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I ntroduction In this paper, anaytical expressions for
calculating (smulating) the coefficients of the transfer

The task of the proposed method of processing the ~ function of programmable RTSF are the exact method
signal CAD will betopsh%w the need for thg developgr]nent based on analt_)g filters. Thisis due_to the fact that today
of recursive digital filters (RTSF) with a redesigned V&Y Well-designed and well-studied methods for the
structure. The values contained in the main caculaion ~ SYnthesis of analogue filters and there is an important
and synthesis of programmable digital filters are mainly ~ '€ference material for different types of approximation.
determined by the kind of reconfiguration of the In th_ls case, the calculations of the cpeffluents of the
parameters. Here, respectively, distinguish large-scale function H (z) from th_e transfer function of the ana!og
and non-large-scale reconfiguration of the parameters of prototype from the _ratlonal form of _the transformation
amplitude-frequency characteristics (AFC, or operator of the p-region to the z-domain.
hodograph). Often used in the development of
programmed as transversal and recursive digital filters

large-scale reconfiguration, which changes the zoom
Settings:

- cut-off frequency w3 for low-pass filter (LPF) filters
and high-frequency filters (high-frequency);
- the central frequency w0 and the bandwidth Ay for

[I. Practical application

The use of analog prototype allows the basis of
bilinear z-transform to obtain the following expressions
for analytical modeling: - for digital LPF B1 = 2.

03 (25 (2x2+1)-2

bandpass filters (SF), herewith Q remains constant; A==+ (2
- Analog filters are the basic basis for digital filters. 2 (20 ;’)A_ ‘j;;ﬂ ii’fﬁ"”f*“
Az = 07 (x2+0,5)+V2x024+1 '’
— for digital FBCH B1 = -2
|. Theory and methodology e @)
. - . . Al_ﬂgz(x2+o,5)+\/§m§1+1 ’ 3
Programmable recursive digital filters of the first and  052(x2+0,5)—V2xa5 41,

second order assign the role of base unitsin cascade and Ar= 052 (x240,5) 205 +1’

paralel structures of higher orders (>3). Here the most where x= sh[05ars(10°M"  -1f¥?]; 0, = tgmy);
versatility is the two-square block, which allows to be 0y = tgmp}, : Py =ta : = Vs
redlized on the bas's of one special calculator of LPF, here An-inequality of the AF(I:pDof the RSH in tﬁ%
high-frequency, and band or recursive filter. The transfer

. - . : bandwidth aB; v_A, v_B- cutoff frequencies of digita
function (characterigtic) of the second order is defined as LPF and HF, respectively y_D- sampling frequency;

follows 14B, 2~ 148,22 - for bandpass filters Bo=0
_p 14B1Z 4B,z 72 -2
H(z)_Bol+A1_Z_1+AzZ_2_’ 1) o ] Al:% ! )
where By is the scaling factor, Ai, Bi (i = 0,1,2) is et

the Z-position filter of the z-transformation variables.
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whered = [10)] » (An / 20) isthe approximation plane
e =28 03=tgm) ™),

Ty 7T1l)1
| tg( %) —tg(0) .

Solving the equation (1) with respect to An, y_A, (2)
with respect to An, y_V, we obtain the following

calculation expressions:

An=10Ig(sh?(Qarsh———22—) + 1 , (5)

/6A2 —A3-4%-1
2 /6A2—A2 A%-1

V= paret

2 /6A2 -A3-43-1

! —
¥p = arctg VZ(Ap+A1+1)

Since An, yw_ A N, y_B ™ are positive numbers, then
from equation (1) and (2) the restrictions on the
guantities Al and A2 are executed.

