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ABSTRACT

In this book, PSpice for Filters and Transmission Lines, we examine a range of active and passive
filters where each design is simulated using the latest Cadence Orcad V10.5 PSpice capture
software. These filters cannot match the very high order digital signal processing (DSP) filters
considered in PSpice for Digital Signal Processing, but nevertheless these filters have many uses.
The active filters considered were designed using Butterworth and Chebychev approximation
loss functions rather than using the ‘cookbook approach’ so that the final design will meet a
given specification in an exacting manner. Switched-capacitor filter circuits are examined and
here we see how useful PSpice/Probe is in demonstrating how these filters, filter, as it were.
Two-port networks are discussed as an introduction to transmission lines and, using a series of
problems, we demonstrate quarter-wave and single-stub matching. The concept of time
domain reflectrometry as a fault location tool on transmission lines is then examined. In the last
chapter we discuss the technique of importing and exporting speech signals into a PSpice
schematic using a tailored-made program Wav2ascii. This is a novel technique that greatly
extends the simulation boundaries of PSpice. Various digital circuits are also examined at the
end of this chapter to demonstrate the use of the bus structure and other

KEYWORDS

Passive filters, Bode plotting, Active filter design, Multiple feedback active filter, Biquad active
filter, Monte Carlo analysis, Two-Port networks, z-parameters.
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Preface

Inbook 1, PSpice for Circuit Theory and Electronic Devices, we explain in detail the operational
procedures for the new version of PSpice (10.5) but I include here a very quick explanation of
the project management procedure that must be followed in order to carry out even a simple
simulation task. Before each simulation session, it is necessary to create a project file using
the procedure shown in Figure 1. This will not be mentioned each time we consider a new
schematic as it becomes tedious for the reader seeing the same statement “Create a project called
Figure 1-008.0pj etc” before each experiment. After selecting Capture CIS from the Windows
start menu, select the small folded white sheet icon at the top left hand corner of the display as
shown.

Enter a suitable name in the Name box and select Analog or Mixed A/D and specify a
Location for the file. Press OK and a further menu will appear so tick Create a blank project
as shown in Figure 2.

% Capture (IS - Demo Edition

File Wiew Edit Options Window Help

D|@dl & %=l e
—
IDC_circuits Cancel |

r— Create a Mew Project Using ﬁ . Help
- Select this option —I
. % Analog or Mized &/0 e
t

I:L — Tip far Mew Uszers
EC Board 'wizard Create a new Analog or
Mixed 470 project. The
u new project may be blank.
[ ]  Programmable Logic Wizard or copied from an existing
a template.
Y - ;
Schematic
Laocatian
|E:\DHE.-‘-\D\DHEAD_1EI.E_DEMD\TDDLS Browse...

FIGURE 1: Creating new project file
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Create PSpice Project x|

" Create bazed upon an existing project Ok,
Iempt_l,l.npi j Browse,.. |
Cancel

{* Create a blank project

Help |

FIGURE 2: Create a blank project

In the project management area, expand the DC_circuits directory (or whatever you
called the project) to produce an empty schematic area called Page 1 where components are
placed. Libraries have to be added, (Add library) by selecting the little AND symbol in the
right toolbar icons. The easiest method is to select all the libraries. However, if you select
Create based upon an existing project, then all previously used libraries associated with that
project will be loaded.

Chapter 1 looks at passive filters and introduces the concept of roll-off rate and cut-off
frequency. Bode plotting is considered as an approximate technique for plotting the frequency
response of first-order filters. Chapter 2 introduces approximation loss functions to produce
a transfer function as the first step in designing active filters. This chapter has quite a high
mathematical content but the mathematics may be side-stepped if you wish to proceed directly
with the simulation. There is always the temptation for students to simulate without doing a
proper mathematical design, but this inevitably lengthens the overall simulation process and
should be discouraged. The transfer functions resulting from this loss function may have their
amplitude responses plotted using a Laplace part so that a comparison may be made with the
final active filter implemented with opamps.

In chapter 3 and 4, we examine Sallen and Key and multiple feed-back active filters, whilst
chapter 5 looks at bi-quadratic filters including the state-variable type and we demonstrates
Monte Carlo sensitivity analysis/simulation applied to a sixth-order filter. Chapter 6 discusses
the switched-capacitor filter whereby switching charge between two capacitors mimics a resis-
tance and produces filtering action. Chapter 7 examines two-port networks and transmission
lines where, through a series of problems, demonstrates transmission line matching techniques
and explains time domain reflectrometry. Chapter 8 explains how we can import and export
speech signals into a PSpice schematic and is a novel technique for examining realistic test
signals that greatly extends the simulation boundaries of PSpice.
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CHAPTER 1

Passive Filters and Bode Plotting

1.1  FILTERTYPES

Filters are used to modify the frequency spectrum of signals and the five basic filter types are:

« Low-pass......... passes low frequencies but attenuates high frequencies,

« High-pass......... passes high frequencies but attenuates low frequencies

» DBandpass......... passes a band of frequencies and attenuates frequencies outside that
band

« Bandstop......... attenuates a band of frequencies but passes all other frequencies

outside this band

o All-pass......... not really a filter but used to modify the phase response

An ideal “brick-wall” low-pass filter response is shown superimposed on a “real” low-pass
filter response in Fig. 1.1. What this brick-wall filter does is to pass all frequencies up to a
certain frequency called the cuz-off frequency w,, where the subscript stands for passband (also
called w, = 27 f;, the subscript stands for cut-off frequency), and then infinitely attenuate all
frequencies past this value. A real low-pass filter response, however, passes all frequencies with
very little attenuation from DC up to @, but gradually attenuates signals above this frequency. In
a simple CR low-pass filter response, the signal is gradually attenuated from DC but, because of
the way capacitive reactance changes with frequency, the attenuation does not become apparent
until we approach the cut-oft frequency. At low frequencies the output signal is in step with
the input signal, i.e., no phase difference between them, but at high frequencies, the output
lags behind the input by ninety degrees, i.e., —90°, i.e., there is a delay between them.

1.2 DECIBELS
The decibel is the normal unit of measurement in filter design. The logarithmic nature of the
human ear response thus makes the dB a natural choice for tone control filters such as the

bass/treble filters in audio amplifiers. We must consider the Bel as the fundamental unit and is
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Amplitude response
The cut-off frequency 13 prox 16 kHz

{16 kHz,

R

(100 kHz,-16)

-3 dB)

—29

(1.0 MHz, -36 dB)
(156 kHz, -45 degrees)

_ng-
Phase response

The roll-off rate is -20 dB per decadeé™
_60-

-889 The roll-off rate is -20 dB/decade or -12 dB/octave \\\\\\N\\khihh

a first-order filter( a decade is 1 Hz-10 Hz, and an octave is 1 Hz-2 Hé}ihhL‘ﬁ_‘_“—““————h————————=—

-188 T T T T
108Hz 1.8KHz 18KHz 188KHz 1.08HHz 18HHz
o DB{U{OUT)} <« PL{U{C1:1})

Frequency

FIGURE 1.1: Brick-well filter response and actual response

a logarithmic ratio of input and output powers defined as

I%u
Bel = log,, —=. (1.1)
210 P

However, the Bel is too large for most applications, so the decibel is used instead. (Imagine the
inconvenience of expressing your height in fractions of a kilometer.) There are ten decibels in

a Bel so the dB is

Pou
dB = 101log,, P_t

n

(1.2)

1.2.1 The Cut-Off Frequency

To demonstrate decibels and the important concept of cut-off frequency, consider an audio
amplifier producing 10 Watts of output power, Py, measured in the midband audio region.
This amplifier produces less output power at very low and very high frequencies. At a certain
frequency the output power gradually reduces and at a certain frequency, f, called the upper
cut-off frequency, the output power is measured as 5 W. This power ratio of 0.5 is called the
half-power point and defines the cut-off frequency (also known as the corner/break/transition
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frequency). The ratio of the power at £, to the power delivered over the passband frequency
range can be expressed as

P, 5
dB = 10log;, - = 10log, 1 = 10log;y 0.5 = ~3.01dB ~ —3dB. (1.3)

m

This particular attenuation is called the passband edge frequency attenuation A (ex-

plained later). We may express each power component in (1.3) as 75/R, thus the ratio in
dB is

VZ
dB = 10log,) —5—— (1.4)

Maximum power transfer between a source and a load is desirable in electronic systems [1]. Ex-
amples are: a microphone 50 k2 source impedance connected to an amplifier input impedance
of 50 k2, a TV whose input impedance of 75 €2 is connected to a transmission line whose
characteristic impedance is 75 €2, phone handset impedance (300 €2) to the transmission line
characteristic impedance (300 2), etc. In these examples, we see that when the source resistance
is equal to a load resistance, (1.4) is simplified:

7o\2
dB = 101log,, (%) = 20log

mn

Vout

(1.5)

n

A power halving is —3 dB but we wish to see what this is in terms of a voltage ratio.
This is calculated by taking the antilog of (1.5) as a log(—3/20) = 0.707 = 1/+/2. The pass-
band region, DC to f;, in a low-pass filter amplitude response, is constant, with little or no
attenuation up to the cut-off frequency. When the resistance is equal to the reactance then
this frequency makes the transfer function V,u/ Vin equal to TF =1/ V2 = 0.707. However,
the passband gain may not always be 1, so care has to be exercised. For example, the passband
gain could be 4, hence the transfer function would be TF = 4/ V2. Note, however, a voltage
doubling in dB is 20log;,2 = 6 dB.

1.2.2 Filter Specification

A low-pass filter specification includes the passband edge frequency attenuation A,y in dB.
This is the attenuation a signal will experience at the passband edge frequency £, in a simple
CR filter. The attenuation at the stopband edge frequency, f;, is Amin, which, for the first-order
CR filter, is —20 dB. These parameters are all shown on the low-pass filter response shown in
Fig. 1.2. The parameters are the same for a high-pass filter but a mirror image of the low-pass
filter. The transition region between the passband and stopband regions reduces in width when

the filter order is increased. For example, a first-order filter is achieved using a capacitor and
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5

l (1.59 kHz, -3 dB)

Amax = 3 dB

T

_qgJ=———————Passband Region

* Amin = 28 dB

(15.9 kHz , - 28 dB) ‘

—28-
Stopband Region
Transition Region
_aa
Passband edge frequency = 1.59 kHz Stopband edge frequency fs = 15.9 kHz
-48 T T T \T\\\& T T T T T
18Hz 30Hz 108Hz 3068Hz 1.8KHz 3.BKHz 10KHz 30KHz 1808KHz 300KHz 1.8MHz
o DBCU(C1:2))
Frequency

FIGURE 1.2: Low-pass filter response and specification parameters

His)
0db Amax Amax e
= Transition Region e 0db
Travsition Transition
Passband Passband freson frston
D Rewion- Passband
Region- Aniin &ion Region
Stopband Stopband Stopband
Region Region Region
a%] a}n ﬂ)h a&z ahﬂ a%l a%l a)ﬂ
Log (frequency) —P Log (frequency) —p

FIGURE 1.3: Ideal bandstop and bandpass filter responses

resistor connected as a two-port network. In a high-pass filter, all frequencies below the cut-off
frequency are attenuated at —20 dB/decade, but frequencies above the cut-off frequency are
passed with little attenuation.

Ideal bandpass and band-stop filter responses are shown in Fig. 1.3, where the bandpass
filter passes all frequencies over a desired band but attenuates all other frequencies outside this
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R1

VOFF =0 \’ ‘/ v
VAMPL=1

\ /1\/1 §VDB
FREQ=1. 519[«;r 10n

AC =1
— 0
FIGURE 1.4: LPF and probe-marker correlation

band. In a bandstop filter, signals are attenuated over a band of frequencies but outside this
band are passed with little attenuation.
The specification for bandpass and bandstop filters must include two frequency pairs.

1.3 TRANSFER FUNCTION: FIRST-ORDER LOW-PASS
CRFILTER

We may examine the behavior of the filter shown in Fig. 1.4 by considering two extreme
frequencies. At 0 Hz (DC), the capacitor reactance has an infinite value (an open circuit),
hence the output voltage is the same as the input voltage, i.e., no attenuation because there is no
current flowing in the circuit so no voltage drop across the resistance. At infinity frequency, the
capacitor reactance is zero (a short circuit) hence the output voltage is zero. So we can surmise
that the device is a low-pass filter. However, this is only a rough picture of what goes on and
we need to fill the gaps frequency-wise as it were.

