN FACTORED FORM. COEFFICIENTS OF Z** (-1)

**xxx NUMERATOR **** MULTIPLIER

6.1803399D-01
-1.9021130D+00
0.0000000D+00

** %% DENOMINATOR ****
-8.5077241D-01
-1.4842335D+00
-5.6208324D-01

1.
1.
1.

= 4.8811829D-02
0000000D+00
0000000D+00
0000000D+00

.4295364D-01
.2148122D-01
.8398655D-01

AND Z** (-2)

PRINTED

A frequency analysis from 10 kHz to 20 kHz is performed to see the delay distortion:

COMMAND:
> freqg

IIR digital analysis segment
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ENTER FREQ:
> 10k 20k .5k

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3 OR LATTICE: 4

> 1

TABULATE: Y/N

>y

digital example (bilinear with prewarping)

*xKxxxxx COMPUTED PERFORMANCE *****xx CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS
1.00000D+04 .5000 303.5218 1.1389D-04
1.05000D+04 .0294 322.7998 9.8654D-05
1.10000D+04 .0481 338.8477 7.9992D-05
1.15000D+04 L2270 351.8636 6.5541D-05
1.20000D+04 .3940 2.7619 5.6357D-05
1.25000D+04 .4861 12.4031 5.1360D-05
1.30000D+04 .4929 21.4324 4.9390D-05
1.35000D+04 .4270 30.3132 4.9589D-05
1.40000D+04 .3126 39.3753 5.1306D-05
1.45000D+04 .1810 48.8397 5.3960D-05
1.50000D+04 .0673 58.8203 5.6937D-05
1.55000D+04 .0049 69.3182 5.9605D-05
1.60000D+04 .0170 80.2290 6.1466D-05
1.65000D+04 .1068 91.3891 6.2400D-05
1.70000D+04 .2517 102.6641 6.2873D-05
1.75000D+04 .4034 114.0622 6.4016D-05
1.80000D+04 .4951 125.8627 6.7747D-05
1.85000D+04 .4544 138.7952 7.7297D-05
1.90000D+04 .2421 154.3758 9.8398D-05
1.95000D+04 .0042 175.3719 1.3824D-04
2.00000D+04 .5000 204.5282 1.8167D-04
Next we invoke the EQU command:

COMMAND:

>  equ

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)

> 20

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY

> 1

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND

> led 2e4

If so desired, the number of iterations used for the optimization process may also be specified by
the user. A carriage return indicates that the default value of 50 is acceptable. The number of
iterations has another use, which is explained in Application Note 7 through a detailed example.
Since the analysis might cover a wider frequency band, the range of the approximation band must
be specified. This is particularly important in this case because of our use of the previously
calcu- lated delay values for the equalization process. Note also that the IR DIGITAL
ANALYSIS seg- ment is the only analysis segment (apart from the root segment), that calculates
delay by the exact differentiation method for the cascade implementation, among others. The
program output is as follows:
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digital example

*** S/FILSYN

LEAST SQUARE ERROR APPROXIMATION -

* Kk Kk

DELAY EQUALIZER PROGRAM

EQUALIZATION FREQUENCY RANGE OF
1.000000D+04 HERTZ
6.283185D+04 RAD/SEC

EQUALIZER SECTION POLES - INITIAL VALUES

-5.000000D+03 +J
-5.000000D+03 +J
SYSTEM NORMALIZED FOR OPTIMIZATION BY SCALE FACTOR

HERTZ

(bilinear with prewarping)

21 POINTS
TO 2.000000D+04 HERTZ
TO 1.256637D+05 RAD/SEC

1.250000D+04
1.750000D+04

ITER NO. RMS ERROR

Lo JdaUd WN PO
HFRRRERRPR RN W

TABULATE RESULTS:

>y

.252950D+00
.797020D+00
.225262D+00
.694998D+00
.606833D+00
.238077D+00
.226882D+00
.226663D+00
.226659D+00
.226659D+00

Y/N

50 ITERATIONS MAXIMUM

1.000D+05

This least-squares iterative optimization procedure converged uneventfully, and the subsequent
tabulation, which we elected to have printed, shows the results indicating a much more constant
delay than was originally obtained:

FREQUENCY
HERTZ

5
X 10

.100000
.105000
.110000
.115000
.120000
.125000
.130000
.135000
.140000
.145000
.150000
.155000
.160000
.165000
.170000
.175000
.180000
.185000
.190000
.195000
.200000

WISH TO SEE DEVIATION PLOT:

> n

ORIG. NET.
SEC

[

[

bed

O WWOW-JooooULUrOr Ul U100y O

-5
10

.389018
.865399
.999234
.554104
.635680
.135956
.939024
.958861
.130612
.395992
.693694
.960510
.146588
.240045
.287317
.401584
. 774689
.729679
.839848
.824433
.166909

IIR digital analysis segment

EQUALIZER
SEC

X

8.
10.
.056087
13.
15.
15.
15.
15.
.666913
14.
14.

12

14

14

14

Y/N

-5
10

640393
252559

842483
259222
963628
886210
311916

274873
270082

.604527
15.
15.
.987823
14.
12.
10.

9.

7.

6.

