9.1

SECTION 9
IIR DIGITAL SYNTHESIS SEGMENT

S/FILSYN is capable of designing infinite-impulse-response (IIR) type digital filters in a number
of different ways. The resulting transfer function H(z) will be a rational fractional function (a
ratio of two polynomials) of the variable z'. The only restriction is that the numerator may be of
no higher degree than the denominator.

9.1 SCOPE OF DIGITAL FILTERS

The design procedure starts by finding an appropriate analog transfer function (a function of the
complex frequency variable s) and then converts it into a function of z' by the using any one of
the three commonly used transformations:

* impulse-invariant (“standard”) Z-transformation;
* matched Z-transformation,;
* bilinear Z-transformation.

It is not appropriate to discuss the respective properties or merits of these transformations in this
manual. However, it should be stated that only the bilinear Z-transformation can be expected to
preserve unconditionally the filtering properties of the transfer function. This is done at the cost
of a distortion (warping) of the frequency scale. However, either the program or the user can
com- pensate for this by prewarping the requirements. Consequently, the bilinear Z-transform
digital filter can be designed through two slightly different paths in this program:

Automatic prewarping

If automatic prewarping is desired, one must specify a bilinear digital filter at the earliest step
pos- sible, i.e. immediately after the main title information is requested, whether the PLACER
segment is used or not.

Once all requirements are entered, the program will perform the necessary prewarping and calcu-
late the proper initial analog transfer function. Subsequently, the digital synthesis segment will be
entered automatically and the bilinear Z-transformation performed to yield a filter meeting all the
requirements. See example 9.2.1.

Manual prewarping

If automatic prewarping is not desired, i.e. the user does this on his own, then the LUMPED filter
kind must be selected, again whether PLACER is used or not, the filter is then designed, and at
the appropriate place, the DIGITAL SYNTHESIS option is selected and the corresponding syn-
thesis segment is entered. Subsequently we may select any one of the Z-transforms mentioned
above, and the proper transformation will be performed. If the bilinear Z- transformation is se-
lected, the transformation is scaled in such a manner that the (upper) passband edge frequency is
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preserved. Hence when the user performs the prewarping, the (upper) passband edge must be
used as the normalization frequency.

In either case, the resulting digital transfer function will be presented initially in factored form,
convenient for the cascaded biquadratic form implementation of the filter. Additional forms are
also available through the use of the appropriate commands in the analysis segment (see below).
In the impulse-invariant case the parallel form is also computed, because it is needed for the
Z-transform computations.

At this stage, if the filter is a lowpass or a linear-phase lowpass, we may apply a spectral (fre-
quency) transformation to it. The available options are:

* lowpass-to-lowpass (rescaling to a new cutoff frequncy with the same sampling rate),
* lowpass-to-highpass,

* lowpass-to-bandpass and

* lowpass-to-bandreject.

The last option is unique. It is the only way to obtain a digital band-elimination filter. The others,
except for their inherent ability to change the apparent sampling rate, are either inefficient com-
pared to a direct highpass or bandpass design, or completely equivalent to it. Hence these trans-
formations are included here mainly for completeness.

Concerning the possible implementation structures, we have the following options:
* (Cascaded second order sections
* Parallel second order sections
* Direct form
* Gray-Markel lattice (2-multiplier form)

* Differential allpass form (when it exists)

We will find the cascade form upon entering this segment and if we need them, the others are ob-
tainable by the use of the appropriate command.

Various wave-digital forms are also available through the passive segment of this program.
These will be demonstrated at the end of this section.

9.2 DIGITAL SYNTHESIS EXAMPLES
Example 9.2.1 Bilinear Filter with Prewarping
As was done in the preceding sections, the DIGITAL SYNTHESIS segment will be explained by

the use of examples. We will design a bilinear Z-transformed bandpass with automatic
prewarping and specified transmission zeros. The data input is:
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C:>sfilsyn
* Kk Kk kK S/FILSYN * Kk kK
RELEASE 3.2 VERSION 1 4/1/94
** ROOT SEGMENT **
Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.

READ DATA FROM FILE: Y/N

> n
SMAIN: S, PLACER: P OR END: E
> S

ENTER TITLE
> digital example (bilinear with prewarping)
FILTER KIND - LUMPED: 0, DIGITAL: 1 OR MICROWAVE: 2