A filter transfer function (TF) relates the output and input voltages and we need to get
an expression that relates the output voltage across the capacitor to the input voltage. We could
write the TF directly using the potential divider method but we will derive it from the basic
circuit theory. The output voltage by Ohm’s law is

i

V), = current x reactance = i(—j X,) = ——. (1.6)
joC
Substituting the circuit current i = tottzfaiz;i?f;e =% +1I;1jw & into (1.6) yields
14 1 V 1
V, = o e (1.7)

R+1/j0C joC /i 14 joCR

A good rule of thumb when deriving transfer functions is to eliminate any fractional quantities
by multiplying by the denominator of the fraction such as jwC in (1.8). We could, of course,
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have written this transfer function by applying the voltage divider rule as:

2V _WjeC | joC 1 1 1
§) = — = = - - .
i R+1/joC  joC 1+ joCR 14 j727fCR 1+ jo/w,

(1.8)

Here 1/CR is the cut-off frequency w,. So when w = w, the TF =1/(1+ j1) = |TF| =
1/+4/2 = 0.707. A complex number, Z = R+ j X, has a magnitude and phase defined as Z =
VR + X2/ tan"}(X/R). Thus, the LPF transfer function 1/(1 + jwCR) has a magnitude
1/+/1% + »? C? R?, unity gain at DC (the passband region) and the phase response plotted using
6 = — tan"! @C R. We already introduced the important concept of cut-off frequency when we
considered the power relationships in the previous section but another visit should reinforce this
important concept. This special frequency occurs where the real part of the transfer function

equals the imaginary part. To obtain an expression for w,, we equate the TF magnitude to
1/4/2 = 0.707. Thus, we may write

v, 1 passband gain 1
|TF| = -2 = - = — = V1+?C?RR =2, (1.9
Vo V14 0?C2R2 V2 V2

Squaring both sides w?C?R? + 1 = 2 = w?C? R* = 1 yields the cut-off frequency, in radians

per second, as

w=1/CR= w,. (1.10)

The subscript tells us that at this frequency, the output signal power is reduced by 3 dB (or the
voltage reduced to 0.707 Vi,). The cut-off frequency in Hz is w, /27, so the cut-off frequency
for C =10nFand R= 10k is

1 1
J? = 272CR ™ 2 (10 x 10-%) (10 x 109)

= 1.59 kHz. (1.11)

1.3.1 Bode Plotting

Bode plotting (Hendrik Bode—1905-1982) is a useful graphical method for plotting the
approximate filter amplitude and phase responses. We do this by splitting the magnitude of
the TF into smaller parts containing terms of the form 1 + jw/w, and plotting each TF part
using straight-line segments. The complete frequency response is then obtained by adding the
individual responses together. The TF is manipulated into a form (14 jw/w,) by making
the real part of the complex number one. This is done by dividing every term in the transfer
tunction by the real part of the complex number. We then get the magnitude of each part of the

TF and express it in dB so that we can perform Bode analysis using straight-line or asymptotic
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fffffffffffffffffffffffffffffffffffffffff

becédd

-------------------------------------

Hip= Cult-off ffridushkly = 100 Hd | |

18Hz 180Hz 1.0KHz 100KHz

Frequency

FIGURE 1.5: Part (a)

line segments. The transfer function in polar form is
1 1
1t jelo, 1+ jflf [1+ (110172

If the cut-off frequency is 100 Hz, then the response is plotted two decades above and below
this value, i.e., 1 Hz to 10 kHz. The numerator and denominator of the TF in (1.12), in dB:

2712 2
|TF|qg = 201log(1) — 201og |:1 + (%) :| =0—10log |:1 + (fi) :| . (1.13)

? ?

= |TF| = Z—tan ' (f/fp).  (1.12)

Evaluate the transfer function a decade above and below the cut-off frequency, i.e., at f =
f3/10, f=10f.
a) The TF a decade below the cut-off frequency /' = f,/101is
10\’
TFi = —10log |:1 + (%) i| = —101log[1 + (1/100)] ~ 0 dB. (1.14)
?

Plot this on log/linear paper as shown in Fig. 1.5.
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28

T Cut-off poing {11!

--------------------------------------

': decadé

---------------------------------------------------------------------

fp/ 10 PN 100fg
-n0 : ¢//
18Hz 188Hz 1.8KHz 18KHz 188KHz 1.8HHz
Fregquency

FIGURE 1.6: Part (a) + part (b)
b) For a decade above the cut-off frequency, /=10 1}, the transfer function in dB is

2
TFi = —101log |:1 + (1(}—]‘}> ] = —10log[1 + 100] ~ —20 dB/decade. (7.15)
?
Thus, for every decade increase in frequency, the output voltage falls by 20 dB. This
is stated as =20 dB per decade increase in frequency, where a decade is from 1 kHz
to 10 kHz, or 10 kHz to 100 kHz. This is equivalent to —6 dB per octave increase in
frequency, an octave being a doubling in frequency, e.g., 1 kHz to 2 kHz. Fig. 1.6 shows
a complete transfer function response. The y-axis is in dB and the x-axis is logarithmic
to encompass a large frequency range. The transfer function is not evaluated at the
cut-off frequency in a Bode plot, but may be calculated, however, to reinforce your

understanding of the cut-off frequency concept.

c) Substitute f, into the general frequency variable f to give

2
|TF|sg = —101log |:1 + (%) j| = —10log[1+ 1) = — 3 dB. (1.16)
?
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fe/10
.59 kHz, -5.69 degrees)
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. 10fc
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16Hz
o P(U(OUT)) r
requency

FIGURE 1.7: Asymptotic and actual phase response

The complete asymptotic response is obtained by adding the straight-line (Bode)
responses together.

The filter order (the number of poles—more about this later) determines the roll-off
rate in the transition region, i.e., a first-order has a roll-off rate of —20 dB/decade,
a second-order is —40 dB/decade, etc. Active filters considered in later chapters have
orders that rarely exceed 10, but digital filters can have very high orders [ref: 2].

1.3.2 Low-Pass CR Filter Phase Response

We need to plot the TF phase response as well as the magnitude part using the same Bode
technique. The phase part of the transfer function is

TF@®) = —tan™"(f/f,). (1.17)

We may plot the approximate phase response by considering the value of the phase a decade
above and below the cut-off frequency as before, i.e., f = f;/10,and f = 10 f,. For example,

. Atf= f»/10, the phase is ¢ = —tan_l(f};/loj‘},) = _—tan 10.1~0Q°
« At f = f,, the phase ¢ = —tan~! folfp = —tan~11 = —45°
« At £ =10f,, the phase is ¢ = —tan"'(10£,/f,) = —tan" 1 10 = —90°.

The actual and asymptotic phase responses are shown in Fig. 1.7.
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18

Asymptotic amplitude response
(15,9 kHz, =3 dB)

/

Actual frequency response

The -3 dB cut-off frequency = fc Decade 100 kHz to 1MHz§

Roll-off rate = -20 dB/decade

A1 = 100.5K, -20 dB
A2 = 1.88H,
dif=-897.2K, ‘
-48 T T i
188Hz 1.BKHzZ 18KHZ 18BKHzZ 1.8HHZ
{oiDB(U(OUT))
o Frequency

FIGURE 1.8: Low-pass filter response
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FIGURE 1.9: Probe icons

1.4 MARKERS

Place decibel and phase markers from the PSpice/Markers/Advanced menu. Each marker
will have a different color corresponding to the Probe output plot after simulation, which
makes it handy for signal-marker identification. In this example, the output signal marker
is red so the trace will be red too. Other available markers are group delay and real
and imaginary parts of current/voltage. An alternative to using the phase marker is to
enter ATAN(IMG(V2(C1))/R(V2(C1)))*180/3.14159 in the Trace Expression box (i.e.,
tan™ ! (imag/real)*180/pi). The 180/pi is necessary to plot in degrees and not radians. Set
the Analysis tab to Analysis type: AC Sweep/Noise, AC Sweep Type to Logarithmic, Start
Frequency = 100, End Frequency = 1000k, Point/Decade = 1000. Select the blue right
triangle, or press F11 to produce the filter response shown in Fig. 1.8 where the horizontal
frequency scale is plotted on a log basis.

For all Probes outputs, important information should be added, e.g., the cut-off frequency
and roll-off rate. Fig. 1.9 shows the cursor icons bar (max value, min value, etc.). Locating the
mouse pointer over each icon produces a small information textbox telling you the function of
each one. From left to right from the Cursor Peak arrow: the first icon positions the cursor
to the next local maximum or peak. The second icon positions the cursor to the next local

minimum, and the third icon is the cursor slope. The fourth is the absolute minimum icon and
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Search Command

Isean:h far mir

Y Y STl LT VP Foa =

FIGURE 1.10: “search for min”

the next icon measures the cursor maximum. Pressing ! will place x and y axis values at the
cursor location.

Other icons are: Log x-axis, Fast Fourier Transform FFT, Performance Analysis, Log
y-axis, Add Trace, Evaluate Function, and Add Text. The search command (shortcut alt
TCS) is used to position the cursor at a specific place along a trace. The syntax is: Search
[direction] [/start_point/] [#consecutive_points#] [(range x[,range_y])]. Use the F1 button for
further information on this topic. Turn on the cursor icon and select Trace/Cursor/Search
commands menu to bring up Fig. 1.10 which shows the search command “search for min”
entered in order to move the cursor to the minimum point on the response curve.

The icons at the start are the icons for examining in detail sections of the plot. Press the

third icon from the left and then using the left mouse button expand a section of the plot.

1.4.1 Cut-Off Frequency and Roll-Off Rate

Two important things to measure from the frequency response are: (1) The roll-off rate—this
is measured using two cursors separated a decade apart on the linear portion of the response
(e.g., 10 kHz to 100 kHz but not on the curved portion of the response). Alternatively, you may
measure it over an octave (e.g., 2 kHz to 4 kHz). (2) The cut-off frequency—use a single cursor
to read the frequency where the output is down by 3 dB from the maximum value (midband
or passband region). The passband gain is generally 0 dB for passive networks, but it may be
nonzero for active networks which have gain. In that case read the frequency at the point where

the level is 3 dB below the maximum passband gain.

1.5 ASYMPTOTIC FILTER RESPONSE PLOTTING USING AN
FTABLE PART

Fig. 1.11 shows an FTABLE part used to produce a low-pass filter response in Bode asymptotic
form, where the cut-off frequency is 1.59 kHz.

Select the FTABLE part and enter the table of values into the columns as shown in
Fig. 1.12.
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Out
FTABLE - <
1Vac ) fre dB de
Vin q— g VP VDB
0OVdc OHz 1 0
1.59kHz 1 0
159kHz 0.1 -45
159kHz 0.01 -90
O 1590k 0.001 -90

To plot response in magnitude rather than dB, enter mag in table attributes
FIGURE 1.11: Using the Ftable part to plot a Bode response

NS IS IS | iALLLE
ROV Hz 1 0
ROW2 1.58kHz 1 1}
ROWS 15.59kHz 0.1 -45
ROW4 158kH=z 0.1 -B0
ROWS 15590k 0.001 <50
[P I P T v

FIGURE 1.12: Enter the FTABLE values

From the Analysis Setup, select AC Sweep and then Decade, Point/Decade = 10,001,
Start Frequency = 1, and End Frequency = 10 Meg. Press F11 to simulate and plot the
asymptotic amplitude response shown in Fig. 1.13.

The Ftable values are entered in magnitude/ phase domain (R_I=) or complex number
domain (RJI=YES) form. The values are interpolated and converted to dB, and the phase
in degrees. Frequency components outside the table range have zero dB level and impose
upper and lower limits on the output. The DELAY attribute increases the group delay of the
frequency table and is useful if an FTABLE part generates a noncausality warning message
during a transient analysis. If such is the case, then the delay value is assigned to the DELAY
attribute.

1.6 HIGH-PASS CRFILTER

The high-pass filter in Fig. 1.14 has a 1 V input signal applied using a VSIN generator part.
Place a Net alias name vout on the output wire segment when selected (or place a Portleft tag
instead) and attach voltage markers as shown.