062502
300804

006965
526167
849780
231780
805691
608903

TOTAL
SE

X

20.
20.
20.
20.
20.
21
20.
20.
19.
19.
19.
20.
21.
21.
21
20.
19.
18.
19.
21.
24

C
-5
10

029411
117958
055321
396587
894901

.099583

825234
270777
797525
670866
963776
565038
209090
540849

.275140

408549
300856
579459
071628
630124

.775812

DEVIATION
SEC

X

-1

-5
10

.517184
.428637
.491273
.150007
.348307
.552989
.278640
.275817
.749070
.875729
.582819
.018443
.662495
.994254
.728546
.138046
-1.
.967135
-1.
.083530
.229218

245738

474966
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After declining the plot offer, we are provided with the equalizer data both in terms of natural
modes as well as in numerator and denominator coefficients:
EQUALIZER SECTION POLES - FINAL VALUES
NORMALIZED
-1.290301D-01 + J 5.596161D-01
-1.561651D-01 + J 8.002718D-01

DIGITAL EQUALIZER COEFFICIENTS

NUMERATOR DENOMINATOR
-1.674222D+00 1.380074D+00 -1.213140D+00 7.245991D-01
-1.154903D+00 1.403769D+00 -8.227160D-01 7.123680D-01
INCORPORATE: 1, MODIFY: 2, OPTIMIZE: 3 OR END: 4

> 4
At this stage we are offered the usual four options:

* to abort the design completely (4)

* to perform more iterations (3)

* to modify the number of equalizer sections if the delay is not satisfactory, or if it is much
better than required (2)

* to incorporate the equalizer sections into our filter, if the equalization is acceptable (1).

Because we wish to invoke the EQU command again, we aborted the previous design. This time
we will use the natural modes for equalization:

COMMAND :

>  equ

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)

> 20

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY
> 2

WISH TO READ FREQUENCIES FROM FILE: Y/N

> n

ENTER FREQ:

> led 2e4 500

ENTER FREQ:

>

** WARNING! ANALYSIS RESULTS ARE DELETED **

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND
> led 2e4

The above warning informs us that, since we specified natural modes for the optimization, the
program recalculated the delay from these natural modes, and the previous analysis results are
overwritten. If we had no analysis results already available, the choice between them and the
natu- ral modes would not have been offered. At this time however, we have to specify the
frequencies at which the delay is to be evaluated. The maximum number of frequencies is limited
to the usual 501 points. Another alternative could have been to read in a file containing the
frequencies. This procedure is useful if a large set of unrelated frequencies is to be used, in which
case entering them from the keyboard is both tedious and prone to error.
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Since this filter is the same as the one evaluated previously, the printout is also identical. There-
fore, shown below is only the last portion of the printout which confirms that the results do
agree:
EQUALIZER SECTION POLES - FINAL VALUES
NORMALIZED
-1.290301D-01 + J 5.596161D-01
-1.561651D-01 + J 8.002718D-01

DIGITAL EQUALIZER COEFFICIENTS

NUMERATOR DENOMINATOR
-1.674222D+00 1.380074D+00 -1.213140D+00 7.245991D-01
-1.154903D+00 1.403769D+00 -8.227160D-01 7.123680D-01

INCORPORATE: 1, MODIFY: 2, OPTIMIZE: 3 OR END: 4
> 1

This time we elect to incorporate these sections into our bandpass. The results of the
modification are automatically printed:

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE : BANDPASS
FRONT-END MULTIPLIER = 2.51957452154D-02
DECIMAL: D OR HEXADECIMAL: X
> d
NUMERATOR COEFFICIENTS
Z**( O) Z**(—l) Z**(—Z)
1.000000000D+00 6.180339887D-01 1.000000000D+00
1.000000000D+00 -1.902113033D+00 1.000000000D+00
1.000000000D+00 0.000000000D+00 1.000000000D+00
1.000000000D+00 -1.674222467D+00 1.380073594D+00
1.000000000D+00 -1.154903200D+00 1.403768933D+00

DENOMINATOR COEFFICIENTS

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -8.507724080D-01 6.429536428D-01
1.000000000D+00 -1.484233475D+00 8.214812210D-01
1.000000000D+00 -5.620832359D-01 8.839865495D-01
1.000000000D+00 -1.213139991D+00 7.245990391D-01
1.000000000D+00 -8.227160272D-01 7.123679519D-01

A subsequent frequency domain analysis (not shown) confirms that the loss of this filter is
exactly as it was before, while its delay is the one indicated by the delay equalizer subprogram
above.