> 1

ENTER SAMPLING FREQUENCY IN HZ

> 100kHz

FILTER TYPE - LOWPASS: 1, HIGHPASS: 2 OR BANDPASS: 4

> 4

LOWER EDGE OF THE PASSBAND IN HZ

> 10kHz

UPPER EDGE OF THE PASSBAND IN HZ

> 20k

PASSBAND - MAX.-FLAT: 0, EQUAL-RIPPLE: 1, FUNCTIONAL INPUT: 2
> 1

WHAT IS THE BAND EDGE LOSS IN DB

> .5

BANDPASS - CONVENTIONAL: 1 OR PARAMETRIC: 2

> 1

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

ENTER MULTIPLICITY OF TRANSMISSION ZERO AT ZERO

> 0

ENTER MULTIPLICITY OF TRANSMISSION ZERO AT NYQUIST FREQUEN.
> 0

ENTER NO. OF FINITE TRANSMISSION ZEROS

> 3

ENTER REAL PARTS OF TRANSMISSION ZEROS IN HZ

> 000

ENTER IMAGINARY PARTS OF TRANSMISSION ZEROS IN HZ
> 5e3 25e3 30k

When we compare the above input routine with a similar session for a lumped filter, (example
2.1.1) we see that some prompts are different. This is appropriate since, for instance, matching
has no meaning for digital filters and therefore no matching bandpass is available. On the other
hand, while parametric bandpass is available, it does not have the advantage over that of the
conventional type, which it had in the passive case. Since terminations are meaningless for
digital filters, they are not requested.

The single-executable version of the program is slightly different:

vax2 $ run sfilsyn
* %k % Kk % S/FILSYN * Kk Kk 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
> s

ENTER TITLE

> digital example (bilinear with prewarping)
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FILTER KIND - LUMPED: 0, DIGITAL:

> 1

DIGITAL - FIR: F OR BILINEAR IIR:
> i

ENTER SAMPLING FREQUENCY IN HZ

> leb

1 OR MICROWAVE:

I

From this point on, the two versions are identical.

2

The summary presented below shows the "preshifted passband edge' as used by the program for

prewarping. Otherwise the listing is a playback of what we entered:

**% S/FILSYN *** FILTER PROGRAM

digital example (bilinear with prewarping)

BAND-PASS FILTER
EQUAL RIPPLE PASS BAND
BANDEDGE LOSS

PRESHIFTED LOWER PASSBAND EDGE FREQUENCY =
LOWER PASSBAND EDGE FREQUENCY =
UPPER PASSBAND EDGE FREQUENCY =

SAMPLING FREQUENCY
SPECIFIED STOP BAND

MULTIPLICITY OF ZERO AT ZERO =
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. =
NUMBER OF FINITE TRANSMISSION ZERO PAIRS =

OVERALL FILTER DEGREE
TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 5.0000000D+03
0.0000000D+00 2.5000000D+04
0.0000000D+00 3.0000000D+04

o w oo

.500000
.944272
10.
20.
= 100.

000000
000000
000000

DB.
kHz
kHz
kHz
kHz

In the single-executable version the digital filter data follows after a single prompt.

COMMAND:
> syn

**IIR** DIGITAL FILTER TRANSFER FUNCTION
7z TRANSFORM USED : BILINEAR WITH PREWARP

FILTER TYPE : BANDPASS

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

***x* NUMERATOR ***x* MULTIPLIER
-1.9021130D+00 1.
6.1803399D-01 1.
.0000000D+00 1.

***xx DENOMINATOR ***

-8.5077241D-01 6.
-1.4842335D+00 8.
-5.6208324D-01 8.

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

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

AND Z** (-2)

PRINTED

The function is in factored form which is appropriate for cascade implementation. In the multi-
executable version, we must request the synthesis and transfer data to the SYNTHESIS segment

through a file as usual:

COMMAND:

>  syn

ENTER FILE NAME
> 921

FOR SYNTHESIS, TYPE "END" TO EXIT TO DOS

IIR digital synthesis segment
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THEN CALL PROGRAM "DIGITAL"
COMMAND :
> end

*** S/FILSYN *** SIGNING OFF ***

C:>digital
* % % 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
> 921

*** S/FILSYN *** FILTER PROGRAM
digital example (bilinear with prewarping)
BAND-PASS FILTER
DIGITAL FILTER
SAMPLING FREQUENCY
EQUAL-RIPPLE PASS BAND
BANDEDGE LOSS
LOWER PASSBAND EDGE FREQUENCY
UPPER PASSBAND EDGE FREQUENCY
SPECIFIED STOPBAND TYPE
MULTIPLICITY OF ZERO AT ZERO

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN.

NUMBER OF FINITE TRANSMISSION ZEROS
OVERALL FILTER DEGREE
TRANSMISSION ZEROS

100.

o W O O

000000

.500000
10.
.000000

000000

9.5

kHz

DB.
kHz
kHz

REAL PART

IMAGINARY PART

0.0000000D+00 5.0000000D+03
0.0000000D+00 2.5000000D+04
0.0000000D+00 3.0000000D+04

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

FILTER TYPE : BANDPASS

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

***x*x NUMERATOR **** MULTIPLIER = 4.8811829D-02
6.1803399D-01 1.0000000D+00
-1.9021130D+00 1.0000000D+00
0.0000000D+00 1.0000000D+00
** %% DENOMINATOR ****
-8.5077241D-01 6.4295364D-01

-1.4842335D+00
-5.6208324D-01

.2148122D-01
.8398655D-01

No REALIZATION prompt is needed in either version, since the digital implementation has

already been established.