Applying the potential the divider gives the transfer function as

h_o R [R_ ! = ! (1.18)
W R+4+1/joC/ R 1-j/woCR 1—jf,/f '
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{1.59 kHz , 0 dB)

18.179K, =16 .13

: - 167.300K,  -36.54
The cut-off frequency is shown at O dB but in redity it is at -3 dB: = —97 121K, 20.4

(10.002K,-15.972)

-2

/’
The roll-off rate 1s -20 dB/decads
[100.023K,-35.972)

—u9

-68 T T T T T
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FIGURE 1.13: The FTABLE frequency response

VOFF =0v Vin \“:f\':\'—
AC =1V v R1 (\'Lok‘ V

VAMPL =1

FREQ =1.5191k
é 0

FIGURE 1.14: High-pass CR first-order filter

The cut-off frequency w, = 1/CR = f, = 1/2n CR = 1.59 kHz and the magnitude of the

transfer function in dB is

|TF|,p = —10log[1 + (£,/)*]. (1.19)

At w = w,/10, the magnitude of the transfer function is |7'F|,5 = —101log[101] ~ —20dB.
Similarly, a decade above the cut-off frequency f = 10 f; makes the transfer function mag-
nitude |7'F|,;3 = —101log[1 + 1/101] ~ 0 dB. Plot the straight-line approximate amplitude

response.

1.6.1 Phase Response Measurement

An expression for the transfer function phase is ¢ = tan™!( f»/f)- Remember — tan~ 1 (—x) =
tan"lx. At f= /3/10, the phase angle is ¢ = tan_l(lof/fp) =tan"110 = +90°. At f =
/3, the phase is ¢ = tan_l(fp/fp) =tan '1 = 445° At 0 = 10w, the phase angle is

13
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1.5V

A1 = 1.3965m, 698.453n
A2 = 1.4815m, 1.8088
dif= -85.062u, -309.543n (148 ms, 1 V)

au

-8.5U+
-1.8u4 Delta timei= 85 us
s e
-1.50 T T T T T T T T T
8.2ms 8.4ms 8.6ms 8.8ms 1.68ns 1.2ms 1.4ns 1.6ms 1.8ms 2. 8ms

8s
faiU(R1:2) S5 UUin:+)
Time

FIGURE 1.15: Measuring the phase difference

¢ = tan"'(f,/10f,) = tan"*(1/10) = 0°. The phase between input and output signals at a
particular frequency is measured setting the VSIN generator part frequency FREQ_ to 1.519
kHz, and markers placed on the input and output. Set Run to time to 2 ms, and Maximum
step size = 1 [1. Press F11 to simulate and display the out-of-phase input and output signals
as shown in Fig. 1.15. The phase difference between the two signals is measured indirectly by
measuring the time difference between the signals using the two cursors. We do not measure
the phase difference at the start but wait until all transient signals have died down. Convert the
measured time delay to phase in degrees using the expression

0 = £*360*frequency = 85 us*360%1.519 kHz = 45° (1.20)

where the frequency is 1.519 kHz.

The high-pass filter output is across the resistance, but we may use a pair of differential
voltage markers from the menu, to plot the voltage across the capacitance to give a low-pass filter
response. From the Analysis Setup, select AC Sweep and then Logarithmic, Point/Decade
= 1001, Start Frequency = 0.1, and End Frequency = 100k. To plot amplitude and phase
responses, add Vdb and VP markers from the PSpice/Markers/Advanced menu. Press F11
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FIGURE 1.16: Using the measurement menu
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FIGURE 1.17: Phase response

to simulate. We will now measure the high pass cut-off frequency using an inbuilt function.

Selecting Trace/Evaluate measurement produces the menu shown in Fig. 1.16.
Select Cutoff_Highpass_3dB(1) from the right list and substitute the output voltage
variable V(vout) from the left list of variables into the function as shown (i.e., replace 1 with

V(vout)) to give an accurate value for the cut-off frequency. Fig. 1.17 shows the phase response
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Cutoff_Hig

CenterFrequency_+<Range

ConversionGain

Conversion ain_=H apfe

Cutoff Highpazs 3db
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BUG‘E.% " Ed |
Lty 1 Press OK when done viewin

F alltire ‘\J) .

F alltire clgte

F alltirne

Gaink4 .

b Eval |

FIGURE 1.18: Evaluate measurement function

of the output voltage phase with respect to the input voltage. Measure the phase at the cut-off
frequency w,, and compare to the theoretical value. Use two cursors to read the number of
degrees per octave change in frequency. We need to consider an octave, which is a doubling
in frequency, e.g., 1 kHz to 2 kHz (a decade is 1 kHz to 10 kHz), since the roll-off frequency
region (transition region) is quite small and does not cover a full decade.

Another method for measuring the cut-off frequency uses the Measurement function
that is accessed from the same Trace menu in Probe. The function Cutoff High 3 dB is selected
from the list on the right panel in Fig. 1.18.

Press the Eval button. From the new screen, enter V(vout) in the Name of Trace to
search text box should display the required information. This procedure is not as useful as the
Evaluate Measurement function described previously because the information on the display

disappears when the ok button is pressed.

1.7 GROUP DELAY

All filters produce a phase between the input and output signals (i.e., time delay between the
input and output). If this phase is constant for all frequencies then is no problem. However, if
each frequency in the input signal experiences different amounts of phase shift then the phase

response is not linear and the output signal will be distorted. One way of representing phase
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- Group delay

A1 = 55.980K, -6.08286
A2 = 50.000K, -33.517
dif= 5.9880K, 27 .496

i :
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{TUDB(L2:2)
Frequency

FIGURE 1.19: Group delay and bandpass response

shift change with frequency is the concept of group delay D and is defined as the derivative of
the phase shift with respect to frequency.

a9

D=— 7 (1.21)

Thus, the group delay is the slope of the phase response and is important for certain classes of
signals such as bandpass signals. Let us consider an amplitude-modulated carrier signal applied
to a bandpass filter. It is desirable that each frequency component in the signal is exposed to
the same phase response; otherwise the signal will be distorted. Fig. 1.19 shows the frequency
response for a sixth-order bandpass filter and the nonlinear group delay response is shown on
the top. It is obvious that the group delay is not constant over the bandpass region and this
could cause problems because each frequency in the signal would experience a different delay.
Place a group delay marker from the PSpice/Marker/Advanced menu or from the Trace Add
menu, select the G() operator (this was VG() in version 8) and substitute the variable in the
brackets.
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FIGURE 1.20: Modified low-pass CR filter

1.8 MODIFIED LOW-PASS FILTER

The modified low-pass filter (MLPF) is used in phase locked loops to provide a constant
attenuation at high frequencies, unlike the LPF, which falls off at =20 dB for every decade

increase in frequency. It also speeds up the response of the PLL compared to an uncompensated

PLL. For the MLPF in Fig. 1.20, obtain:

«  The amplitude and phase response,
«  The two break frequencies,

o The constant attenuation factor in dB, and

What is the total phase at the first cut-off frequency?

The numerator and denominator of the transfer function are multiplied by jw C:

TF

_ V2 Ry+1/joC (ij) L+jeCR __ 1+jofon )

" V1 R+ R+1/jwC\joC) 1+ j0C(R+R) 1+ jojw,
The two cut-off frequencies are w,1 =1/CR, rs~! and wp =1/C(R + R) rs~!, where
wp1 > ). Express (1.22) in magnitude and phase form as
1 2
7R = YIE@Won) [tanl (i) — tan! (i)] . (1.23)

v1+ (w/wpz)z @p1 Wp2

From the Analysis menu, select AC Sweep and Logarithmic, Point/Decade = 1001, Start
Frequency = 10, and End Frequency =100 k. Press F11 to simulate and plot the amplitude and
phase responses shown in Fig. 1.21. Measure the constant attenuation 20 log[ Ry /(R + Ry)]
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(462 kHz, -20.& dB)
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FIGURE 1.21: Modified low-pass amplitude and phase response
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FIGURE 1.22: Modified high-pass filter

and compare to hand calculations. Calculate the phase at @ »1, compare to the measured value

and measure the minimum phase value and the frequency where it occurs.

1.8.1 Modified High-Pass Filter
The transfer function for the circuit in Fig. 1.22 is obtained by applying the potential divider

principle.

R2 1 +].Q)CR1 R2(1 +ijR1)
= X =

TF

. R2(1 + ijRl)
Ri+ Ry + joCRiRy

(1.24)

19
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(5 28 KkHz,
40|

o (17 25 kHz,-3 dB)
(51 Hz.20 8 dB) (1.59 kH & dB)

Constant attenuation = 201og(R2/(R1+R2)1= 20 .8 dB

-48 . . T T T
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o DB(U(C1:1)) + P(U(C1:1))

Frequency

FIGURE 1.23: Modified high-pass filter phase and amplitude response

Dividing above and below by (R; + R;) makes the denominator real part one (A require-
ment for Bode plotting).

TF — ( R > 1+ joCRy) _ Ry 1 +ja)/a)],1
Ri+ R/ 1+ joC(RR)/(Ri+R) R+R\1+ jw/w,

) . (1.25)

The cut-off frequencies are: fy3 =1/2rCR; Hz and fy; = 1/27 C(R1 Ry)/(R: + Ro)Hz.
Thus, the TF has a zero at w,1 and a pole at ;. The transfer function in magnitude and
phase is

R V1 +(a)/a)p1)24
Ri+ R /14 (w/wp)?

The TF magnitude part is expressed in decibels as

Ry o \? o \?
|TF| =20lo + 1010 1—|—<—> —101lo 1+<—> )
& R+ R & ®p1 . Wp2

From the Analysis Setup, select AC Sweep and Logarithmic, Point/Decade = 1001, Start
Frequency = 10, and End Frequency = 10meg. Press F11 to simulate and obtain the amplitude
and phase response for the modified high-pass filter (MHPF) as shown in Fig. 1.23.

Measure the constant attenuation factor 20log(R,/(R; + Ry)) and phase at the cut-

frequency w,1 and compare to the values by a calculator. Measure the maximum phase value

|TF| =

[tan_l(a)/a)pl) — tan_l(a)/a)pz)]. (1.26)

and the frequency where it occurs.
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FIGURE 1.24: Low-pass filter with VCO controlling the cut-oft frequency

1.8.2 Voltage-Controlled Low-Pass and High-Pass Filters
The AD633 in Fig. 1.24 is a four-quadrant multiplier IC and is configured here as a voltage-
controlled low-pass filter with the =3 dB cut-off frequency controlled by the input voltage called
VCO. (See ref: 3 for more information on the AD633.)

The output voltage at pin 7 is modulated by the DC input called VCO and is expressed

as

VC0/10

Vouw = 5=~
! 27TRfo

(1.27)

The —3 dB cut-off frequency is f, = 1/(2r R rC ). From Analysis type menu tick AC Sweep
with AC Sweep Type = logarithmic, Point/Decade = 1001, Start Frequency = 10 Hz, End
Frequency = 1 Meg. The roll-off rate is =20 dB/decade, but if the frequency range over which
you are measuring is quite small, then tick Octave (—20 dB/decade = —6 dB/octave). For
example, the output across C s has a pole at frequencies from 100 Hz to 10 kHz, for VCO
voltages 100 mV to 10 V, and R = 8 kQ and C = 0.002 uF. We sweep the DC source called
VCO, in order to change the cut-off frequency. The Parametric Sweep parameter settings are
shown in Fig. 1.25.

The results of sweeping VCO are shown in the multiple ac responses shown in
Fig. 1.26.

A high-pass filter is achieved by inter-changing C s and Ry.

21




22 PSPICE FOR FILTERS AND TRANSMISSION LINES
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FIGURE 1.25: Sweeping VCO to change the cut-off frequency
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FIGURE 1.26: LPF frequency response
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NICHOLS CHART AND A LAG NETWORK

A Nichols chart investigates stability of closed-loop systems by plotting the y-axis output in

dB versus the x-axis output phase. Fig. 1.27 shows not how a Laplace part can be used to plot

the lay network transfer function.