Example 10.2.4 Stand-Alone Use of the Equalizer Segment

To demonstrate the use of this segment as a stand-alone program, we will use the same bandpass
filter as in example 10.2.2, but will use the natural modes to specify the filter delay. However, we
will leave the program and reenter it from the beginning using the following conversational data
input sequence:

C:>digital
* ok kK Kk S/FILSYN * Kk kK Kk

IIR digital analysis segment S/FILSYN Manual
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RELEASE 3.2 VERSION 1 4/1/84
*x* DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> a
READ DATA FROM FILE? ENTER FILE NAME OR: N
> n

ENTER TITLE
> digital equalizer
DELAY EQUALIZER DESIGN: Y/N

>

ENTER SAMPLING FREQUENCY

> 1le5

NO. OF ITERATIONS? (DEFAULT IS 50)

>

ENTER NO.'S OF 2ND AND 1ST ORDER EQUALIZER SECTIONS (I,J)
> 20

WISH TO READ FREQUENCIES FROM FILE: Y/N

> n

ENTER FREQ:

> 1led 2e5 500

ENTER FREQ:

>

ENTER STARTING AND ENDING FREQUENCIES OF APPROXIMATION BAND
> led 2e4

USE ANALYSIS RESULTS: 1 OR NATURAL MODES: 2 TO CALCULATE DELAY
> 2

VALUES ARE TO BE IN NORMALIZED, TRANSFORMED UNITS

ENTER OVERALL DEGREE

> 6

ENTER 6 (COMPLEX) ROOTS, ONE REAL-IMAGINARY PAIR PER LINE.
COMPLEX CONJUGATE PAIRS NEED TO BE ENTERED ONLY ONCE

> -7.432886e-2 4.332943e-1

> -1.970674e-1 7.50311le-1

> -6.527975e-2 1.009715

We see that, immediately after starting the sequence, we are queried about using the delay equal-
izer sub-segment. Also, the entry point is reached by calling the DIGITAL program and selecting
the analysis (A) option. Users of earlier versions of S/FILSYN please note also, that we have
changed the format of entering complex numbers. These are now more uniform and simpler.

The single-executable version is slightly different. The session begins as follows (the “vax2 $” is
the system prompt):

vax2 $ run sfilsyn
* Kk Kk k Kk S/FILSYN * %k % Kk %
RELEASE 3.2 VERSION 1 4/1/94

Copyright (C) 1983 - 1995 Dr. George Szentirmai.
All Rights Reserved.

READ DATA FROM FILE: Y/N

> n

PLACER: P, SMAIN: S, LADDER: L, DIGITAL: D, ACTIVE: A OR END: E
> d

DIGITAL - FIR: F OR IIR: I

> i

READ DATA FROM FILE? ENTER FILE NAME OR: N

> n

ENTER TITLE. IF END, ENTER: END
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> digital equalizer
DELAY EQUALIZER DESIGN:

>y

Y/N

Here the same point is reached by calling the main (SFILSYN) program and selecting the

DIGITAL (D) option, followed by the IIR (I) option.

Tabulated delay may be entered either from the keyboard or read in from a previously prepared
disk file. The disk file can contain the requisite number of delay data points in completely free
format. Frequencies and natural modes may also be read in from a disk file. All the data read
from files must be in the same file and in the proper sequence. See Section 13 for further details.
Since the data set describes the same filter as before, the program output is also identical and
therefore is not shown. At the end, although we have no filter into which to incorporate it, we are
offered the option of doing so. Consequently, we can obtain the newly designed delay equalizer

as a circuit by itself.

INCORPORATE: MODIFY: OPTIMIZE: 3 OR END:

> 1

1, 2,

digital equalizer

**TIR** DIGITAL FILTER TRANSFER FUNCTION
7Z TRANSFORM USED UNKNOWN
FILTER TYPE DELAY EQUALIZER
SAMPLING FREQUENCY
FRONT-END MULTIPLIER =
DECIMAL: D OR HEXADECIMAL: X
> d
***% CASCADE FORM ***x*
NUMERATOR COEFFICIENTS

= 100.000000 kHz

5.16180806182D-01

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -1.674222466D+00 1.380073983D+00
1.000000000D+00 -1.154902558D+00 1.403769427D+00

DENOMINATOR COEFFICIENTS

Z*x* (0) Z** (=1) Z** (=2)
1.000000000D+00 -1.213139647D+00 7.245988346D-01
1.000000000D+00 -8.227152808D-01 7.123677014D-01

This can now be treated as any other digital filter and may, for instance, be analyzed in the fre-

quency domain to show its performance:

COMMAND :

> freg

ENTER FREQ:

> led 2e4 500
ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE:
> 1

TABULATE? (Y/N)

>y

digital equalizer
FHxFxxxxx COMPUTED PERFORMANCE *****xx%

FREQUENCY LOSS PHASE

IN HZ IN DB IN DEGREES
1.00000D+04 .0000 116.7246
1.05000D+04 .0000 133.6912

IIR digital analysis segment

4 OR ALLPASS: 5

CASCADE
DELAY
IN SECONDS
8.6404D-05
1.0253D-04
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1.10000D+04 .0000 153.7514 1.2056D-04
1.15000D+04 .0000 177.0861 1.3842D-04
1.20000D+04 .0000 203.3627 1.5259D-04
1.25000D+04 .0000 231.5859 1.5964D-04
1.30000D+04 .0000 260.3546 1.5886D-04
1.35000D+04 .0000 288.4753 1.5312D-04
1.40000D+04 .0000 315.4376 1.4667D-04
1.45000D+04 .0000 341.4319 1.4275D-04
1.50000D+04 .0000 7.0631 1.4270D-04
1.55000D+04 .0000 33.0111 1.4605D-04
1.60000D+04 .0000 59.7162 1.5062D-04
1.65000D+04 .0000 87.1042 1.5301D-04
1.70000D+04 .0000 114.4636 1.4988D-04
1.75000D+04 .0000 140.6533 1.4007D-04
1.80000D+04 .0000 164.5860 1.2526D-04
1.85000D+04 .0000 185.6315 1.0850D-04
1.90000D+04 .0000 203.6829 9.2318D-05
1.95000D+04 .0000 218.9831 7.8057D-05
2.00000D+04 .0000 231.9220 6.6089D-05

Example 10.2.5 Stand-Alone Use of Analysis Segment

Following the same procedure described with regard to the delay equalizer segment in example
10.2.4, the digital filter analysis segment can also be used independently, either with data previ-

ously saved to a file, or with data entered through the keyboard.