At this point we are in the DIGITAL ANALY SIS and manipulation segment, which is discussed
in Section 10. However, to see if the specified passband and transmission zeros are where we
want them to be, we should perform a frequency domain analysis. This is done using the, by now
familiar, FREQ command. To obtain adequate information we request an analysis from 0 to 30

kHz in 1 kHz steps:
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COMMAND :

> freqg

ENTER FREQ:

> 0 30k 1000

ENTER FREQ:

>

CASCADE: 1, PARALLEL: 2,
> 1

TABULATE: Y/N

>y

DIRECT:

3, LATTICE:

digital example (bilinear with prewarping)

4 OR ALLPASS:

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

FREQUENCY LOSS
IN HZ IN DB
0.00000D+00 22.9944
1.00000D+03 23.2375
2.00000D+03 24.0577
3.00000D+03 25.8360
4.00000D+03 29.9764
5.00000D+03 322.9394
6.00000D+03 25.4895
7.00000D+03 16.6661
8.00000D+03 9.8683
9.00000D+03 4.0074
1.00000D+04 .5000
1.10000D+04 .0481
1.20000D+04 .3940
1.30000D+04 .4929
1.40000D+04 .3126
1.50000D+04 .0673
1.60000D+04 .0170
1.70000D+04 L2517
1.80000D+04 .4951
1.90000D+04 L2421
2.00000D+04 .5000
2.10000D+04 7.0676
2.20000D+04 16.1443
2.30000D+04 25.2858
2.40000D+04 36.2311
2.50000D+04 332.2250
2.60000D+04 45.3288
2.70000D+04 44 .0777
2.80000D+04 46.1094
2.90000D+04 51.4725
3.00000D+04 352.2959

WISH TO WRITE ANALYSIS DATA ON FILE?

> n

PLOT - WIDE: W, NARROW: N, GRAPHICS:

> e

PHASE
IN DEGREES

.0000

3.
7.
12.
17.
131.
210.
220.
236.
263.
303.
338.
2.
21.
39.
58.
80.
102.
125.
154.
204.
262.
289.
303.
312.
138.
143.
147.
150.
153.
353.
(Y/N)

8685
8881
2365
1549
0173
4749
8032
7530
7805
5218
8477
7619
4324
3753
8203
2290
6641
8627
3758
5282
2329
8199
7437
4827
7131
4995
3576
5734
3217
7168

CASCADE

DELAY

IN SECONDS

PJoOoOWRHRrRFRFNMNNUORRPROOOODOHODOUG U OO JdF,F OO0 WNSsREFERFRRRFRP

G OR END: E

.0678D-05
.0882D-05
.1529D-05
.2737D-05
.4755D-05
.0418D+10
.3885D-05
.4687D-05
.6528D-05
.6030D-05
.1389D-04
.9992D-05
.6357D-05
.9390D-05
.1306D-05
.6937D-05
.1466D-05
.2873D-05
.7747D-05
.8398D-05
.8167D-04
.1324D-04
.1138D-05
.9555D-05
.0087D-05
.9981D-05
.1837D-05
.7247D-06
.2197D-06
.1006D-06
.8384D+11

5

We must select the implementation form to be analyzed. Here only the cascade form is available
and the filter performs as desired. As usual, any of the tabulated data could be saved in a file or

plotted.

Example 9.2.2 Band Elimination Filter

Since we must start our design with a lowpass specification, it is imperative that we convert the
requirements into lowpass form using equations 6.1, except that we must replace the frequency f
by tan(T1//f;), where f; is the sampling frequency.

IIR digital synthesis segment
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Assuming a 10 kHz sampling rate with a lower passband up to 1000 Hz and an upper passband
starting at 2000 Hz, we will ask for an elliptic design with a stopband from 1050 Hz to 1950 Hz
and this will yield the following results:

Fx =tan(1V10) = .3249 Fg =tan(21710) = .7265
and
Fas = tan(1.051710) = .3424 Fgs = tan(1.951710) = .7028

These are the equivalent analog (prewarped) frequencies to be used in equations 6.1, which now
yield:

B, =1.157 and B, =1.09456

With a 0.1 dB passband ripple and 40 dB minimum stopband loss, our lowpass is fully specified
as follows:

C:>sfilsyn
* kK ok x S/FILSYN * % K Kk
RELEASE 3.2 VERSION 1 4/1/94

** ROOT SEGMENT **
Copyright (C) 1983 - 1995 Dr. George Szentirmai
All Rights Reserved.
READ DATA FROM FILE: Y/N

> n
SMAIN: S, PLACER: P OR END: E
> S

ENTER TITLE
> digital band-elimination filter
FILTER KIND - LUMPED: 0, DIGITAL: 1 OR MICROWAVE: 2