From the Analysis Setup menu, select AC Sweep and Logarithmic, Point/Decade =

10001, Start Frequency = 0.001, and End Frequency = 100. Press F11 to simulate and plot
the output amplitude in dB. Change the x-axis to P(V(Out)) and change the x-axis to linear

and with x-axis range as shown to produce the Nichols chart Fig. 1.28.
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FIGURE 1.28: Nichols plot

1.10 EXERCISES
1. Use the FTABLE part to produce a Bode amplitude response for the MLPF. Replace
the VAC generator with a VPULSE generator part whose parameters are: V1 = 1,
V2=0,TD =1 ms, TR=TF =1 n, PW = 0.5 ms and PER = 1 ms and investigate
the filtering effect on the frequency spectrum.

~40d -3

ad -2ad

P(U(Dut))

-18d

—-8d
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FIGURE 1.29: Measuring the second VSIN frequency
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FIGURE 1.30: Varying the cut-off frequecy

2. To cement the ideas of filtering firmly in your mind, create the schematic shown in

Fig. 1.29. Replace the VAC generators with VSIN generators and fill in the parameters
such as VOFF (the offset voltage). Set up a transient analysis and observe the output.
Use the FFT icon button to observe the frequency content and measure the relative
amplitudes of each frequency in the spectrum output and compare the amplitudes to

previous values.

. Investigate the effect of varying the cut-off frequency using the PARAM part in
Fig. 1.30.

. Draw the high-pass CR filter investigated previously and with R = 10 k2 and C =
10 nF, the cut-off frequency is 1.591 kHz. Set the VSIN generator to this frequency
and perform a transient analysis: Run to time = 2 ms and Maximum step size = 1 [s.
In Probe, plot the y-axis as the output voltage (i.e., across R) and change the x-axis
to the capacitor voltage and the Lissajous plot in Fig. 1.31 should appear. Measure the
maximum voltage at 0 V and the minimum value at the top of the plot and calculate

the phase between the input and output voltages at f; as

min . (0.707
arcsin (V—> = arcsin ( 1 ) = 45°. (1.28)

max
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FIGURE 1.31: Lissajous figure for phase measurement
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& Y(OUT)
u1(c1)

The phase is known in this example, since the frequency is set to the cut-off frequency
of the network. If you are using Matlab to do your calculations, make sure you multiply
the result by 180/pi, since Matlab operates in radian measure, i.e., asin (0.707/1)*180/
pi = 45°.
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CHAPTER 2

Loss Functions and Active

Filter Design

2.1 APPROXIMATION LOSS FUNCTIONS

Active filters use capacitors, resistors, and op-amps (in general, inductors are not used as they
tend to be large at low frequencies and also radiate magnetic fields). They also require DC
power supplies and have a frequency range limited by the quality of the operational amplifier
used. To design these filters, we carry out a mathematical analysis that uses approximation loss
functions A($), which when inverted produce a filter transfer function H($), i.e.,

H(S) = ﬁ. 2.1)

This inversion turns an all-zero function into an all-pole transfer function. Popular approxi-
mation loss functions are:

o Bessel,

e  Butterworth,
«  Chebychev, and
«  Elliptical

2.2  BUTTERWORTH APPROXIMATING FUNCTION
A low-pass Butterworth approximation loss function, in magnitude squared form, is
| 4G)|* =1+ |Flo)|. (2.2)
where the maximally-flat Butterworth characteristic function is defined as
[F(jo)| = e(w/w,)". (2.3)

Epsilon is a function that allows A, to be adjusted to a value less than —3 dB but more
about that later. Substituting (2.3) into (2.2) yields an expression for the magnitude of the loss
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function

1/2

|A(ja))| = [1 + sz(a)/a)p)z”] (2.4)

The loss function attenuation in the passband region 0 < @ < w, is called Ao and the

attenuation in the stopband region @ > ; is Apin; expressed in dB as
A(jw) = 201og \A(]a))| dB. (2.5)

2.2.1 The Frequency Scaling Factor and Filter Order

To obtain an expression for the frequency scaling factor £ we must substitute @ = w,, into (2.4).

A(w)\w:wp = A = 101og;[1 4 e*(@,/@,)*" = Amax

= 10log,[1 + &?] = & = /100 m — 1, (2.6)

For example, when Ay, is equal to 1 dB, then the frequency correction factor ¢ is equal to
0.508 but when Ay, = 3 dB, a popular choice, then ¢ is 1. The attenuation at the stopband
edge frequency @, is Amin,

A)|,_, = Amin = 10log;([1 + e*(@, /)*"] = 0.1 Amin
=log, [1 + & (w, /a)P)Z”]. (2.7)

Taking anti-logs of both sides

1001 mn _ 1
1+ %o /wy)?" = 10" = (0, /w,)" = — (2.8)
Or substituting for &2 = 10%14m= — 1 from (2.6) yields
1001 4mn _ 1
2n __
(o /0,)™ = Toiam =1 (2.9)

This yields an expression for the order of the loss function 7 by taking logs of both sides of
(2.9) as

100.1Am'm -1
10g10 [ 100 max —1

210g10(a)x/a)},) '

n= (2.10)
We then go to the Butterworth loss function tables and select the desired loss function. We
must invert and denormalize the chosen function to produce the required transfer function and
at our required cut-off frequency f,. For example, a first-order normalized Butterworth loss
functionis 1 + $, where $ is the normalized complex frequency variable. Invert and denormalize



LOSS FUNCTIONS AND ACTIVE FILTER DESIGN
} amplitude respanse
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%0 ' 1sn=“Z|JE¢“{DUT))1:£I'F<:‘:(LGFLIIEE1 "I‘]g!lf]:z’ 105‘““2 1-Omliz
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FIGURE 2.1: Laplace part to plot amplitude and phase response
this using $ = s /w,, to produce a TF whose cut-off frequency is w,, i.e.,
1 1 )
H(s) = — = =2 (2.11)
A®) ls—s/0, s/ +1 s+,
Compare this equation (2.11) to a low-pass CR transfer function
V,(s 1/sC 1 1/CR 3]
TF(s) = ) / / 2 (2.12)

" Vi) R+1/sC 14+sCR s+1/CR s+,

The denominator of (2.12) is a first-order Butterworth approximation loss function, with a
pole at s = —w, = —1/CR. We may plot this transfer function using a Laplace part shown
in Fig. 2.1. From the Analysis Setup, select AC Sweep/Logarithmic, Point/Decade = 1000,
Start Frequency = 1, and End Frequency = 1000k. Press F11 to simulate and verify that the
cut-off frequency is f, = 5t = 2n10x10*9103 = 15.916 kHz.

The attenuation at the stopband edge frequency is 20dB and the roll-off rate from

100 kHz to 1 MHz (a decade) is —20 dB per decade.

2.3 BUTTERWORTH TABLES

Table 2.1 shows Butterworth approximation loss functions in factored form.

2.4 CHEBYCHEV APPROXIMATING FUNCTIONS

Butterworth approximation loss functions have a maximally flat passband gain with no ampli-
tude variations (ripple). However, the attenuation in the transition region, for a given order, is
not as good as the Chebychev (Pafnuty Chebychev 1821-1894) approximating loss functions.
These functions have, however, ripple in the passband region called equiripple, where the pass-
band gain oscillates between maximum and minimum values at a value that is determined by

29
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TABLE 2.1: Normalized Butterworth approximation loss functions

ORDER  BUTTERWORTH APPROXIMATION LOSS FUNCTION
A($) IN FACTORED FORM

$+1)

($2 +1.414% + 1)

B+ +8$+1)

($2 4+ 0.765% + 1)($2 + 1.848% + 1)

($+1)($2+0.618% + 1)($2 + 1.618% + 1)

($2 4 0.518% + 1)($2 + 1.414% + 1)($2 + 1.992% + 1)

(% + 1)($% + 0.445% + 1)($2 + 1.247$ + 1)($2 + 1.802% + 1)

($2 +0.99% + 1)($2 + 1.1118 + 1)($ + 1.669% + 1)($> + 1.92$ + 1)
($+1)($%2+0.9476 + 1)($2 + $ + 1)($2 + 1.5926 + 1)($> + 1.879$ + 1)

O 00 N O Ul A W N =

the choice of function (see the tables below). Chebychev polynomials are defined:
C,(w) =cos(ncoslw) for —1<w<l1
(2.13)

C,(w) = cosh(ncosh™ @) for w>1

where cosh(w) = 1/2(e” + ¢~*). After some manipulation, equation (2.13) results in the fol-
lowing loss function whose magnitude is

| AGw)| =1+ 62 C(w). (2.14)

A(jw) is a low-pass approximating function and ¢ defines the ripple amplitude (not to be
confused with ¢, the frequency-correction factor from the Butterworth design). Expressing

(2.14) in dB:
|A(jo)| ;5 = 20log | A(jw)| = 20log{1 + £*C(w)}'* = 10log{l + £°Cw)}.  (2.15)
For C,(w) > 1
| A(jo)| ;5 = 20log e + 20log C,\(w) (2.16)
where C,(w) = 2" 10" for w > 1, so (2.16) is
|4(jw)| ,, = 20loge + 20log 2" 'w" = 20log e + 20(n — 1)log2 + 20logw”.  (2.17)

Comparing (2.17) to a Butterworth second-order loss function, we see that there is an extra

term 20(z—1)log2 equal to 6.02(z—1) dB, thus giving the second-order Chebychev function
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FIGURE 2.2: Chebychev loss functions and edge frequencies

an extra 6 dB fall-off in the transition region. Fig. 2.2 defines the filter parameters such as

attenuation and edge frequencies.

2.4.1 Chebychev Tables
Chebychev approximation loss functions, with passband ripple 0.5 dB to 2 dB, are shown in
Table 2.2.

2.4.2 Ripple Factor and Chebychev Order

The ripple factor is expressed in terms of the passband edge frequency attenuation factor,

g =4/10% 1 me _ 1, (2.18)

This is the same expression as derived for the Butterworth loss function but for different

Anax, a8

reasons. The specification for a filter includes the passband and stopband edge frequencies, f',
and f, and the attenuation at these frequencies is A, and A, (the passband and stopband

31
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TABLE 2.2: Normalized Chebychev approximation loss functions

ORDER RIPPLE =0.1dB (¢ = 0.1526)

N Chebychev approximation loss function A($) in factored form

($ + 6.552)

($2 + 2.372$ + 3.314)

($ + 0.969)($% + 0.969% + 1.69)

($2 + 0.528% + 1.33)($? + 1.275% + 0.623)

($ + 0.539) ($2 + 0.333% + 1.195)($2 + 0.872$ + 0.636)

($2 + 0.229% + 1.129)($2 + 0.627$ + 0.696) ($2 + 0.856$ + 0.263)

Ripple = 0.5 dB (¢ = 0.349)

($ + 2.863)

($2 + 1.426% + 1.516)

($ + 0.626)($> + 0.626% + 1.142)

($2 4+ 0.351$ + 1.064)($> + 0.847% + 0.356)

($ + 0.362) ($2 + 0.224$ + 1.036)($2 + 0.586$ + 0.477)

($2 + 0.155% + 1.023)($2 + 0.424$ + 0.59) ($2 + 0.58% + 0.157)

Ripple = 1.0 dB (¢ = 0.509)

($ + 1.965)

($2 + 1.098% + 1.103)

($ + 0.494)($? + 0.4948% + 0.994)

($2 + 0.279$ + 0.987)($2 + 0.674$ + 0.279)

($ + 0.289) ($2 + 0.179% + 0.988)($> + 0.468% + 0.429)

($2 + 0.124$ + 0.991)($2 + 0.34$ + 0.558) ($2 + 0.464$ + 0.125)

Ripple = 2.0 dB (¢ = 0.765)

($ + 1.308)

($2 + 0.804$ + 0.823)

($ + 0.369)($% + 0.369% + 0.886)

($2 + 0.210$ + 0.929)($2 + 0.506$ + 0.222)

($ 4+ 0.218) ($2 + 0.135% + 0.952)($> + 0.353$ + 0.393)

($2 + 0.094% + 0.966)($2 + 0.257$% + 0.533) ($2 + 0.351$ + 0.1)

N L LW N

N Ul A W N

N L1 LW N

N Ul A W N =
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DENOM = (5 + 0.368)*(5*s + 0.369*s + 0.886)

MUM =1 PMUM = (s + 0.369)*(s"s + 0.369"s + 0.886)
ChebychevTF _ - _ Chebychevlossfunct
' DENOM = 1
OB
butterwortn TF ButterworthlossFunciion
- GHT L * h GHT
\ VDB \VDB
NUM =1 MUM = (5 +1)%(5™s + 5 +1)
DEMNOM = (5 +1)%(5"s + 5 +1) DENOM =1

~0

FIGURE 2.3: Laplace part for plotting transfer functions

attenuation figures respectively). At @ = wy, the attenuation is
Aw)|,_, = Amin = 10log[1 + £*C(w, /©,)] = 0.1 A
=log[1+ ezcﬁ(w_f/wﬁ)]. (2.19)

Using this result and the ripple factor, it can be shown that the loss function order is determined
as

. 12
-1 100-1Amm71
cosh [—100‘1 y e

n= P (2.20)

2.4.3 Plotting Chebychev and Butterworth Function
We will use Laplace parts in Fig. 2.3 to plot and compare loss and transfer functions. A
third-order Chebychev loss function ($ + 0.369)*($*$ + 0.369*6 + 0.886) is entered in the
DENOM of the Laplace part and in the NUM part of a second Laplace part. This will display
a Chebychev loss function and transfer function. Similarly, enter the second-order Butterworth
loss function ($*$ + 1.414*$ + 1) in the NUM entry of the last Laplace part.