ArA+1>0,43 -4 A,>0,1-A,>0, (6)

Ay+A+1>0

The domain of constraints (6) is interpreted here as
an area on a plane with rectangular coordinates A1 and
A2, which is limited by a triangle whose vertices are
placed at (-2.1), (2.1), (0, -1). Thisregion of stability of
the filter is divided into two parts by the parabola A2-
A_1" 2/4: the weak damping region (A_1"2)/4<A_2
<1) and theregion of strong damping (-1 <A2 <A_1" 2).
In the case of the implementation of LPF and high-
frequency control of the frequency of growth it is
expedient to perform in the first area close to the
parabola, that is, when fast damped self-oscillations of
the filter are alowed. Thus, the region of the analysis of
the frequency response (or the hodograph) is limited by
theinequalities: -2 <A, <2, 0<A_2<1.

The structure of the program of automated analysis
of ACL (FCH) is considered by the example of the LPF.
It requires the following blocks of the algorithm:
a) Enter the value of the sampling frequency y_D and the
initial frequency of the analyzing area y_0, the analysis
A vy, the value of the coefficients Al and A2
b) calculation of the values of the frequency response H
(@), ¢ = 2n (¢0 + andAg) / ¢D, i = 1,2 ... n;
¢) check the frequency response on the existence of
extremums in the sdected frequency range
d) search in the array H (9i) of the maximum and

minimum values and memorizing the corresponding
frequencies;

€). search in the array H (o) of the point (A ® £¢ -3) dB
in the interval D>p>p;
€) calculation of the unevenness of the frequency
response;

0). output to the screen of output data and analysis
results.

The analysis shows that programmable digita filters
that are implemented as a base link with zeros of the
transfer function located on the circle of the single
radius, retain sufficiently wide possibilities for reordering
the frequency response by changing the coefficients A1
and A2. The cutoff frequency of the LPF can be adjusted,
for example, with oD = const and AH <3dB, if you sdlect
A2 = 0.5-0.55, and the coefficient A1 varies within -1,2
<A1l <0. In doing so, you must fulfill the condition of
scaling Hmax = 0 by changing the multiplier BO within
(4-30) dB. Adjusting the frequency of the high-frequency
cut-off at the same opportunity on ¢D and AH is possible
within the limits and for this purpose it is necessary to
choose the coefficient A2 = 0.4-0.45 and to find the
second coefficient within -1.2 <A1 <1.,2, choosing for
each pair (Al and A2-) isthe scaling factor BO, due to
which the Hmax varies from magnitude from 14.4dB to
21.0dB.

The performed algorithm of calculation was used in
hardware implementation of the program RTSP, where
the 10-bit coefficients of the transfer function were used,
and the number of operators within the calculator was
equal to 12. Comparing the results of the experiment
with theoretical calculations shows the high adequacy of
this computer simulation.

Conclusions

1. An agorithm for computer modeling of recursive
digital filters (LPF, HF, SF) is devel oped.

2. Using the scale factor BO, an algorithm for scaling
RTSP is executed.

3. The developed algorithm of modeling determines
the signal of CAD digitd filtering.
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C.I1. HoBocsymii , P.B. Banbrep

Komn’ roTepHe Mmoje1l0BaHHsI peKypcuBHUX M poBuX GLILTPIB
APYroro NOpsiiKy CUrHaAJIbHOI CHCTEMH AaBTOMATH30BAHOI0
NPOEKTYBAHHA

Ipuxapnamcokuii nayionanonuil ynigepcumem imeni Bacuns Cmeganuxa, eyn. Ilesuenxa 57, m. leano-@pankiscok,
76000, Vrpaina, e-mail: rom.valter 2013@meta.ua

B crarTi BUKIaneHMH aHANITUYHUI METOJ MOJEINIOBAaHHS IPOrpaMHUX PEKYPCUBHHUX LMGpoBUX (inbTpis
JIPYroro MopsiAKY 3 HyJSIMU Ha KOJI OIMHWYHOrO paniyca. Po3po0iieHo BiANOBIAHUI anropuT™ MaciutaOyBaHHS
JIaHOTO CKiIaxy (iIBTPIB ISl CUTHATIBHOI CHCTEMH aBTOMaTH30BaHOro npoektyBanHs (CAIIP).
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