> 1

ENTER SAMPLING FREQUENCY IN HZ

> 10k

FILTER TYPE - LOWPASS: 1, HIGHPASS: 2 OR BANDPASS: 4
> 1

UPPER EDGE OF THE PASSBAND IN HZ
> 1000 ! Arbitrary.
PASSBAND - MAX.-FLAT: 0, EQUAL-RIPPLE: 1, FUNCTIONAL INPUT: 2

T/>\7HA%‘ IS THE BAND EDGE LOSS IN DB

;ToééAND - MONOTONIC: 0, EQUAL-MINIMA: 1 OR SPECIFIED: 2
T/>\IISI:—LI TO SPECIFY MINIMUM REQUIRED STOPBAND LOSS: Y/N
ENT%R 1.OSS IN DB

> 40

ENTER EDGE FREQUENCY OF UPPER STOPBAND IN HZ

> 1094.56 ! 1000 times B2 (the smaller of Bl and B2)
ENTER ZS (-1,0 OR 1). FOR DEFAULT, ENTER: O

> -1

The summary indicates that an 8th degree lowpass is needed to meet the specifications. It is im-
mediately converted to a digital lowpass:
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**% S/FILSYN *** FILTER PROGRAM

digital band-elimination filter
LOW-PASS FILTER
EQUAL RIPPLE PASS BAND
BANDEDGE LOSS = .100000 DB.

UPPER PASSBAND EDGE FREQUENCY = 1.000000 kHz

SAMPLING FREQUENCY = 10.000000 kHz
EQUAL MINIMA STOP BAND WITH EDGE FREQUENCY = 1.094560 kHz

PRESHIFTED STOPBAND EDGE FREQUENCY = 1.102096 kHz

REQUIRED STOP BAND LOSS = 40.000000 DB.

MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. = 0

NUMBER OF FINITE TRANSMISSION ZERO PAIRS = 4

OVERALL FILTER DEGREE = 8

TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 1.1022401D+03
0.0000000D+00 1.1813919D+03
0.0000000D+00 1.4841829D+03
0.0000000D+00 2.8762017D+03

Note that the BRF.BAT (Band-Reject Filter) script file available for the PC version of this pro-
gram, is able to handle all the computations we had to perform, making this design much
simpler.

When we enter the digital segment for the actual synthesis, we take the lowpass-to-bandreject
transformation path using the following responses:

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

INDICATE THE SPECTRAL TRANSFORMATION DESIRED

NO ACTION: 0, LP-TO-LP: 1, LP-TO-HP: 2, LP-TO-BP: 3, LP-TO-BE: 4
> 4

ENTER THE LOWER PASS-BAND EDGE FREQUENCY IN HZ

> 1000

ENTER THE UPPER PASS-BAND EDGE FREQUENCY IN HZ

> 2000

First we see the digital lowpass summary here, followed by the data for the band-elimination
filter, which will, of course, be of 16th degree, and is printed in the usual factored form:

*** S/FILSYN *** FILTER PROGRAM

digital band-elimination filter
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

REQUESTED STOPBAND LOSS = 40.000000 DB.
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UPPER STOPBAND EDGE FREQUENCY = 1.094560 kHz
MULTIPLICITY OF ZERO AT NYQUIST FREQUEN. = 0
NUMBER OF FINITE TRANSMISSION ZEROS = 4
OVERALL FILTER DEGREE = 8

TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 1.1022401D+03
0.0000000D+00 1.1813919D+03
0.0000000D+00 1.4841829D+03
0.0000000D+00 2.8762017D+03

**IIR** DIGITAL FILTER TRANSFER FUNCTION
Z TRANSFORM USED BILINEAR WITH PREWARP
FILTER TYPE BAND REJECT
(OBTAINED FROM DIGITAL LOWPASS BY SPECTRAL TRANSFORMATION)
LOWER PASSBAND EDGE FREQUENCY = 1.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 2.000000 kHz

H(z) IN FACTORED FORM. COEFFICIENTS OF Z** (-1) AND Z** (-2) PRINTED
***x* NUMERATOR **** MULTIPLIER = 2.9956080D-01

-1.0969953D+00 1.0000000D+00

-1.3581608D+00 1.0000000D+00

-8.5699829D-01 1.0000000D+00

-1.5109415D+00 1.0000000D+00

-7.3107551D-01 1.0000000D+00

-1.5716128D+00 1.0000000D+00

-6.8642665D-01 1.0000000D+00

-1.5907574D+00 1.0000000D+00

***xx DENOMINATOR ****

-3.1998128D-01 3.3284338D-01
-1.2968727D+00 5.5634139D-01
-4.4992298D-01 7.7183393D-01
-1.5424973D+00 8.6130824D-01
-5.7711997D-01 9.3038584D-01
-1.5906021D+00 9.5691991D-01
-6.2277341D-01 9.8424242D-01
-1.6063807D+00 9.9017335D-01

