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An example for retrieving data from noise
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7.6 Digital filter (as a digital signal processing)

Digital filtering: {7} = (20,21, )
{yz} — (y07 Yi, - )

Yn = F(xn—ka Ln—k+1y° " 7xn)

Block diagram representation of operations

X
d
xl’e‘;’D—} Yn=—axy, Z:)H_y Xn r Yn=Xn-1
(a) (

(b) ” )
constant multiplier adder delay (shift resistor)




Block diagram example

Xn » T WIS A N =
2 3 -
—4
2x,, 3%n-1 o
+
2xn+3xn—l 2xn+3xn_1 4xn 3

Yn = 2%y + 3Tp—1 — 42,3
X(z) = Z T,z ", Y(z)= Z Yn2
n=0 n=0

Y(2) =2X(2) +327'X(2) —427°X (2)
= (2+ 327 — 427°) X (2)

. H(z) (transfer function) =2+ 327+ — 4273



Feedback and transfer function

_ Hi(z)
1 — Hi(2)Hs(2)

(direct gain)

transfer function) =
(transfer function) 1 — (feedback transfer gain)



FIR filter

Finite impulse response (FIR) filter

X n
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A Simple example of FIR filter

Moving average, differentiation: F.y(x,, T, 1) = (x, £ xp_1)/2

fa(en) = e (5372
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A Simple example of FIR filter

Differentiation of moving average:
Fi=[(Zn + Tnt1) — (Tnt + Tn2)]/2 = [Tn — Tn_s]/2

Hy=(1—-e)/2 =ie ™ sinwr
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IR Filter

Infinite impulse response (1IR) filter:

Xy Xn-1 xn—2 xn—k+1 xn—k

k
In = Zalwn Lt ijyn —j Stability condition: lim gy, = 0
[=0 y j=1 n—00
Y(2) =X(2) ) az" +Y(2) ) bz
1=0 j=1
H(z Z a2 (1 _ Z bjz_3>
j=1

Conversion of z-transform: |z| > 1 the poles should be in |z| < 1



Design of FIR filter: Window function

= ) 1 < C
Ideal low pass filter G(e™7) =< Wl < .
0, we < |w| < wyn Nyquist frequency

- c v~ L ¢\ —ni — 1 _
G(e™) = :)—N Z —sinc (nw—) e T =, Z —sinc(ny.)z™"

e W WN S nm
f?(ico) o g
1 00 0o "
«>
Nyquist X
°  oefllfe j L ofllfe
T o U o
6Ll - Cut the series at a finite number

Neut = 20 (/

Ripples in frequency characteristics

w/wy



Design of FIR filter: Window function

Sudden cutting of z-transform series — Ripples

. Cut with a smooth function
Io (a\/l - (n/L)2)
Kaiser window w» = Io() nl < L,
o 0 In| > L
I, : 0" order 1%t type modified Bessel function
S N R 12 [6(e))]
1 ncut — 20
. h 0.8
|G(e™T)| - ‘
o I:> 0.6 —-
0.4 - 0.2
0.2: .

0 01 02 03 04 05 06 07 08 09 1
(A)/CI)N 0 61 02 03 04 05 06 07 08 09 1 (l)/(UN



Design of |IR filter

Transfer function: a rational function (5 BIZ;)

A way to design IIR filter: modification of analog filter transfer function

Remember: Butterworth filter

N-1
— N Wi B 7 2+ D)7
H(s)—ZS_Sk, Sk = T'c EXP [z{2—|- o }]

k=0
n—1
E(t) = un(t) Y  wyexp(sit)
- . /_ " n—1
Heaviside function h. = hi, Z wie™*
Time discretization =
with T = 1: H(z) = Wi



Design of |IR filter
1 1

Impulse invariant method: > |
s—s, 1 —exp(sg)z™
— Z_]-
Bilinear z-transform (W —¥RzZ5#7E) 0 s — ;
14+ 2~

B bo + blz_l U b22_2 S bgz_3 I b4Z_4
1l —a1z7 ! —asz72 —azz~3 — agzt

4™ Butterworth: H(z)
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Digital filter design web application

http://t-filter.engineerjs.com/

Gain vs. Freq y Impulse Resp Source Code Feature Request Enterprise IR Design @ need a FIR ﬁ]mﬁ
10
M ripple bounds
desired gain plain text v || double ¥
Ml actual gain
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Adaptive filter