From the Analysis Setup, select AC Sweep, Logarithmic, Point/Decade = 1001, Start
Frequency = 0.01, and End Frequency = 10. Press F11 to simulate. The frequency response
of a Chebychev loss function and its inverse are plotted in Fig. 2.4, and shows a 2 dB ripple

in the passband region. A Chebychev transfer function has a steeper roll-off rate compared to




34 PSPICE FOR FILTERS AND TRANSMISSION LINES

28.8

208.0

Chebychev Transfer function=1/{(s + 0.369)%(s%s + 0 369%s + 0 886))

[

2 dB ripple

Butter transfer function

-10.8- f
Chebychev loss function=(s + 0.369)#(s%s + 0 369%s + (0. 886)
-28.08q
-27.3 T T T T T T T T
BHz 40mHz 80mHz 120mHz 160mHz 280mHz 248nHz 288mHz 328mHz  355mHz
DB{U{BUTTERWORTHLOSSFUNCTION}) ¢ DB{U{CHEBYCHEULOSSFUNCT}) + DB({U({CHEBYCHEUTF)} < DB{U(BUTTERWORTHTF))
Frequency

FIGURE 2.4: Third-order Chebychev function with 2 dB passband ripple

a Butterworth function but has ripples in the passband that could cause problems in certain
audio and video applications.

Compare the Butterworth and Chebychev functions in Fig. 2.4. A Chebychev loss
function rises at a much greater rate and hence produces a filter response that falls off at a
greater rate compared to Butterworth loss functions. The phase response is important when
considering complex signals such as a modulated carrier, or data signals. In this situation, it is
important that the phase response is linear so that each frequency component in the signal has

equal time delays otherwise the filtered signal is distorted.

2.5 AMPLITUDE RESPONSE FOR A FIRST-ORDER ACTIVE
LOW-PASS FILTER

Using the NetAlias icon, name each power supply pin of the operational amplifier with a unique

name such as —Vecc and 4+Vee and do the same with the DC supplies wires. This simplifies a

schematic layout containing a number of integrated circuits by connecting wire segments with

the same name together. The transfer function (the voltage gain) for the low-pass active filter
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Vin

@ VAMPL = 1V
- FREQ = 1kHz

VOFF = 0V
AC=1V

FIGURE 2.5: First-order active filter

in Fig. 2.5 is

Vout é . RZ /
Vo  Z41 14+ joCRy

R;. (2.21)

The gain in the magnitude form is

R 1 R 1
T RI[1+QafCRPIS T R+ (w/w,)]05

|4y (2.22)

The cut-off frequency is w, = 1/ CRyrs™ . Set Run to time to 2 ms and Maximum step size
to 400 ns. Press F11 to simulate and display the antiphase input and output signals shown in
Fig. 2.6.

Change the capacitance to 10 nF and observe the effect on the waveforms.

Change the marker to VdB. From the Analysis Setup menu, select AC Sweep/Decade,
Point/Decade = 1001, Start Frequency = 10, and End Frequency = 100k. Simulate with
F11 to produce the frequency response for R, =10 kQ in Fig. 2.7 and resimulate for
Ry, =20 k.

2.6 EXERCISES
(1) Investigate the ELAPLACE part for plotting the step response of a second-order
Butterworth transfer function shown in Fig. 2.8. Substitute VAC for VPWL and plot

the frequency response.
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FIGURE 2.6: Waveforms for R1 = R2 =10k, C=1nF

18 200d
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16 7K,132 .3
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180d
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_25_
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104z 100Hz 10KHzZ 1. BHHz 10Hz 100Hz 10KHz 1.0HHz
+ DB(U{U2:0UT)) o PUEU2:0UT))
Frequency Frequency

FIGURE 2.7: Frequency response for R2 = 10 k2

(2) Show how the order of a filter may be obtained using the expression for 4(w) and the
following terms:

+ Maximum passband attenuation A, = 3 dB,
+ Minimum stopband attenuation A, = 28 dB,
» Passband edge frequency w, = 1 krs™!, and

« Stopband edge frequency w, = 10 krs~?.
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FIGURE 2.8: Elaplace part for plotting the Butterworth response

Calculate the attenuation at the passband edge frequency using the following expression
A(w) = 10log,,[1 + 2 (w/ a)p)zn]. Hence obtain a transfer function to meet the above

specification.
(3) Find values for & and 7 using the following specification for an active low-pass filter:

+ Maximum passband attenuation A, = 2 dB,
+ Minimum stopband attenuation A, = 12 dB,
« Passband edge frequency w, = 1 krs™?,

« Stopband edge frequency w, = 2 krs~1.







CHAPTER 3

Voltage-Controlled Voltage Source
Active Filters

3.1 FILTERTYPES

The procedure for designing active filters to meet a specification is shown in Fig. 3.1. The
first four blocks explain how a transfer function is obtained using a specification to select a
suitable loss function. The next three blocks show how a second transfer function is obtained
for a second-order Sallen and Key (or an infinite gain multiple feedback) active filter circuit
to implement the first TF derived from loss function analysis. The last block explains how
the comparison between the two transfer function coefficients gives component values for the
active filter.

Many circuit configurations exist for implementing transfer functions from loss function
analysis. The following circuit configurations are used in the next few chapters:

«  Sallen and Key voltage controlled voltage source (VCVY),
«  Multiple feedback, infinite gain multiple feedback (IGMF),

«  Biquadratic and state-variable types

We may achieve up to tenth-order filters by cascading first- and second-order types stages.

However, identical stages are rarely cascaded as it produces a poor frequency response
at the cut-off frequency as shown in Fig. 3.2. For example, cascading two identical second-
order filters produces a fourth-order filter with the attenuation at the cut-off frequency of —6
dB, and not —3 dB. A better technique is to design each stage with different Q factors. We
will investigate voltage-controlled voltage source (VCVS) and infinite gain multiple feedback
(IGMF) filter types. These have high input and low output impedances and so may be cascaded
without any loading problems. We can produce higher-order filters without the need for
buffering between each stage. These two types have high O-factor sensitivities which is a
measure of the effect on the response when circuit component values deviate from their stated
manufactured value. This is called tolerance and is investigated using the Monte Carlo/Worst
case facility in Probe.

39
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FIGURE 3.1: Active filter design procedure

Nodal analysis obtains the transfer function for each configuration and we can then
compare to the transfer function from loss function analysis. Circuit values are calculated by
comparing the denominator coefficients of the two transfer functions. For example, a fifth-order
loss function in factored form comprises two cascaded second-order functions and a first-order
tunction. The standard form for first- and second-order transfer functions yields expressions
for the Q-factor and the passband frequency, w,. To reduce the degrees of freedom in the
choice of component values, it is useful to use equal-component values. However, if we use
a unity gain operational amplifier configuration then we cannot use equal-component values
to set the damping (inverse of the Q-factor) to a particular value and require nonequal value
capacitors.

The cascaded stages should be connected so that the firsz stage has the lowest Q—factor and
then in each following stage should have ascending order of Q-factors. Consider the following
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ButterworthTF2good | ButterworthTF1bad

\ OUTHN * NOUT T
VD Vin VDB

v DENOM=(s*s+s+ 1)*(s*"s +s+ 1)

FIGURE 3.2: Cascaded sections

third- and fourth-order cascaded transfer functions in factored form:

H() = 1.602s 52 (3.1)
W= 214807 | | 52 + 16445 + 7.878 x 106 '

) = 28,727 28,727 5
2=\ 52523975 128,727 ) \s2 + 12475 + 28,727 ) '

Each stage has a different damping factor (i.e., 237.7 and 124.7). The first stage should have the
lowest Q-factor value which is the same as saying the highest damping factor (in this example
it is 239.7, followed by the next stage with damping equal to 124.7). The passband frequency

wj = 28,727 rs~! is the same for both stages because it uses a Butterworth loss function but

this is not true when you use a Chebychev loss function.

3.2 VOLTAGE-CONTROLLED VOLTAGE SOURCE
FILTERS (VCVS)

To simplify the analysis, we assume ideal operational amplifiers with the following character-
istics:

+  Infinite input impedance,

«  Zero output impedance, and

+ Infinite gain

Load the active first-order filter circuit shown in Fig. 3.3.

41
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S
=
+

FIGURE 3.3: First-order low-pass CR filter

The low-pass filter transfer function is obtained by applying the potential divider
technique. The noninverting amplifier gain is # = 1 4+ Ra/Rb, hence the complete transfer

function is

(3.3)

H(s):(l-l—Ra/Rb)[ 1/CR ]

s+1/CR
The cut-off frequency is 1/(27 CR) = 1.6 kHz. Substituting values into (3.3) gives the gain as

1/107710° }_8[ 10° ]

= — 3.4
s +1/10-910° s + 106 (3:4)

H(s) =1+ 7%/1%k) |:

The passband gain (s = 0) in dB is 20log(8) = 18 dB. The frequency response is shown in

Fig. 3.4 where the —3 dB frequency is read where the gain is 3 db down on the passband gain,
i.e., at 15 dB and is 1.6 kHz.

We will shortly need an expression for the voltage v at the junction of the resistor and

capacitor and is given as

Ey _, 1CR _, 1 _ Ey(sCR+1)

_ _ 3.5
o S¥1CR MTrser VTR 1 (3:5)

3.2.1 Sallen and Key Low-Pass Active Filter
The transfer function for the Sallen and Key second-order active low-pass filter circuit in
Fig. 3.5 is derived by applying nodal analysis at the junction of Ry and R, and Cj.

The sum of the currents at node v is zero (Kirchhoff’s second law). However, we may
write the nodal equation using the format discussed in Book 1 [ref: 1 Appendix A].

V (self~admittances at node) + Vin(transfer admittance between nodes) + Vouz(transfer
admittance between nodes) = 0. To simplify the analysis let the resistors and capacitors have
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FIGURE 3.4: Amplitude response
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FIGURE 3.5: Sallen and Key active second-order LPF
equal values so:
1 1 E, E
— 4+ = Cl————— CEy=0. 3.6
v [R + R +s i| = Zr ¢k (3.6)
Substitute for v from (3.5) into (3.6) and rearrange
(1+sCR[2 E; E
Eyp——— | = Cl—-—=—-—-—=2—5CE, =0. 3.7
T RS R kR T (3.7)
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Divide across by Ey
1+s5CR) [ 2 L; 1
QrsR[2, 1B 1, o
k R EyR kR
Multiply by 2R
E;
E/e =1+sCR(1+sCR)—1—-sCRk=1+35CR+1
0
+s2C*°R> —1—sCR&. (3.9)
Invert (3.9)
Ey k
— = . 3.10
E  2C2RP+sGBCR— CRE) +1 (3.10)
Dividing above and below by the coefficient of 52, i.e., C*R? yields
E bl
=0 (3?252 —. (3.11)
EZ .f2 + S W + CZRZ
Equating the denominator coefficients to the standard form yields
_ ! (3.12)
wy = CR .
w, @B—4%) 1
= = = —. 3.13
0~ cr %732 (3.13)

The passband gain is obtained by letting all s terms = 0, i.e., G(0) = 4.