COMMAND :
> freqg
ENTER FREQ:

> 500 2500 100

ENTER FREQ:
> 1050 1850
ENTER FREQ:
> 0
CASCADE: 1,
> 1
TABULATE:
>y

PARALLEL: 2,

Y/N

DIRECT:

digital band-elimination filter

3, LATTICE:

4 OR ALLPASS:

We then perform a quick frequency analysis to check the filter response:

5

*%%%k%%% COMPUTED PERFORMANCE ****+*%x CASCADE
FREQUENCY LOSS PHASE DELAY
IN HZ IN DB IN DEGREES IN SECONDS
5.00000D+02 .0013 67.6192 5.0737D-04
6.00000D+02 .0335 87.8471 6.2492D-04
7.00000D+02 .0909 113.5315 8.2191D-04
8.00000D+02 .0669 149.6475 1.2493D-03
9.00000D+02 .0352 212.1875 2.4319D-03
1.00000D+03 .1000 54.1543 2.0094D-02
1.05000D+03 51.1023 53.8557 2.9044D-03
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1.10000D+03 50.1017 270.0598 1.4653D-03
1.20000D+03 49.5127 127.9526 7.9996D-04
1.30000D+03 65.2382 152.6124 6.0149D-04
1.40000D+03 50.3523 352.6381 5.2335D-04
1.50000D+03 51.6509 10.9653 5.0248D-04
1.60000D+03 60.3655 209.3423 5.2615D-04
1.70000D+03 49.3795 229.5253 6.0761D-04
1.80000D+03 69.9259 74.4981 8.1200D-04
1.85000D+03 49.8704 90.9045 1.0340D-03
1.90000D+03 63.2000 113.1231 1.5022D-03
2.00000D+03 .1000 305.8457 1.2419D-02
2.10000D+03 .0958 104.8370 2.1132D-03
2.20000D+03 .0095 160.3471 1.1603D-03
2.30000D+03 .0269 194.1541 7.6059D-04
2.40000D+03 .0821 217.2801 5.4518D-04
2.50000D+03 .1000 234.4798 4.2070D-04

The results indicate a very satisfactory performance.The DIGITAL ANALYSIS segment will
present more examples.

If stopband requirements are also present, the equivalent lowpass requirements must be
calculated through the following sets of equations. First we introduce the constants:

Ca = cos [TUfs + fa)/fs)/cos [TUfs - fa)/fs]

where fx and f; are the passband edge frequencies of the band-reject filter and fs is the sampling
frequency. Also:

Cp = tan [TUfs - fa)/fs] * tan (TFs/fs)
where Fj is the (arbitrary) passband edge of the reference lowpass filter.

If we have a stopband requirement for the band-reject filter at a frequency fiop, the corresponding
frequency in the reference lowpass will be given by:

Fuop = (fs/T)*tan™ [ Co™sin( 270 zuop!/s)/(COS(2THotop/f5)-Ci)]

Again the script file mentioned above, will handle these computations readily.

9.3 WAVE-DIGITAL FILTERS

An entirely different set of implementations of IIR digital filters is available through the
PASSIVE SYNTHESIS segment of the program. This is based on an initial design that is a
microwave filter. This filter can then be converted into an IIR digital filter, essentially using the
bilinear Z-trans- form, and consequently preserving the filtering properties of the structure.
Prewarping is auto- matically performed in the design of the microwave filter, hence we need to
pay no attention to it.

The conversion from microwave lattice or ladder structure to a digital filter is based upon the
“voltage-wave” method, described by Dr. Fettweis in his exhaustive review of the subject (Ref.
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40). See also Ref. 41 for more information. Without going into any details, the design procedure
is as follows:

A. We design the filter as a microwave one, where we substitute the Nyquist frequency (half the
sampling frequency) every time the program asks for the “quarter-wave” frequency. The filter
may be arbitrary and may contain unit elements, but no delay equalizer sections. It may have
com- plex transmission zeros, but if it does, it may not have unit elements.

B. If the filter has no unit elements and is symmetrical, i.e. the multiplicities of extreme transmis-
sion zeros, if nonzero, are both odd), we may ask for the lattice implementation and accept the
wave-digital form of this lattice, when offered.

C. If the filter has no complex transmission zeros, we can obtain a ladder implementation of the
filter, rearrange it in any way we wish, using the tools of the PASSIVE ANALY SIS segment.
When we are satisfied with the results, use the new WAVE command to convert the filter into a
wave-digital ladder.

All these structures will contain unit delay lines (shift registers), shown with the abbreviation
*T*, and two- and three-port parallel and series adaptors. These adaptors consist of adders and
multi- pliers, and are clearly described in the references quoted above; but for completeness, we
show the simplest implementations of all we need below.