Let us assume that the filter we wish to enter is the cascade version of the digital Bessel filter
described in example 10.2.1. This is easily done interactively by calling the segment. The

resulting conversational data entry sequence is:

C:>digital
* % K K % S/FILSYN * Kk k x
RELEASE 3.2 VERSION 1 4/1/94
** DIGITAL SEGMENT **

Copyright (C) 1983 - 1995 Dr George Szentirmai
All Rights Reserved.

SYNTHESIS: S, ANALYSIS: A OR END: E

> a
READ DATA FROM FILE? ENTER FILE NAME OR: N
> n

ENTER TITLE

> digital Bessel (manual entry)

DELAY EQUALIZER DESIGN: Y/N

> n

FREQUENCIES MUST BE ENTERED IN TRANSFORMED UNITS

IS TRANSFER FUNCTION GIVEN BY ROOTS: R OR IN FACTORED FORM: F

> f

ENTER NUMERATOR DEGREE

> 4

ENTER 2 LINEAR COEFFICIENTS

> -1.9566369 -1.7586197

ENTER 2 QUADRATIC COEFFICIENTS
> .99919925 .90831462

ENTER DENOMINATOR DEGREE

> 5

ENTER 2 LINEAR COEFFICIENTS
> -1.6645567 -1.5887056

ENTER 2 QUADRATIC COEFFICIENTS
> .73347881,.63959026

ENTER LINEAR COEFFICIENT

S/FILSYN Manual

IIR digital analysis segment



10.30

> -.78418062
ENTER SAMPLING FREQUENCY

> 50k
FILTER TYPE - LOWPASS: 1, HIGHPASS: 2, BANDPASS: 4 OR BAND-REJECT: 5
> 1

ENTER UPPER PASSBAND EDGE IN HZ
> 2652.5824

If we wish to read a saved data file back, we can do so at the second prompt. Even if we enter
filter coefficients, these coefficients may also be read from a file. This is of considerable help if
we wish to reenter either the same, or a slightly changed set of data more than once. Whenever
we wish to read a file instead of entering data from the keyboard, we enter the letter R in answer
to the prompt. If the program is able to read a file at that point, it will issue the ENTER
FILENAME prompt. The file must have a .DAT extension, although the extension need not be
specified. If we cannot recall the exact file name, the DIR command is also acceptable at this
point. After the file is specified and read, the program proceeds to the next question. If additional
data is to be read from the (same) file, the R response will direct the program to continue reading
it. If the file either does not contain enough data or the program is unable to read them, a
comment to that effect will be printed and we may continue by entering the data from the
keyboard. See Section 13 for fur- ther details.

If we repeat the design and all data input to a prompt are to remain unchanged, a slash (/) input
will produce the desired results.

Whether entered manually or read from a file, at this point all necessary data, with the exception
of the multiplier, which is defaulted to unity, will have been entered. Note also that, instead of
the quadratic factors, we could have used the (complex) poles and zeros to specify the filter. We
now have to adjust the multiplier which will be done through the use of the FLAT command. To
obtain the value to be used for this flat gain, we do a very brief frequency domain analysis:

COMMAND :

> freqg

ENTER FREQ:

> 0 200 100

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2, DIRECT: 3 OR LATTICE: 4

> 1
TABULATE: Y/N
>y
digital Bessel (manual entry)
Fxkxkxk COMPUTED PERFORMANCE ***x*x¥%x CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS
0.00000D+00 -18.5039 360.0000 2.9904D-04
1.00000D+02 -18.4463 10.7650 2.9900D-04
2.00000D+02 -18.2726 21.5272 2.9888D-04

We can now remove the flat loss factor by entering the negative of the value of loss at 0 Hz and
write the filter data to a disk file:

COMMAND :

> flat 18.5039
* K DONE * K
COMMAND :
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> pri

WRITE TO FILE? (Y/N)
>

ENTER FILE NAME

> 10x5

DECIMAL: D OR HEXADECIMAL: X
> d

* % DONE * %

Since we are finished with this example, we gracefully exit from the segment as follows and then
print the data file we have saved the filter in:

COMMAND :
> end
SYNTHESIS: S, ANALYSIS: A OR END: E
> e
*** DIGITAL SYNTHESIS PROGRAM TERMINATED ***

C:>type 10x5.asc
digital Bessel (manual entry)

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : UNKNOWN

FILTER TYPE :  LOWPASS
SAMPLING FREQUENCY = 50.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 2.652582 kHz
FRONT-END MULTIPLIER = 1.18796378115D-01