. _ _ | .
INPUt | Filter with variable utput)
—> .
coefficients
/ Coefficients
correction program +
reference
Input £ i\‘[??—l] T :i[n—2]

Y z Least mean square method:
E ;-r'“\j-/‘ E E‘r‘“—“ -Z[f]
i | hill + 1] = h[l] + 2ce(l]z|] — K]

—————

Reference d[n]



Adaptive filter (adaptive line enhancer)

Delay

/
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(a) u=1X10"3m1S

(b) U =1X10"°01E48




Digital filter implementation

Digital signal processing (DSP) board

BMB NOR Flash
(5Pl interface)
For uBoot
bootloader
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PLD/FPGA with HDL

1
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Hardware description language, HDL

ab

-- Library declaration -------------- A
library IEEE; - ]
use IEEE, STD_LOGIC_1164.ALL; B —

-- Entity declaration ------=-=-=-==-=--
entity NAND_CIRCUIT is

port (

A : in std_logic;

B : in std_logic;

C : out std_logc

);

end NAND_CIRCUIT;

-= Architecture declaration ----------
architecture RTL of NAND_CIRCUIT is
signal ab : std_logic;

begin

ab <= A and B;

Cc <
end RTL;

not ab;

RTL.: register transfer level

Cf. SPICE



Spice+HDL mixed circuit simulation

Easier logic circuit design
POlyphOny: Python—>Verilog HDL  http:/amvww.sinby.com/PolyPhony/index.html

C-to-Hardware compiler (CHCQC) http://anvil.co.jp/?page_id=296
P
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Overview

Electric Circuits: Treasury of Languages and Concepts

Concept of lumped electromagnetic field

l \ Metal

Lumped constant - Semiconductor
circuit _ _
designability Classical mechanics

Linear systems < _
Quantum mechanics

Non-linear systems

Concept of distributed constant circuit

Z-transform

Noise
Signal

Sampling —— Digital

Real electromagnetic

_ Information theory
field
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- e

Vout

(2) Foulz, {Ry/2<} (k=0, ..., n)DIESUFEH 2 FeDHPL, HHUER; DHEPL, OPT »
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%Oﬁ@g <SP

T ADALS BRI L X RS, 2




BRI L R— MRE ¢ 1. DAZSH#E] %

(3) (2) EFkE, IZFIEIT, {25Co} (k=0, ..., NDEHLEF 2 FrOF ¥ X &, BHEV.D
FHERRIR, n+UHDnF ¥ RAMOSZRA v F, [ L n+HHDpF ¥ RAMOSZA v F
BH5BH. TNHeMioT, 2EBIN{dIBAN I NTIRT

Vs k
Vour = on+l _ 1 deZ

k=0
EWVWOHNPHEONDS X 5 DAEBHNEEEE 2RI, B=EL, A A v
EXVABENA T ABRPEHRTEZS LI RMERTZITRZ LT 5.




Problems for the final report: 1. DA conversion circu

(1) Let us consider the following resistance ladder DA conversion circuit. The
right end is a bit different from the one we treated in the lecture. Calculate the
output voltage V, for the input {d;} (k = 1,---,n).

Vout

(2) We have resistors with values {R,/2*} (k = 0,---,n), and Rg, an OP amp., a
standard voltage source of the voltage Vs, n + 1 n-channel MOS switches, n + 1
p-channel MOS switches. With these components, design a DA conversion

circuit which has the output

Rf & k - -
Vout = _VSEO Z di2"  for the binary input {d}.

k=0



Problems for the final report: 1. DA conversion circu

(3) We have capacitors with values {2*C,} (k = 0, ---,n), a standard voltage
source of the voltage Vg, n + 1 n-channel MOS switches, n + 1 p-channel MOS
switches. With these components, design a DA convertor circuit which has the

OUtpUt v n
_ S k
Vour = on+l _ 1 deQ
k=0

for the binary input {d,}.
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Blg&RH 5. TDnEED, JFkEuh ETodEdig & o2k XK.
T, KDL 6RIEA LV E—Z T 2D BRI ol
54 =KX RA)RD X,



Problems for the final report: 2. Distributed constant

Consider the above circuit with L, C infinite repetition to the right and the
Inductor L/2 at the left end. Obtain the transmission range and the attenuation
range in the frequency domain. And what is the total impedance from the left
end for the frequency .
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(@) 1, FXx NV E, A VX7 ZOFDZEFE TIEELITEBMLU T I,
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s .
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Problems for the final report: 3. OP amp. circuit

We have the following components:

4 high precision operational amplifiers,

1 high precision Zener tunnel diode with the constant voltage 2.5V (this diode
provide precise 2.5V for the reverse bias).