First the two-port adaptor implementation is shown in Fig. 9.1 below. The adaptor needs a single
multiplier and three adders. Denoting the “terminating impedances” of the respective ports by
R(1) and R(2), the multiplier constant is given by:

A=(R(1) - RQ2)/(R(1) +R(2))

For two-port adaptors, there is no difference between parallel and series adaptors. Next we show
the general forms of the parallel and series three-port adaptors. Both of these require two multi-

pliers and four adders with a sign change or two (see Figs. 9.2 and 9.3). Denoting the respective
“terminating impedances” by R(1), R(2) and R(3), the multiplier constants are given by:

A =2R(D/(R(1) + RQ2) + R(3))
B =2 RQ)/(R(1) + R(2) + R(3))

For the parallel three-port adaptor, shown below, we calculate the multiplier constants from the
“terminating admittances” G(1), G(2) and G(3) as follows:

A =2 G(DHAG(1) + G2) + G(3))
B =2 G(2)/(G(1) + G(2) + G(3))
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a1l b2
> > ; —>
A
- /
b1 ( a2
« +
Fig. 9.1 Two-port adaptor.

a3
al a2
P + <

<

-1
b3 y

Fig. 9.2 Series three-port adaptor

a1l

b1 < » b2

A 4
bsl

Fig. 9.3 Parallel three-port adaptor

In a number of cases, one of the three impedances or admittances may be selected arbitrarily. If,
in such a case, we select R(3) for the series adaptor as:

R(3)=R(1) +R(2)
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or G(3) for the parallel adaptor as:
G(3)=G(1) +G(2)
then these adaptors may be simplified and can be implemented by using only one multiplier per

adaptor. Since the conversion procedure select this option whenever possible, we show the
corresponding simplified implementations as follows:

a2 1
a1l > " > [ b3
f -A i

b1 a3

-1
b2

Fig. 9.4 Restricted three-port series adaptor

a b3

laZ

1 1

b1 a3
< + < +
l b2

Fig. 9.5 Restricted three-port parallel adaptor

In these special cases, the reflected signal bs at port 3 is independent of the incident signal a; at
the same port, hence we designate this case with the phrase: PORT 3 MATCHED in the print-
out. If we see the pintout PORT 1 MATCHED instead, we must naturally interchange ports 1
and 3.

All of the computations of the multiplier constants are performed automatically by the program.

The quantities printed are the multipliers (A and B above) needed to implement the adaptors. A
few examples will serve to illustrate the procedure as well as the resulting structures.
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Example 9.3.1 Wave-Digital Lattice.

We consider a simple microwave elliptic lowpass filter of degree 5 with the following specifica-
tion. The 36 kHz quarter-wave frequency will represent a 64 kHz sampling frequency after con-

version:

*** S/FILSYN *** FILTER PROGRAM
Test case
LOW-PASS FILTER

EQUAL RIPPLE PASS BAND
BANDEDGE LOSS
MAX. PASSBAND VSWR
UPPER PASSBAND EDGE FREQUENCY
QUARTER-WAVE FREQUENCY

EQUAL MINIMA STOP BAND WITH EDGE FREQUENCY
PRESHIFTED STOPBAND EDGE FREQUENCY
DEGREE WAS SPECIFIED
MULTIPLICITY OF ZERO AT QUARTER-WAVE FR.
NUMBER OF FINITE TRANSMISSION ZERO PAIRS
OVERALL FILTER DEGREE
TRANSMISSION ZEROS

REAL PART IMAGINARY PART
0.0000000D+00 3.5890319D+03
0.0000000D+00 4.9092665D+03

INPUT TERMINATION

OUTPUT TERMINATION

REQUESTED TERMINATION RATIO

NEAREST AVAILABLE TERMINATION RATIO

50.
50.
.000000
.000000

.100000
.355361
.000000
.000000
.500000
.507295

000000
000000

kHz
kHz
kHz
kHz

ohm
ohm
0D+00
0D+00

The “preshifted stopband edge frequency” item above indicates, that prewarping has been
applied. Selecting the lattice implementation in the PASSIVE SYNTHESIS segment, we are
offered both the standard lattice or the wave-digital lattice:

LATTICE: L, COMPUTER CONFIG.: C, INPUT SIDE: IN, OUTPUT SIDE:

> 1

MICROWAVE: 1 OR WAVE DIGITAL: 2 LATTICE?

> 2

DECIMAL: D OR HEXADECIMAL: X

> d

Test case

*** LATTICE WAVE-DIGITAL IMPLEMENTATION ***

REALIZATION OF LATTICE BRANCH NO. 1
*T* INDICATES UNIT DELAY

2-PORT ADAPTOR
A= 7.781103D-01

*T*

2-PORT ADAPTOR
A=-9.296490D-01

*T*

2-PORT ADAPTOR
A= 3.779702D-01

*T*

(-1)

IIR digital synthesis segment

OUT OR END: END

S/FILSYN Manual



9.15

REALIZATION OF LATTICE BRANCH NO. 2
*T* INDICATES UNIT DELAY

2-PORT ADAPTOR
A= 8.255646D-01
*T*

2-PORT ADAPTOR
A=-7.094993D-01
*T*

The numerical data can be printed either in decimal or in hexadecimal format, the latter
providing more precision, if needed. These two lattice branches contain 3 and 2 (two-port)
adaptors and the same number of delay lines respectively, in the following configuration (the
boxes represent the two-port adaptors). Note the sign inversion at the end of branch 1. The
complete lattice con- sists of these two branches in the configuration shown on the next page.
This needs an additional summer and a divide-by-two circuit. (see Fig. 9.7 next page).