NUMERATOR COEFFICIENTS

Z** (0) Zx* (-1) gx* (=2)
1.000000000D+00 -1.956636900D+00 9.991992500D-01
1.000000000D+00 -1.758619700D+00 9.083146200D-01

1.000000000D+00 0.000000000D+00 0.000000000D+00

DENOMINATOR COEFFICIENTS

Z*% (0) Zx* (-1) gx* (=2)
1.000000000D+00 -1.664556700D+00 7.334788100D-01
1.000000000D+00 -1.588705600D+00 6.395902600D-01

1.000000000D+00 -7.841806200D-01 0.000000000D+00
Example 10.2.6 Differential Allpass Form -- ALLP command

A new implementation added recently is the differential allpass form. This realization is
available, if the filter characteristic function is a pure odd rational fraction (see Appendix G
section 2 for the definition of the characteristic function). For those familiar with the theory of
passive LC filters, this is equivalent to saying that the passive implementation is ‘symmetrical’.
This requirement im- plies, that we use the bilinear Z-transform and that the multiplicities of the
transmission zeros at zero and/or at the Nyquist frequencies are both odd, if non zero. The
implementation can be ob- tained simply by using the ALLP command at the command prompt.
This command needs no further data and if it will not work, causes no problem; a comment is
printed and control returns to the user.

The form of the implementation is shown below in Fig. 10.1, where Ao(z) and A,(z) are paths
consisting of cascaded allpass sections and the two outputs in fact, generate two transfer func-
tions, H(z) and G(z), that are complementary to each other, and one of them (usually the differ-
ence), is the function we are considering. For the definition of ‘complementary’ filters, please see
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Application Note 3, section 3. A frequency-domain analysis will always be necessary in order to
find out, whether the sum or the difference path is the function under consideration.

AO0(z)

H(z)
>

A1(z)

Fig. 10.1 Differential allpass structure

The major advantage of this structure is that the allpass paths remain strictly allpass, even if the
coefficients are truncated, hence it is ‘structurally passive’ and is insensitive to coefficient pre-
cision. In addition, it can be implemented with fewer multipliers than any other realization.

As an example, consider the following 11th degree (it must be odd), elliptic lowpass filter:

*%% S/FILSYN ***

Differential allpass example

LOW-PASS FILTER
DIGITAL FILTER
SAMPLING FREQUENCY

EQUAL-RIPPLE PASS BAND

BANDEDGE LOSS
UPPER PASSBAND EDGE FREQUENCY

FILTER PROGRAM

EQUAL-MINIMA STOPBAND TYPE
UPPER STOPBAND EDGE FREQUENCY

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN.

NUMBER OF FINITE TRANSMISSION ZEROS
OVERALL FILTER DEGREE
TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 1.5530383D+04
0.0000000D+00 1.5821004D+04
0.0000000D+00 1.6720419D+04
0.0000000D+00 1.9304141D+04
0.0000000D+00 2.7258403D+04

**IIR** DIGITAL FILTER TRANSFER FUNCTION

Z TRANSFORM USED
FILTER TYPE

* Kk Kk k H(Z)

***x* NUMERATOR **** MULTIPLIER = 4.0116968D-03
1.0000000D+00 0.0000000D+00
2.8284784D-01 1.0000000D+00

-7.0058126D-01 1.0000000D+00
-9.9414458D-01 1.0000000D+00
-1.0905772D+00 1.0000000D+00
-1.1210068D+00 1.0000000D+00

IN FACTORED
COEFFICIENTS OF Z** (-1)

IIR digital analysis segment

(CASCADE)
AND Z** (-2)

BILINEAR WITH PREWARP
LOWPASS

FORM Kk ok ok

PRINTED

100.

15.

000000

.200000
000000

.500000

kHz

DB.
kHz

kHz
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***% DENOMINATOR ****
-6.8553220D-01
-1.3256520D+00
-1.2465289D+00
-1.1939767D+00
-1.1708416D+00
-1.1663214D+00

Next we invoke the ALLP command:

O W o Juo

.0000000D+00
.7915071D-01
.6993550D-01
.9862044D-01
.6101504D-01
.9005725D-01

COMMAND :
> allp

**** DIFFERENTIAL ALLPASS FORM ****
ALLPASS NO. 1

NUMERATOR COEFFICIENTS

Z**( O)
7.699354998D-01
9.610150353D-01

-6.855322004D-01

DENOMINATOR COEFFICIENTS
1.000000000D+00
1.000000000D+00
1.000000000D+00

ALLPASS NO. 2
NUMERATOR COEFFICIENTS

Z*x*(0)
5.791507133D-01
8.986204404D-01
9.900572538D-01

DENOMINATOR COEFFICIENTS
1.000000000D+00
1.000000000D+00
1.000000000D+00

-1.246528945D+00
-1.170841565D+00
-6.855322004D-01

-1.325652000D+00
-1.193976682D+00
-1.166321428D+00

7% (-1)
-1.246528945D+00
-1.170841565D+00

1.000000000D+00

.0
.0

.6
.6

7% (-1)
-1.325652000D+00
-1.193976682D+00
-1.166321428D+00

.0
.0
.0

=

L7
.9
.9

[ee]
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7% (=2)
00000000D+00
00000000D+00