3.2.2 Example

An active low-pass filter is required to meet the following specification:

«  The maximum passband loss 4, = 0.5 dB

«  The minimum stopband loss A, = 12 dB

«  The passband edge frequency w, = 10015 (f, = w, /27 = 15.9 Hz)
«  The stopband edge frequency w, = 400 rs~*

Obtain a Butterworth transfer function and components for a Sallen and Key active filter circuit
to meet the above specification. The filter order is calculated as

100-14min _q 1001¥12_1

_ logy [W] _ logyg [W] B
N 2log;(w; /w,) N 2log,,(400/100) N

7= 2. (3.14)
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There are two zeros in a second-order loss function with an angle between them equal to
360/2n = 90°, hence the angle from the real axis and the first zero is 45°, so the first zero is

s1=cos135+ ;sin135 = —0.707 4+ ;0.707. (3.15)
The second zero is
52 =-0.707 — ;0.707. (3.16)
The required loss function is thus
A($
A($

)= ($ — s1)($ — 52) = [$ — (—0.707 + ;0.707)][$ — (=0.707 — ;0.707)]  (3.17)
) = ($ +0.707 + j0.707)($ + 0.707 — j0.707) = $> + 1.4148 + 1. (3.18)

Denormalize the loss function by replacing $ with s&/”/w,, where the frequency-correction

factoris & = \/(100~1-”max -1 = \/(100~1X0~5 —1)=0.35,50 $ is

0.351/2 0.59
= = . 3.19
5= 00 =700 (3.19)
Substitute (3.19) into the second-order inverted loss function to denormalize it:
1 10000
He) =3 L a14(:059) 1 1) 570-592+ 1414 x 0.595 + 10000
B 28727 (3.20)
© 524239.75 + 28727 ‘
Compare the coefficients of (3.20) to the standard second-order form:
E ke k| C?*R? k28727
0 — i - / = (3.21)

E ~ 2+50/Q+0r  2+5@—k)/CR+1/CPR 2 +239.7s + 28727

We have included a gain % to make the passband gain the same in both transfer functions. Let

R=10kS.
w? =28727=1/(CR)* = w, = 169.5 rs 1. (3.22)

This @, is not the same as w, from the specification, so we introduce a frequency correction
factor, ¢ (required when A,y is less than 3 dB). This factor shifts the passband edge frequency,
w, =100 rs™, up to the new cut-off frequency w, = 169.5 rs™! (f, = . /27 = 26.97 Hz).
At this frequency the attenuation is 3 dB down on the passband gain. (The attenuation at
w, =100 rs~! is 0.5 dB.) The passband gain £ = 20log(1 + Ra/Rb) = 4 dB, so the gain at
wy is (4 — 0.5) dB = 3.5 dB, and at w,, the gain (4 — 3) = 1 dB. Let R =10 k to yield
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(3 Hz, 4 dB)

) (27 Hz, 1 dB)
Passhand gain = 4 dB

n
The two outputs are superimposed on each other \\\
Cut-off freguency is 27 Hz

-4 8-

T T T
1.808Hz 3.080Hz 18.08Hz 308.8Hz 71.3Hz
o DE(U(LAPOUT)) < DB{U(OUT))
Frequency

FIGURE 3.6: Frequency response of LPF

C = 1/28727°°.10* = 590 nF. In practice, you should select capacitor values first and then
calculate the resistance, since there is a bigger resistor selection available in the one percent
resistor tolerance range. Comparing the s coefficient terms from each transfer function yields

(3—4%)/CR=239.7=3—%=CR239.7 (3.23)
Substituting values for C and R into (3.23) gives a value for £ as
(3—%)/CR=239.7= k=3—-590 x 1077 x 10* x 239.7 = 1.585. (3.24)

We need to calculate the gain-determining resistances, so substituting for the gain 4 =1+

Ra/Rb yields the gain
k=14 Ra/Rb = Ra/Rb =1.586 —1=0.586. (3.25)
Assuming a value for R = 10 k2 yields Ra = 5.86 k<2, hence the gain in dB is
k|gg = 201og(1.586) = 4 dB. (3.26)

Fig. 3.5 has the correct component values and the input wire segment is named ac. Place
a dB marker at the output. From the Analysis Setup menu, select AC Sweep and Decade,
Point/Decade = 1001, Start Frequency = 10, and End Frequency = 100 k. Press F11 to

simulate and produce the response in Fig. 3.6.

3.2.3 Sallen and Key Low-Pass Filter Impulse Response
The impulse response is obtained by applying an impulse to the input. Replace the dB marker
with a V marker on the input and output. The impulse signal uses a VPULSE part from the
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2.8mU
375ul
(91K, 8 .2n)
25 Buv (182K, 11n) \—/
au-
125u7 (6.6ms ,1 4 my)
au T T T
BHz 2080KHz 408KHz 600KHz
o U{IMPULSE) -2.0mY
Freauencu o U{LAPOUT)
ay
1. 80U
8.5U- -2.8mU-
(12u,0)
SEL>>
11} T T T SEL>>
Bs 28.8us 48. Bus 68. Bus -4 8mU+ T T
o U{IHPULSE) Bs 28ms 4Ons 68ms
uiouT)

Time Time

FIGURE 3.7: The input impulse function

source library with parameters:

« DC =0 (offset)

« AC =1 (amplitude)

« V1 =0 (space value)

o V2 =1 (mark value)

« TD =0s(delay)

« TR =1 s (rise time)

o TF =1 s (Fall time)

«  PW =10 ps (pulse width----make it short to mimic an ideal impulse)

« PER =15 (period----- make it very large to create the illusion of only one impulse)

Change Ra to 19 kQ2 to decrease the damping and observe the decaying oscillatory output.
The transient setup parameters are: Output File Options/Print values in the output file = 20
ns, Run to time = 0.05 s and Maximum step size = 1 Us. Press F11 to produce the impulse
in Fig. 3.7.

The impulse spectrum is obtained by selecting the FFT icon. The impulse spectrum is a
sinc-shaped function sinx/x but PSpice displays absolute values only. Measure the frequency at
the minimum points and determine the relationship between this frequency and the pulse width.
You may display both the pulse and its spectrum (time and frequency domain) simultaneously,

by selecting Plot/Unsynchronize X-Axis from the Probe screen. Separate the two displayed
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signals by pressing alt PP, and then apply ctrl X and ctrl V to a variable at the bottom. A
decaying sine wave should be observed together with the 10 s impulse.

3.3 FILTERAMPLITUDE RESPONSE

The ABM Laplace part allows us to plot the frequency response for transfer functions derived

from loss functions. Consider the specification for an active low-pass filter is:

«  The maximum passband loss A, =1 dB

«  The minimum stopband loss Apin = 20 dB
+  The passband edge frequency f, = 3.4 kHz
«  The stopband edge frequency f; = 6.8 kHz

Determine the filter order, select a suitable loss function and calculate the loss in dB at the
stopband edge frequency.

3.3.1 Solution
The filter order is calculated:

(100«1Amin 1) :|

100 1x20 1)
logy, [m ]

logy [W _ log;4(99/0.2589)  2.58

= = =429 ~5.
2log, (o /w,)  2log;,(6800/3400) 21log,,(2) 0.602

(3.27)

Select the approximation loss function from the loss function tables:
A($) = ($+1)($>+0.6185+1)($°+1.616$+1). (3.28)

Inverting (3.28) yields the transfer function
1 1

H($) = (3.29)

A%) ~ B+ 1)($2+0.6185 + 1)(82 +1.6168 + 1)

Denormalize the loss function by replacing $ with s&'/”/w,. Epsilon, the frequency shift
parameter, is calculated as & = V(1001 4nes — 1) = \/(1001x1 — 1) = 0.508.

g — gl/n _ 0.508%/5 s (3.30)
0, T 2w x 3400 T 24456 '
1
H(s)|s= 24456 = - - : (3.31)
[m + 1] [(24456) +0.618 355 + 1] [(24456) 1 1616555 + 1]
24456)°
H(s) = ( ) (3.32)

[s + 24456][s2 + 151145 + 24456%][(s2 + 395215 + 24456%]
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NUM =|24456**5  out

V1 R
1Vac }.VDB

DENOM = (s+24456)*(s*s+15.1e3*s+24456**2)*(s*s+39.5e3"s+24456"*2)

FIGURE 3.8: The ABM Laplace part

Select the Laplace part and enter 8.7484¢21 in the NUMerator and enter the denominator in
the DENOM box.

HG) 8.7484¢21 533
S) = . .
(5 + 24456)*(s*s + 15114%5 + 24456**2)*(s*s + 395305 + 24456**2)

Figure 3.8 shows the transfer function in the ABM Laplace part with the output wire segment
called vout and with a dB marker attached. To square a function, enter s*s, or s™2 but you
may also use PWRS(s, 2) as an alternative. This is useful when large powers of s are involved,
i.e., PWRS(s, 6) for s°.

Always use round brackets (square brackets are not allowed) to ensure that the total
denominator is divided into the numerator. Be careful about multiplication and always use *
between brackets, variables and numbers, e.g., (s + 2)*(s + 1), and 15.91e3"s. The attenuation
at the stopband edge frequency is

2n
Als) = 101log,, [1 + &2 <3> } . (3.34)
@p
The attenuation for » = 5
A(s) = 101log,,[1 + 0.259(2)!°] = 24.5 dB. (3.35)

We must express the transfer function in factored form because we wish to implement each
factor using individually designed stages. From the Analysis Setup, select AC Sweep, and
Logarithmic, Point/Decade = 1001, Start Frequency = 10, and End Frequency = 100k.
Press F11 to simulate and plot the fifth-order Butterworth transfer function amplitude response
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o DB{U{vout}) « P{U{wout})

Frequency Frequency

FIGURE 3.9: Amplitude response

as shown in Fig. 3.9. You may use the Evaluate Measurement Function to check if the

specification is met.

3.4 BUTTERWORTH THIRD ORDER ACTIVE
HIGH-PASS FILTER

Obtain a Butterworth high-pass transfer function to meet the following specification:

«  The maximum passband loss A, = 3 dB

«  The minimum stopband loss Apin = 28 dB

«  The passband edge frequency @, = 6000 rs™*
«  The stopband edge frequency w, = 2000 rs!

Calculate component values for the third-order active filter circuit in Fig. 3.10 to implement
this transfer function.

Let R =20 kQ. The frequency correction factor is one since Apmqy is —3 dB, or calculated
as

g = /(100 4ms — 1) = /(10013 — 1) = 0.9976 ~ 1. (3.36)

The filter order is calculated as

(100-14min 1) (10%1x28_1)
loglo [_(100,1/4“1)(,1) _ Iogw [(100-“371) —293~3 (3.37)

2log,(w,/w,) — 2log;,(6000/2000)
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HPout

-
Cs NUM = s*s%s

— E e B R1=Z 10k

] = . o c2 5

input  8.33n o — — b input | Butterworth_TF

8.33n
8.33n g \. .

DENOM = (s +6000)*(s*s + 6000°s +36e6)

Win

=
OVde 20k
RBS 1414k Ra20k
12V

|
g W —

FIGURE 3.10: Third-order active filter

Select the third-order normalized loss function 4($) = ($ + 1)($2 + $ + 1) from the Butter-
worth tables. This is denormalized and transformed from a high-pass to a low-pass function
by replacing $ with w, /s. Since the passband attenuation is 3 dB, then & = 1.