Z1 Z2
b1 at b2 a2

4 v 4 v

T T
T T
T

Fig. 9.6 Lattice branches
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Z1

al | b1 112

IN ouT

22

Fig. 9.7 Complete digital lattice
Example 9.3.2 Wave-Digital Ladder

The next example is a simple (microwave) bandpass filter with the following specifications:
**% S/FILSYN *** FILTER PROGRAM

bandpass
BAND-PASS FILTER
EQUAL RIPPLE PASS BAND
BANDEDGE LOSS = .050000 DB.

MAX. PASSBAND VSWR = 1.239617

PRESHIFTED LOWER PASSBAND EDGE FREQUENCY = 1.993627 kHz
LOWER PASSBAND EDGE FREQUENCY = 2.000000 kHz
UPPER PASSBAND EDGE FREQUENCY = 3.000000 kHz
QUARTER-WAVE FREQUENCY = 36.000000 kHz

SPECIFIED STOP BAND
MULTIPLICITY OF ZERO AT ZERO =
MULTIPLICITY OF ZERO AT QUARTER-WAVE FR. =
NUMBER OF UNIT ELEMENTS =
NUMBER OF FINITE TRANSMISSION ZERO PAIRS =

OVERALL FILTER DEGREE = 6
TRANSMISSION ZEROS

N O

REAL PART IMAGINARY PART

0.0000000D+00 1.8000000D+03

0.0000000D+00 3.3000000D+03
INPUT TERMINATION = 50.000000 ohm
OUTPUT TERMINATION = 50.000000 ohm
REQUESTED TERMINATION RATIO = 1.0000000D+00

We used 36 kHz quarter-wave frequency again to yield 64 kHz sampling rate. This time we
selected the ladder realization of this filter, followed by the application of the WAVE command
to convert the filter to the ladder wave-digital form:
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bandpass

***xx ALL VALUES ARE IMPEDANCES ****

9.17

1 ——R——] 50.000000 ohm
I
2 L 620.947839 ohm
I
4 c 7.237862 ohm
I
5 —r1—Cc—] 1.431237 kohm RES. FREQUENCY z1l = 1.461326 kohm
| 30.088886 ohm 3.300000 kHz z2 = 30.721445 ohm
I
7 —r1—Cc—] 2.395905 kohm RES. FREQUENCY z1 = 2.410745 kohm
| 14.840135 ohm 1.800000 kHz Z2 = 14.932055 ohm
I
8 L 620.947839 ohm
I
10 C 7.237862 ohm
I
11 —R——] 50.000000 ohm
I
COMMAND:
> wave
DECIMAL: D OR HEXADECIMAL: X
> d
bandpass

*** LADDER WAVE-DIGITAL IMPLEMENTATION ***

*T* INDICATES UNIT DELAY
3SER. AD. 2-PORT ADAPTOR
A= 7.372612D-02 *T* A= 9.769563D-01 *T*
PORT 3 MATCHED

3-PORT PAR. AD. 2-PORT ADAPTOR

2-PORT ADAPTOR

2-PORT ADAPTOR

A= 7.284894D-01 *T* A= 9.697148D-01 *T* A=-9.934346D-01 *T* A= 9.832041D-01 *T*

B= 7.284894D-01

3-PORT SER. AD. 2-PORT ADAPTOR
PORT 1 MATCHED *T* A= 9.769563D-01 *T*
A= 7.372612D-02

Again we can have the coefficients printed in decimal or hexadecimal forms. The
implementation needs 5 two-port adaptors and 3 three-port adaptors, two of which use the
restricted form, since one of their ports is matched. The structure is shown graphically below:

If you wish to see the coefficients in hexadecimal format, just repeat the WAVE command.
Since the decimal format only prints 7 decimal places, while the hexadecimal prints at least 10

hexa- decimal ones, the latter are substantially more precise:
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=

2-port
adaptor

H = K

2-port
adaptor

-l
1 -4 H
-l

2-port 2-port 2-port
adaptor adaptor adaptor

-l
1+ H
-l

IN oyr
3-port 3-port 3-port
serial paralilel serial

adaptor adaptor adaptor

<+ <

Fig. 9.8 Ladder wave-digital filter structure
COMMAND :
> wave
DECIMAL: D OR HEXADECIMAL: X
> X
bandpass