99354998D-01
10150353D-01

7% (=2)
00000000D+00
00000000D+00
00000000D+00

91507133D-01
86204404D-01
00572538D-01

The display above is self-explanatory, the allpasses are indeed allpasses and we only need a fre-

quency domain analysis:

COMMAND :
> freqg
ENTER FREQ:
> 0 25k 1k
ENTER FREQ:
>
CASCADE :
> 5
TABULATE?
>y
Differential allpass example
*xAkxkxk COMPUTED

1, PARALLEL: 2, DIRECT:

(Y/N)

FREQUENCY LOSS (DIF)
IN HZ IN DB
1.00000E+03 21.6521
2.00000E+03 16.3570
3.00000E+03 14.0812
4.00000E+03 13.4725
5.00000E+03 14.4152
S/FILSYN Manual

3, LATTICE:

PERFORMANCE % * %% % %

PHASE (DIF)
IN DEGREES
107.9199
125.7228
143.4607
161.4354
180.1710

4 OR ALLPASS: 5

DIFF. ALLPASS

LOSS (SUM) PHASE (SUM)
IN DB IN DEGREES
.0298 197.9199
.1017 215.7228
L1731 233.4607
.1997 251.4354
.1600 270.1710
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6.00000E+03 17.7301 200.2921 .0739 290.2921
7.00000E+03 29.1389 222.3044 .0053 312.3044
8.00000E+03 22.2255 66.3649 .0261 336.3649
9.00000E+03 15.1991 92.4116 .1332 2.4116
1.00000E+04 13.4739 121.0401 .1997 31.0401
1.10000E+04 16.6584 154.7404 .0948 64.7404
1.20000E+04 27.1462 17.7863 .0084 107.7863
1.30000E+04 13.4999 73.4907 .1985 163.4907
1.40000E+04 22.7154 339.9499 .0233 249.9499
1.50000E+04 13.4672 217.8172 .2000 127.8172
1.60000E+04 .0000 45.6470 64.8402 315.6470
1.70000E+04 .0000 73.6062 68.6121 163.6062
1.80000E+04 .0000 89.4921 63.6773 179.4921
1.90000E+04 .0000 100.5255 75.6566 190.5255
2.00000E+04 .0000 108.9316 69.8165 18.9316
2.10000E+04 .0000 115.6935 64.2955 25.6935
2.20000E+04 .0000 121.3332 63.0193 31.3332
2.30000E+04 .0000 126.1608 63.4934 36.1608
2.40000E+04 .0000 130.3755 65.1869 40.3756
2.50000E+04 .0000 134.1132 68.1694 44.1132

Note that in order to print analysis results for both paths, we have space only for the loss and
phase data. Any of these can be displayed, as usual and the results can also be saved in a disk file
and later displayed by the GRAPH utility. In this case it is the sum function that generates our
lowpass function, while the difference function is naturally the complementary highpass.

We must note here, that the command does not work on filter functions that have been subject to
spectral transformation, consequently it does not work for band-reject filters, because they are al-
ways obtained by a spectral transformation. Low-, high- and band-pass filters can always be de-
signed directly, hence they cause no problems. Nevertheless, band-reject filters can still be imple-
mented in differential allpass form simply by designing the proper complementary bandpass
func- tion, implement it in differential allpass form and then use the complementary output to
realize the band-reject function. For the relationship between the passband loss of one filter and
the stopband loss of its complementary pair, please see equation 5 of Application Note 3, or
equation G.12 in Appendix G.

10.3 HARDWARE AND SOFTWARE REALIZATIONS
Example 10.3.1 Saving (SAVE) and storing (STO) files

With the intent of achieving a parallel realization of the filter, let us now revisit example 10.2.2.
For the cascade realization, we performed the pairing and ordering as well as the permuting and
scaling operations using the L, scaling policy. We will assume that, at the end of example 10.2.2,
we saved the data. The method for saving data on a permanent file is:

COMMAND :

> save

ENTER FILE NAME
> newfile

** DONE **

The filter data is now written in a file called NEWFILE.QFI, the .QFI having been appended by
the program. Note that if a file with that name existed, we would have been given the option of
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either overwriting it or specifying another file name. The extensions used in the personal
computer and other versions of the program are program-determined and cannot be specified by
the user. The system uses these extensions to keep track of the various files and to prevent us
from trying to read the wrong file.

To insure that we do not accidentally modify or erase filter data, we can temporarily store the
data and then follow with a request to have the parallel realization computed.