With these components, design a circuit to measure the electric resistance of a
sample at low temperatures. The shape of the sample is shown below:

\oltage \oltage

t < >

Current Current
—_— —

(a) You can add any passive elements (resistors, capacitors, inductors).

(b) The power supply for the OP amps. Is ready.

(c) The sample resistance range is from 100Q to 10kQ2, lower than 50kQ
Including the contact resistance.

(d) The offset voltages, the bias currents of the OP amps. can be ignored. No
need for the offset cancellation circuit.
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a1 = 2exp(—mgoT) cos(2m fo7)

+ ‘i M as = —exp(—2mwgoT)
aq b

—2 cos(2m fo7)
T 1 — a; — ay
a, :] 2+ by

Q) L7y 2 BATTZ75006, By V-1, Yn-2& AIxy, Xp_1, Xn_y & DR
Nz RH.
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Problems for the final report: 4. Digital filter

o191

a1 = 2exp(—mgoT) cos(2m fo7)

41
M‘ ‘i M as = —exp(—2mwgoT)
aq b
Z—l

! by = —2cos(27 fo7)
T 1 — a; — ay
—< i@ C
a, 0 2 —I_ b]_

(1) From the above diagram, write down the relation between the output
Ynr Yn-1,Yn-2 and the inpUt Xn» Xn—1,Xn-2-

(2) When the coefficients a4, a,, by, ¢y satisfy the above relations, obtain the
frequency characteristics of this filter. Draw a rough sketch of the graph
for 20g, = 10/, = fs.
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http://kats.1ssp.u-tokyo.ac.jp/kats/electroniccircuit/report/reportdata.txt

T, 40965 DT —ADBAOSOTWNAD., ZHITITX f(X) LWVWOIBTHI®D 6
NTHH, BRXL—Z—IFTABL T (ASCIHKFIR)TH 3.

DT XX, HIFRFEDPR TN L2 2> DT,
5 T IRED TR TINET D, 22, ZTORIRIISERIT—
EERRD 720,

(1) k7 — Y =284 (BT msE 7 — Y 248488, FFTZ 05
TERRDEROND)ZML, NIT—AXRT MLDOEE—=TH5H
55 DR 2R e K.

(2) FEE DA (M 256 pSFEEE D3 ) 2 i o THE NI 7 — ) =8 i %
L, ETRDEFEEITE DIV E RS IR 2

RDBD., BONMEZE X D/INSUWNLED HL00S K AREICEPL, 4
A TOREZEBMEIZSL T ey L.

REDIRARIT IV, Fu VT ASEER T AEITR N,



Problems for the final report: 5 Discrete Fourier Tra

http://kats.1ssp.u-tokyo.ac.jp/kats/electroniccircuit/report/reportdata.txt

contains data of 4096 points. Each line has a point in the form x f(x).
The separator between x and f(x) is TAB (ASCII No.9).

The data are signal responding to an excitation with a particular frequency.
Hence the signal has the same central frequency but the amplitude is not
necessarily constant.

(1) Apply discrete Fourier transformation (DFT, practically fast Fourier
transformation) to the signal and extract the central frequency from the
main peak.

(2) Carry out DFT to a window with a shorter period (256 points is
appropriate) and obtain the amplitude of the central frequency component.
Shift the position of the window with a step size about 100 points. Plot the
amplitude as a function of the window position.

You do not need to show your program codes for the analysis.
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Problems for the final report: 6 Impedance matching

In amplifiers with FETSs, the noise matching condition, that optimizes the noise figure,
usually deviates from the power matching one. The impedance conversion circuit
shown below thus converts the transmission line characteristic impedance 50 Q into
800 Q. The input to FET also constitutes a resonance filter for 80 MHz to 90 MHz.

The coil in the left has a tap at the winding
. number N; in the total winding number N..
The central frequency of input is 85 MHz,

INZ —C goo(y  the resonance width (peak width at half

L
505 N, (I:T height) is 10 MHz. Calculate C, L, and the
o O ration of N; to N,. (significant digits =3)
Assume the inductances are proportional to
squares of the winding numbers.