*** LADDER WAVE-DIGITAL IMPLEMENTATION ***
*T* INDICATES UNIT DELAY

3-PORT SER. AD. 2-PORT ADAPTOR
A= 0.12DFB707D2 *T* A= 0.FA19CED633 *T*
PORT 3 MATCHED

3-PORT PAR. AD. 2-PORT ADAPTOR 2-PORT ADAPTOR 2-PORT ADAPTOR

A= 0.BAT7E473FC4 *T* A= 0.F83F3A870F *T* A=-0.FE51BB4F8F *T* A= 0.FBB343A0E7 *T*
B= 0.BATE473FC4
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3-PORT SER. AD.
PORT 1 MATCHED
A= 0.12DFB707D2

*T*

2-PORT ADAPTOR

A= 0.FA19CED633 *T*

9.19

Example 9.3.3 Wave-Digital Ladder with Unit Elements

This example is a bit more elaborate, obtained through the use of the QEMWLP (Quasi-Elliptic
Microwave Low-Pass) script file. See also example 5.2.2a. The specifications are as follows:

Quasi-Elliptic Microwave Lowpass
LOW-PASS FILTER
MICROWAVE FILTER
QUARTER-WAVE FREQUENCY
EQUAL-RIPPLE PASS BAND
BANDEDGE LOSS

UPPER PASSBAND EDGE FREQUENCY

SPECIFIED STOPBAND TYPE

MULTIPLICITY OF ZERO AT QUARTER-WAVE FR.

NUMBER OF UNIT ELEMENTS

NUMBER OF FINITE TRANSMISSION ZEROS =

OVERALL FILTER DEGREE
TRANSMISSION ZEROS

REAL PART
0.0000000D+00
0.0000000D+00

INPUT TERMINATION

OUTPUT TERMINATION
REQUESTED TERMINATION RATIO
NEAREST AVAILABLE TERMINATION RATIO = 1.0000000D+00

= 35.999998 kHz

= .100000 DB.
= 3.000000 kHz

O N

IMAGINARY PART
3.5374390D+03
3.9511300D+03

= 50.000000 ohm
= 50.000000 ohm
= 1.0000000D+00

The corresponding ladder implementation is as shown below:

Quasi-Elliptic Microwave Lowpass
***x*x ALL VALUES ARE IMPEDANCES ***x*

1 R
3 .
* *
5 * UE *
* *
I I
7 p—r—Cc—]
I I
I I
* *
9 * UE *
* *
11 C
* *
13 * UE *
* *
15 —1—Cc—]
* *
17 * UE *
* *
I I
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50.

5.

381.

275.
.669579

474 .

513.

167.
.066891

429.

000000

484772

894576

517697

537922

.920910

702175

108521

898230

ohm

ohm

ohm

ohm
ohm

ohm

ohm

ohm

ohm
ohm

ohm

RES. FREQUENCY z1 282.187277 ohm
3.537439 kHz 722 = 6.831033 ohm

RES. FREQUENCY z1 = 172.175412 ohm
3.951130 kHz zZ2 5.220524 ohm

IIR digital synthesis segment



9.20

19 C 5.475990 ohm

21 50.000000 ohm

o

This is of course, only one of a very large number of equivalent ladder circuits, but one that is
found easy to implement as a microwave filter. For a bandpass case, there are an infinite number
of equivalent forms and any one of them can be selected as the starting point for digital conver-

sion. Using the above circuit, we obtain the ladder wave-digital form of:

COMMAND :

> wave

DECIMAL: D OR HEXADECIMAL: X
> d

Quasi-Elliptic Microwave Lowpass
*** TLADDER WAVE-DIGITAL IMPLEMENTATION ***
*T* INDICATES UNIT DELAY

3-PORT PAR. AD.

A= 1.951776D-01 *T*

B= 2.555386D-02

*T*

3-PORT PAR. AD. 2-PORT ADAPTOR

A= 6.332904D-01 *T* A= 9.527294D-01 *T*
B= 5.096540D-01

*T*

3-PORT PAR. AD.

A= 1.216648D-02 *T*
B= 1.123892D-02

*T*

3-PORT PAR. AD. 2-PORT ADAPTOR

A= 3.862095D-01 *T* A= 9.411427D-01 *T*
B= 4.614968D-01

*T*

3-PORT PAR. AD.

A= 2.270045D-02 *T*
B= 1.951776D-01

As usual, the printout suggests the structure, which is shown below:
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T T
2-port 2-port
adaptor adaptor

T T T T T

—> T T T T
3-port -l—l_ 3-port -I—I_ 3-port -l—l_ 3-port -I—I_ 3-port —

parallel parallel parallel parallel parallel

adaptor adaptor adaptor adaptor adaptor
<+ <+

Fig. 9.9 Ladder wave-digital structure.

Wave-digital filters may not be analyzed from their digital implementation.

Note:
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Note:
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