COMMAND :
> sto
* % DONE * %

COMMAND:
> par
**TIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE . LOWPASS
SAMPLING FREQUENCY = 10.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz

H(Z) IN PARTIAL FRACTION FORM
THE GENERAL FORM IS:
(A1 + A2 * 2% (=1)) /(1 + A3 * Z**(=1) + A4 * Z**(-2))

Al A2 A3 A4

1.405449560D-01 3.164850104D-02 -1.447200958D+00 5.507806729D-01
-2.640425645D-01 7.487404695D-02 -1.504039355D+00 7.382025620D-01
1.324029549D-01 -1.008864419D-01 -1.553421833D+00 8.934234946D-01
-2.022883077D-02 2.941960683D-02 -1.586467502D+00 9.731681727D-01
CONSTANT TERM = 1.751527946D-02
COMMAND :
> save
ENTER FILE NAME
> test

* % DONE * %

We will now repeat the L, scaling and subsequently, as we did before, replace the scale factors
with the nearest power of two. After doing so, we will decide that the results are not satisfactory
and therefore recall the temporarily stored data:

COMMAND :

> scal

L2: 1 OR L0O0: 2 SCALING

> 2

DO DENOMINATORS COME FIRST: 2 OR NOT: 1
> 1

NEW MULTIPLIER = 4.1505678D-02 NOISE GAIN = 25.93 DB
SCALE FACTORS
7.3063580D-01
5.0614196D-01
4.0340094D-01
9.9999740D-01
DO YOU WISH TO MODIFY THESE: Y/N
>y
ENTER NEW SCALE FACTORS
> .5 1. .125 .1

NEW MULTIPLIER = 9.9068722D-01 NOISE GAIN = 4.54 DB
SCALE FACTORS

5.0000000D-01

1.0000000D+00
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1.2500000D-01
1.0000000D-01

COMMAND:
> rcl
elliptic digital lowpass

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE :  LOWPASS
SAMPLING FREQUENCY = 10.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz
FRONT-END MULTIPLIER = 2.99920303452D-01
DECIMAL: D OR HEXADECIMAL: X
> d
NUMERATOR COEFFICIENTS
Z**( O) Z**(—l) Z**(—Z)
9.063581884D-02 4.491505946D-02 9.063581884D-02
5.358259521D-01 -8.223050819D-01 5.358259521D-01
6.170319843D-01 -9.052097477D-01 6.170319843D-01
6.889368691D-01 -8.111529408D-01 6.889368691D-01
DENOMINATOR COEFFICIENTS
Z**( 0) Z** (-1) Z2** (=2)
1.000000000D+00 -1.447200958D+00 5.507806729D-01
1.000000000D+00 -1.553421833D+00 8.934234946D-01
1.000000000D+00 -1.586467502D+00 9.731681727D-01
1.000000000D+00 -1.504039355D+00 7.382025620D-01

These are indeed the same results as those obtained in example 10.2.2. Since the STO command
was called before the PAR command , the previously obtained parallel form has been lost. Of
course it can be recreated by calling the PAR command once again.

Example 10.3.2 Filter Implementation

Instead of the usual hardware implementation, a digital filter can be simulated by software and to
help this process, the S/FILSYN program is capable of generating a FORTRAN subroutine for
this purpose. The PROG command performs this step and is extremely simple:

COMMAND :

> prog

CASCADE: 1, PARALLEL: 2, DIRECT: 3, LATTICE: 4 OR ALLPASS: 5
> 1

ENTER FILE NAME

> simul

* % DONE * %

The subroutine is written into a file named SIMUL.FOR. A listing of it is shown at the end of
this section.

More often, digital filters are implemented in hardware form. Let us now consider the hardware
realization of this filter. We will design the first section using section type 1 and decimal
represen- tation of the coefficients:

COMMAND :

> des

ENTER SECTION NUMBER

> 1

SECTION TYPE 1: 1 OR TYPE 2: 2
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> 1
DECIMAL: D OR HEXADECIMAL: X
> d

SECTION NO. 1

\ / 2.999203035D-01

\Y
/T
—< I— 9.063581884D-02
I\ | I
—I >—> (+) < -5.507806729D-01
I/ |
Y
-1
Z
/T
| —< I— 4.491505946D-02
I\ v | NI
1 >— (+) < 1.447200958D+00
I/ |
Y
-1
Z
/T
| —< I 9.063581884D-02
v | NI
(+) <
|
Y

In this computer-generated figure, the square boxes represent unit delays (shift registers). The
triangular boxes are multipliers with the coefficients printed next to them. Now we design
section 2, using type 2 realization and hexadecimal representation of the numbers:

COMMAND:
> des 2
SECTION TYPE 1: 1 OR TYPE 2: 2
> 2
DECIMAL: D OR HEXADECIMAL: X
> X
SECTION NO. 2
Y
|
\
> (+)
| 1\
—1 >— 0.892BE3BCC3C4B
| 1/
\
-1
z
/I
(+)< I | 1.8DADODA10940E
AT | I\ Vv
L—1—T >(+) -0.D28295FAQ01516
| 1/
\
| -1
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| lz |
|
L< 14 | | -0.E4B766F2F1CFB
\I | | I\ Vv
L—1L 7 >(+) 0.892BE3BCC3C4B
1/ |
4

Finally we design section 3 as shown below:

COMMAND :
> des 3 2 x
SECTION NO. 3

Y
|
v
> (+)
| 1\
—I >— 0.9DF5CEE1438A3
| 1/
-1
z
/I
(+)< I | 1.9622BBF45AB40
~ONT | | 1\ Vv
L—]—1 >(+) -0.E7BBD3767C193
| 1/
v
-1
z
/I
L< 1 | -0.F9218CA35CB51
\I | | 1\ Vv
L—L 71> 0.9DF5CEE1438A3
/|
v

As indicated above, the following is the listing of the file SIMUL.FOR which shows the
FORTRAN subroutine simulating the filter we have designed in cascade form.