6000 6000° 6000
A($)ls= 000/ = A(s) = (T + 1) ( 2 Tt 1) : (3.38)
The transfer function is
His) 1 1 53
5) = = = .
A(s) (600 4 q) (@ + 6000 4 1) (s + 6000)(s2 4 60005 + 36 x 10°)
(3.39)

The first-order transfer function is

E, R s s $

L2 _ — — - . (3.40)
Ey 1/sC+R s+1/CR s+w, s+6000
Substituting values for R =20 k2 and w, gives C as
= ! = 8.33 nF (3.41)
T 6x10° x20x 10° M '
3.4.1 'The second-order transfer function
Apply nodal analysis to the node marked v,
v(1/R1 +2SC)—E3§C—E3/R1 =E2§C. (3.42)

From the potential divider rule, we may write the relationship between v and Ej as

R 1 CR
o —2 =E3:>U=EM. (3.43)
1/sC+ Ry sCRy
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Substituting for v yields

(14+sCR) (1 E3
Ei——— == 4+25C) = = — E3sC = E;sC 3.44
STICR, R T R 2 (3.44)
1 CR E
(1+sCRy) (7{1 + 2s c) 1 ) 2 _S2CQ2R, = Ej’ZCzRZ' (3.45)

Multiply by R

E
(14+5CR)1+25CR) —sCR, — s2C*RyRy = 525202&132 (3.46)
3

E
1425CR +5CR + 252C*RiRy — sCRy — s2C*RyRy = 5252021{11{2. (3.47)
3

Substitute values into the transfer function

E3 _ sZC2R1R2 _ S2 _ 32 (348)
E, $2C°RiR,+352CR +1 52+SCLRZ+RIR+ZCZ s2 4+ 6000s + 60002 '
Comparing the s coefficient terms and substituting for C yields
2 2 2 10
—— =6000=> R, = = = =40kQ. (3.49
R,C 2T 833 x 109 x 6000 833 x 106 x 6 24.99 (3:49)
Equate the non-s terms to obtain Ry,
1 1
———— = 6000° = R, =
R R, C? - (8.33 x 1077)? x 36 x 10° x 4 x 10*
1
= ———— ~10kQ. 3.50
9992 x 10-8 (3.50)

From Analysis Setup/AC Sweep menu, set Logarithmic, Point/Decade = 1001, Start
Frequency = 10, and End Frequency = 10k. Press F11 to simulate and, using the cursors,
check the specification is met from the frequency response in Fig. 3.11.

Replace the unrealistic component values with nearest preferred values and simulate

again.

3.5 EXERCISES
(1) This exercise is partly completed but correct value need to be calculated for the third-
order Sallen and Key high-pass active filter shown in Fig. 3.12, to meet the following

specification:

» Passband edge frequency w, = 3000 rs~* (477 Hz)
« Stopband edge frequency w, = 1000 rs~! (159 Hz)
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(3.74 kHz, 7.64 dB)

{3 74 kHz, 0 dB)

_2“_
//
He need a gain to equalize the Laplace output
_uﬂ_
(316 Hz , -28 dB
-68 T T T
1868Hz 300Hz 1.08KHz 3. 8KHz 18KHz
o DE{U(BUTTERWORTH_TF)) + DB(U(HPOUT))
Frequency

FIGURE 3.11: Response for the third-order S & K HP active filter

NUM = 1.4*3%5"5
DENOM = (5 +4807)*(s*s + 1644%5 +7.787e6)

 cs R1< 10K \.\,DB
Chebychev_TF in_ s ‘
uaT L) ‘ ‘
8.33n e ez £ B2 HPout
e
Vin 8.33n  8.33p,
1vac Rs \ )
20K o8
0Vde -
20k Ay
B RE<< 14142¢Ra 20k
12v 12v
pos “ ‘ ‘ neg
Vo E1 0 E2

FIGURE 3.12: Chebychev Sallen and Key active third-order HPF

« Maximum passband attenuation Ay, = 0.5 dB
« Minimum stopband attenuation 4, = 22 dB

Determine the Chebychev transfer function with 0.5 dB ripple and compare the com-
ponents given to those calculated from the transfer function.
The filter order is determined from the following expression:

100 max _q W

= =242, 5
cosh™ (wy/wy) cosh™(3/1) (3.51)

, 1/2 1/2
— 0.14min __ _ 0.1x22
cosh 1[u] cosh 1[10 1]

53
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From the Chebychev tables, select a third-order approximation loss function with 0.5
dB ripple.

A®) = ($ + 0.626)($> + 0.626% + 1.142). (3.52)

Convert this low-pass loss function to a high-pass loss function by making the following
substitution:

$= L. (3.53)

$ is the normalized complex frequency variable and s is the complex frequency variable.
The loss function is

3000 30002 3000
AS)|s_am = A(s) = [— + 0.626} [( ) +0.626 ( ) +1.142
_a ;

§ S

(3.54)
3000 + 0.626 9 x10° 1879
A(s):|: + ’”H akL +1.142}
5 5
3000 + 0.6265 T [9 x 10° + 18795 + 1.142 52
:[ + SH R f]. (3.55)
5 s
Inverting (3.52) gives the following transfer function, H(s) = 1/ A(s) as
1 s 52
H(s) = = . 3.56
) A(s) |:0.626s + 3000] |:1.142x2 + 18795 +9 x 106:| (3.56)

Divide H1(s) above and below by 0.626 and 1.142. (This works out as 1.3988 = 1.4
on top.) This ensures the coefficient of the highest power of s in both factors is unity.

H(s) = 1.4s 52 (3.57)
T 514807 | | 52+ 16445 + 7.878 x 106 | '

Place a PORTBOTH-L part and type in +Vcc for the positive supply and —Vece
for the negative supply. The names have no significance other than to tell PSpice to
connect the two points together. From the Analysis Setup/AC Sweep set Logarithmic,
Point/Decade = 1001, Start Frequency = 10, and End Frequency = 10k.
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(2) A low-pass filter has the following specification:
 The maximum passband loss A, = 0.5 dB

« The minimum stopband loss A, = 12 dB
« The passband edge frequency @ » =100 rs!
« The stopband edge frequency w, = 400 rs™?

Determine a Butterworth transfer function to meet this specification and simulate to

verify the design.
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CHAPTER 4

Infinite Gain Multiple Feedback
Active Filters

41 MULTIPLE FEEDBACK ACTIVE FILTERS

The infinite gain multiple feedback (IGMF) active low-pass active filter circuit in Fig. 4.1 is
required to meet a specification. This specification contains the passband and stopband gains
Armaxs Amin, and the passband and stopband edge frequencies @, and w;. There are two feedback
paths hence the name.

After design and simulation, we see if the specification is met. The cut-off frequency
w, = 1/C1 Ry will enable you to set frequency range correctly in the Analysis Setup. From
the Analysis Setup, select AC Sweep and then Logarithmic, Point/Decade = 1001, Start
Frequency = 1, and End Frequency = 10k. Press F11 to simulate and check the filter
specification from the frequency response in Fig. 4.2.

The impulse response may be obtained by applying an impulse to the input as in previous

circuits.

4.2 SIMULATION FROM ANETLIST

An alternative to simulating from a schematic is to use a netlist with the file extension .net.
Press the little blue triangle. You might need to add the variables from the Trace/Add

Trace menu if nothing appears on the Probe screen.

4.3 CHEBYCHEVIGMF BANDPASS FILTER
Fig. 4.5 shows an infinite-gain multiple-feedback filter configured as a bandpass filter.

The circuit attempts to use the full gain of the operational amplifier with feedback applied
via Cq and Rj. This circuit may be reconfigured as low-pass and high-pass active filters. The
maximum Q-factor for this configuration is 25 but is generally designed for Q-factors in the
2-5 region. Let the capacitors have equal values, i.e., C; = C; = C and obtain the transfer
function from nodal analysis applied to node v (the junction of Ry, R, C; and C,) as

1+1+2(: Ei _ cE
V| — - - 5 = .
R R R0
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FIGURE 4.1: IGMF active second-order LPF
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FIGURE 4.2: Amplitude response
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open T

Look in: | 3 FIGURE4-001 -] « @ ek Em-

R |
€ [JF1GURE4-001.net
-

[

(T Tl Fie name: |FIGURES-001 net =] Open |
Place:s
Files of type: | Probe Data Files {*.dat) R Cancel |
Open az I,.-:-.,u[.;. j

FIGURE 4.3: Select Ipf.cir

* zource FIGURE4-001

E_RZ HOO117 HOO139 100k

E_R1 HOO139 HOO127 100k

E_E3 HOO139 HOO129 100k

V_EZ2 0 -vCC 12V

V_E1 +VCC 0 12V

iUl 0 HOO117 +VCoC —WCC HO0129 ud?741
¥ _win HOO127 0 DC OV AC 1w 0O

C_C1 0 HOO139 1Gn

C_C2 HOO117 HOO129 1Gn

FIGURE 4.4: The netlist

C1
(L 1on
I
R3
107k 4
R1 1k +\Vce
v
A AR __q|_| l_q — E1
C2 15n 12V =
Rsource 50
dil;,
1 0
, R2 § 10Meg -
vin v 1oy = E2
Nee

0

FIGURE 4.5: Infinite-gain multiple-feedback bandpass filter
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So

E__ R 1+1+20 CR, =
E() SCR3 : ! e

R
1+—+ZSCR1i| —sCRy.
R

§ CR3 |: R2
Inverting this equation yields

Ey s(1/CRy) s(1/CRy)

E; Ri+R R N 2 2 1 |1 1 ’
' 2+ s R +CZR1R3 I+ 3 St T o R TR

Compare this equation to the standard form for a second-order bandpass, gives

, 11 il 1 NN 1 11
w = — .
g CZ R3 R2 g 2 C2 R3 R1 R2

To determine an expression for the passband gain G(wy), but s = jw, so the transfer function

1s

EO ]wol/CRl R3
Eq —wy + wog [£] +w0 2R
4.3.1 Expressions for Q and BW
2 CR 2
@ Q = @0 3 = Ry = —Q .
0 CR woC

The —3 dB bandwidth is BW = 1/ CR; and we need to determine values for the resistors
using the derived expressions. This configuration places certain limitations on the value of R;.

Let G(wp) = G then

__ B _ Q2
7726 T GaC'
Thus
, 40 _oCR 1 [1 1
Wy = —FH— Q 2
R 2 C2Rs R
Therefore
42 11
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C215n
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R1

100k C1

vin

AR

FIGURE 4.6: IGMF Bandpass filter without R2

Substituting for Ry

Substituting for Rs

2Q2a)00 — Ga)OC 1 Q
= — = = Rz.
Q Rz 2Q20)oc — GwOC

To avoid negative values for R, we must ensure 2Q > G. High gain means high selectivity so
to overcome this, remove Ry and let Ry = 100 k2, Rz = 100 k2, and C; = C, = 15 nF, as
shown in Fig. 4.6.

From the Analysis Setup, select AC Sweep and Linear, Point/Decade =1001, Start
Frequency = 100, and End Frequency = 10k. Press F11 to simulate and use the cursors to
measure the =3 dB bandwidth as shown from the frequency response in Fig. 4.7. Verify all
calculations, i.e., passband gain, Q-factor etc.

The transfer function then becomes

Ey s/RC

E T 2 45Q/CR) 1 (CRR) (43)

Here the resonant frequency is a)é =1/(C*R R;) the Q-factor is Q = 0.5/ R;/ Ry, and the
passband gain is G(wy) = R3/2Ry = 20°.

61
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a -88d
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FIGURE 4.7: The IGMF frequency response for R2 = oo

44 CHEBYCHEV BANDPASS ACTIVE FILTER

Obtain a Chebychev bandpass transfer function to meet the following filter specification:

«  The maximum passband attenuation A, = 0.5 dB
«  The minimum stopband attenuation A, =5 dB

«  The lower stopband edge frequency f;1 = 1000 Hz
«  The upper stopband edge frequency f;, = 3000 Hz
The lower passband edge frequency f;1 = 1800 Hz
+  The upper passband edge frequency £, = 2200 Hz

The setup in Fig. 4.8 is used to compare the theoretical transfer function to the circuit
implementation.