C:>type simul.for
SUBROUTINE TIM(X,Y,N,IBT)
DOUBLE PRECISION X,Y,CI1N,C2N,C1D,C2D,CK,SC,YS,ZERO,YY, TRUN
DIMENSION YS(3,26),CIN(25),C2N(25),C1lD(25),C2D(25),SC(25)
DATA CIN /
* 4,.49150594557D-02,-8.22305081879D-01,-9.05209747722D-01,
*-8.11152940801D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/
DATA C2N /

* 9.06358188362D-02, 5.35825952134D-01, 6.17031984325D-01,
* 6.88936869060D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA C1D /

*-1.44720095756D+00,-1.55342183286D+00,-1.58646750179D+00,
*-1.50403935545D+00, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA C2D /

* 5.50780672870D-01, 8.93423494637D-01, 9.73168172725D-01,
* 7.38202561981D-01, 0.00000000000D+00, 0.00000000000D+00,
*19*0.D0/

DATA SC /

* 9.06358188362D-02, 5.35825952134D-01, 6.17031984325D-01,
* 6.88936869060D-01, 1.00000000000D+00, 1.00000000000D+00,
*19*0.D0/
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DATA CK,NSEC, ZERO /2.99920303452D-01, 4,0.D0/
IF(N.GT.1)GO TO 20
NSP1=NSEC+1
DO 10 J=1,2
DO 10 I=1,26
10 YS(J,I)=ZERO
20 YS(3,1)=TRUN (X*CK, IBT)
DO 30 K=1,NSEC
YY=(SC (K) *YS (3, K) +TRUN (C1N (K) *YS (2,K) , IBT) +
* TRUN (C2N (K) *YS (1,K), IBT) ) -TRUN (C1D (K) *YS (2,K+1) , IBT)
* —TRUN (C2D (K) *YS (1,K+1), IBT)
30 YS(3,K+1)=TRUN(YY, IBT)
Y=YS (3,NSP1)
DO 50 I=1,NSP1
YS(1,I)=YS(2,1I)
50 YS(2,I)=YS(3,I)
RETURN
END
DOUBLE PRECISION FUNCTION TRUN (X, I)
DOUBLE PRECISION X,A,B
IF (IABS(I).LT.40)GO TO 10
TRUN=X
RETURN
10 A=DABS (X)
D=0.5
IF(I.LT.0)D=0.0
B=2.0**IABS (I)
N=A*B+D
TRUN=DBLE (FLOAT (N) ) /B
IF (X.LT.0.D0) TRUN=-TRUN
RETURN
END

This is the simulation for the cascade implementation. Naturally, the simulation depends on the
implementation and the one for the Gray-Markel lattice form is shown below:

SUBROUTINE TIM(X,Y,N,IBT)
DOUBLE PRECISION GMUL,GTAP,X,Y,Z,Z1,SUM, ZERO, ONE, TRUN
DIMENSION GMUL (51),GTAP(51),E(51),2(51),Z21(51)
DATA GMUL/
*-8.16711425781D-01, 9.96246337891D-01,-8.89572143555D-01,
* 9.58724975586D-01,-9.27474975586D-01, 9.08126831055D-01,
*-7.84881591797D-01, 3.53515625000D-01, 0.00000000000D+00,
*42*0.D0/
DATA GTAP/
*-6.10351562500D-05, 1.37329101563D-04, 2.12097167969D-03,
* 6.94274902344D-03, 2.02941894531D-02, 2.76489257813D-02,
* 2.87780761719D-02, 1.49078369141D-02, 6.19506835938D-03,
*42*0.D0/
DATA JM, JT, ZERO,ONE/ 8, 9,0.D0,1.D0/
IF(N.GT.1)GOTO 20
DO 10 I=1,51
IF(I.EQ.1)THEN
Z (I)=0ONE
ELSE
Z(I)=GMUL(I-1)
ENDIF
721 (I)=ZERO
10 E(I)=ONE
20 SUM=ZERO
DO 30 I=1,JT
30 SUM=SUM+TRUN (GTAP (I)*Z(I),IBT)
Y=TRUN (SUM, IBT)
DO 40 I=1,JT
40 Z1(I)=Z(I)
E(1)=X

N
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DO 50 I=2,JT
50 E(I)=E(I-1)-TRUN(GMUL (JT+1-I)*Z1 (JT+1-I),IBT)
7 (1) =E (JT)
DO 60 I=2,JT
60 Z(I)=2%1(I-1)+TRUN(GMUL (I-1)*E (JT+2-I),IBT)
RETURN
END
DOUBLE PRECISION FUNCTION TRUN (X, I)
DOUBLE PRECISION X,A,B
IF (IABS(I).LT.40)GO TO 10
TRUN=X
RETURN
10 A=DABS (X)
D=0.5
IF(I.LT.0)D=0.0
B=2.0**IABS (I)
N=A*B+D
TRUN=DBLE (FLOAT (N) ) /B
IF (X.LT.0.D0) TRUN=-TRUN
RETURN
END
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