Obtain suitable component values for C and R, to meet the specification, if R; = 1 k.
The Chebychev filter order is

1/2
—1 100.1Ami” -1
cosh [—100.1Am _1]

cosh ()
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FIGURE 4.8: IGMF bandpass active filter
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where €, [f[)2 fpl] Sr00—is06] = Zoo. = O» hence, 7 = — e = =092~ 1.
Select a first-order approximation loss function A($) = $ + 2.863 from the Chebychev ta-
bles where the ripple is 0.5 dB maximum ripple in the passband. $ is the normalized complex
frequency variable and the resonant frequency is calculated:

o=+ fo1fr2 = V/1800%2200 = 2000 Hz, or 272000 = 1256615

Apply the bandpass frequency transformation $ = (s? + a)g) /Bs to the loss function. (Note:
inverting this transform equation will lead to a bandstop filter.) B is the =3 dB bandwidth
expressed as

B=wy — wp =27m(400) = 2512 157"

Substitute these values into the bandpass frequency transform equation $ = (s> + })/
Bs = (s? +12566%)/2512s and then denormalize the loss function as A(s) = [(s? +
12566%)/2512]s + 2.863. The transfer function is obtained by inverting the denormalized
loss function as

1 2512s ks
H(s) = 3 5 = 3
A(s) $s2 471925 + 12566 524+ wo/ Qs + wf
.S‘l/RlC

s2+5Q2/CR) +1/(C?RiRs)

We may plot this transfer function using a Laplace part. What is now left is to get values for
the component and we do this by comparing the coefficients of this function to the coefficients
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from (5.81) that yields wy/ Q, and a)(z) =1/C’RiR;. Let R = 1kQ.

1

Ry = .
37 0210° x 125662

The capacitance is determined from the s coefficient as

2 2
7192=—"—=C=
CR, " T R7192
® 1 1 (R37192)>
3 = = =
723 10° X 125667 =t 103 x 125662 4 x 10% x 125667
R3(7192) 4 x10° x 12566

= 12 kQ.

3 =

T 4% 10° x 125662 (7192)

Substituting for R3 back into the previous equation gives a value for the capacitance as

2

% A23aF
=110 x7192 3"

From the Analysis Setup, select AC Sweep/Logarithmic, Point/Decade = 1001, Start Fre-
quency = 10, and End Frequency = 10k. Press F11 to simulate and check, using the cursors
as in Fig. 4.9, that the specification is met.

The gainis G(wy) = R3 /2Ry = 12k/2k = 6, orindB =201log(6) = 15.5 dB. A GAIN
part is inserted after the Laplace part in order to make the gain equal to 2512/(1/ R, C) = 17.48
so that both transfer functions have the same passband gain. The bandwidth is not —3 dB in
this case but where the output falls by 0.5 dB from the specification. Also, the attenuation at
the stopband edge frequency is measured as 6.7 dB- an attenuation of 15.5 dB- 6.7 dB = 8.8
dB which is better than the specification demands.

45 EXAMPLE2
Fig. 4.10 is a third-order active filter formed by cascading first- and second-order active
filters.

The passband edge frequency is w, = 1000 rs~* and the frequency correction factor
is € = 1. A normalized third-order Butterworth loss function 4($) = ($ + 1)($2 + 6+ 1) is
de-normalized by substituting $ = s /w, = 5/1000. Invert the de-normalized loss function to
give the required transfer function

1 B (1000)(10°)
+1) (1_56 +ox 4 1) (s +1000)(s% + 1000s + 10°)

H(s) = (4.2)

(5000
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16 Max gain is Gmax = R3/2R1 = 12 k/2 k = 6, and in dB is 2log(6)= 156 dB
{1 801K,15 20) (2.203K,15.21)
14 (2 kHz, 15.7 dB)
. B . _ (2.5 kHz,13 dB)
(1.6 kHz,13 dB_;“ The 3 dB Bandwidth 900 Hz
4 Laplace response
12 é{f/////
The specification states the passband gain is 0.5 dB
Active filter response

169

8
1.298KHz 3.[1[1|BKH2 3.456KHz

o DB(U(UOUT)) - DB{U(BPOUT))
Frequency

FIGURE 4.9: Infinite-gain multiple-feedback active filter bandpass response
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FIGURE 4.10: Third-order S and K LPF

Apply nodal analysis to the node junction of R, and Rs, but let the resistors have a value R.

Ll a) e -2
\RTRT™ 3 R R

From the potential divider rule, we may write the relationship between v and Ej as

( 1/5C;5
v

—— | =F = F3(1 C3R).
1/sC;;+R) 3= 3(1+5C3R)
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Substituting for v yields

B pa+saR (2 450 - By — B o B2
R sCs R sCy 35 G R iR

2 1
=(1+SC3R)(E+SCZ> _SCZ_E
— =R —=4+sC,+s52C3+s“C,C3R—sCy | — 1
Es R

=(2+5CR+52CR+s’CC3 R —sGR) — 1.
Inverting this equation yields the transfer function

E3 1 _ 1/RC,C5
EZ a §202C'3R2 +5203R+1 - 52 +52/(02R) + 1/(RZCZC3)

The first-order transfer function is
E /¢ 1 1JRG, 1000 o,
Ey  1/sCi+ R 1+4+sCiR s+1/RC;  s+1000 s+w,

Substituting for R and w, yields C; = = 0.01 uF.

_1
10310

Es [ 1/RG 1/R*C,Cs
Ei |s+1/RCi |2+ 2/C,R)s +1/R2C,C5 |

The second-order components are calculated by equating the s coefficient terms in each transfer
function:

1000 = = 2

R G100 5 H

Cp= —
27500 x 10

The second capacitor is obtained by equating the non-s term in the denominators of (4.2) and
(4.3) as
) 1 1 1 1

[ — C e g = = 5 F.
=R C:Ra? — 0.02 x 10-°10010° 0.2 x 107 .

4.5.1 Low-Pass Frequency Response

Place markers on the outputs of the first- and second-order stages. From the Analysis Setup,
select AC Sweep/Logarithmic, Point/Decade = 1001, Start Frequency = 10, and End
Frequency = 10k. Press F11 to simulate. Does the filter response in Fig. 4.11 meet the

specification?
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{}159 Hz, -3 dB) First-order filter
The - 3 dB cut-off freguency is 159 Hz mm‘ﬁﬁ“ﬁ‘*-m“=-=-iaﬁhhhh‘
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FIGURE 4.11: Frequency response of LPF
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FIGURE 4.12: Bandpass VCVS filter

4.6 EXERCISES
(1) Obtain the transfer function for the bandpass Sallen and Key filter circuit in Fig. 4.12
and work out an expression for the passband edge frequency.

To minimize the degrees of freedom, let C; = C; = C and Ry = Ry = R. Measure
the bandwidth from the bandpass filter response shown in Fig. 4.13, hence calculate
the O factor and simulate.

(2) Obtain the transfer function and an expression for the passband edge frequency for the

circuit in Fig. 4.13 and investigate its performance by simulating.

(3) Investigate the low-pass IGMF active filter in Fig. 4.14.
Obtain the transfer function assuming equal component values. Hence, obtain ex-
pressions for the cut-off frequency and passband gain. Investigate the advantages or
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R1 1k
C1 Cc2
.

100n 100n

Vin

100k
Vin c2

FIGURE 4.14: IGMF LPF

£ R2
C3 T 15n % 107k

C1 c2
| |
Vin 15n 15n
1Vac R1 §
Ovde 1K

FIGURE 4.15: IGMF high-pass filter

disadvantages, between IGMF and VCVS filter types, by plotting the input and output

impedances for both. Plot the feedback current and comment on the results.
(4) Investigate the high-pass IGMF active filter in Fig. 4.15.

(5) Forthe §and K active filter, sweep Ra and observe how the filter turns into an oscillator
for £ = 3.
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CHAPTER 5

Biquadratic Filters and Monte-Carlo
Analysis

5.1 BIQUAD ACTIVE FILTER

The biquad circuit in Fig. 5.1 has bandpass and low-pass filter outputs, with achievable very
high QO-factors unlike the VSVS and the IGMF circuits which have small Q-factors. The
biquad circuit, whilst not as useful as the state variable active filter, nevertheless has certain
applications. It is easily tunable using a stereo potentiometer (ganged). The damping factor
(damping factor is equal to the inverse of the Q-factor), configures the filter for a Butterworth
or Chebychev responses. We have used an ideal opamp in the last stage to satisfy the demo
version requirements.

The resistances in the last two stages are made variable and ganged together. In reality,
two resistances are ganged by manufacturing them on the same spindle. To simulate “ganging”
in PSpice, we use a PARAM part making the second variable resistor dependent on the first
variable resistance {Rvarl}. This is necessary since we may sweep only one component at any

time in PSpice.

5.1.1 The Biquad Bandpass Transfer Function

The biquad active filter consists of a leaky integrator, an integrator, and a summing amplifier.
To simplify the analysis, let Ry = Ry = B3 = R =10 k2, and C; = C; = C = 15 nF, with
m%e' The input is 77 and the last
output is V4. We derive the bandpass transfer function 7,/ V' first. The first op-amp is a leaky

the parallel combination of R and C equal to Z; =

integrator, with the output voltage defined as

Zr Zr
Vy=——"Vy— —11. 5.1
s =-2Lv-n (5.1)

We must eliminate V4 in (5.1) so the transfer function for the last stage is

i A = N . /o (5.2)
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RZ 10k

R1 10k

PARAMETERS: E1
RVART = 10k |‘
RVAR2 = {Rvar1}

Vin %

FIGURE 5.1: Biquad filter

The gain for the second stage is

n__1 59
From (5.2) and (5.3) we write
Vo= ——Th. (5.4)
sCR
Substituting (5.4) into (5.1) yields the transfer function for the bandpass output as
Substituting Z into (5.5) yields
Vi ZgR _ R/1+sCR) _ s/CR 6
no 1+ Z/sCR R+ R/(A+sCR/sCR_ 2+35/CR+1/C2R
The standard bandpass second-order function is
Vo sKw,/Q) )

Iz _s2+s(a)},/Q)+a)?,‘

Expressions for the passband edge frequency, Q-factor, and gain are obtained in terms of
circuit components by comparing denominator coefficients of (5.6) and (5.7). The resonant

frequency is

1 1

— — _ -1

W,
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(10 .5K,2,24)
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FIGURE 5.2: Biquad filter response

An expression for the gain / at resonance is obtained by replacing s with jwy.

FHlo) 56666 j©,6666
w == =
T 256666 + 66662 |, (jw,)? + jw,6666 + 66662
j©,6666 6666

= = 5.9
—w? + jw,6666 + 66662 6666 (5:9)

The gain in dB at resonance is 20 log(1) = 0 dB, and the Q-factor is
| C1R2
=, —. 5.10
Q CRE; (5.10)

B 1
N 27T(711Q2'

The -3 dB bandwidth BW is

BW (5.11)

Fig. 5.2 shows how the Q-factor and resonant frequency are not independent of each other
so that for high frequencies, the bandwidth is the same as that for low frequencies. This, in
general, is not a desirable feature. For example, equalizing a signal in an audio mixing desk
is normally implemented with a state-variable circuit, where the bandwidth changes with the
higher frequencies. The tuning procedure for the biquad BP is to select values for Cy, C3 and
Rs, and adjust the resonant frequency w ,, by varying Rs, with the gain set by R;. The Q-factor




72 PSPICE FOR FILTERS AND TRANSMISSION LINES

is set by R, and not by an iterative approach where you keep adjusting the component to get

the desired response.

5.1.2 Equal Value Component
Let C; = C; = C and R3 = Ry = R (leads to a poor unity Q-factor, however)

2 s/CR

i 2+s5/CRY1/CR (>-12)
HO0)=K=R/R =1 (5.13)
w0=i=>f,,= LI ! —__ =1136 Hz (5.14)
CR 2rCR  2mw15 x 10-210%
R
Q= =1 (5.15)
BW =1/2n CR = 1136 Hz. (5.16)

From Analysis Setup/AC Sweep menu, set Logarithmic, Point/Decade = 1001, Start Fre-
quency = 10, and End Frequency = 10k. From the Analysis menu, set the parametric
parameters: Swept Var Type = Global parameters, Sweep Type = Linear, Name = Rvarl,
StartValue = 1k, End Value = 10k, Increment = 2k. Press F11 to simulate, and, using the
cursors, measure the filter parameters from the frequency response shown in Fig. 5.2. From the
measurements calculate the Q-factor using fo/BW.

You may change the Probe output display by selecting Tools/Options. In the Use
Symbols section, experiment with the various options available. For example, selecting Always
produces a cluttered display for a swept component but is useful nevertheless, for certain

applications.

5.2 STATE-VARIABLE FILTER
The state-variable filter in Fig. 5.3 is similar to the biquad filter but is more useful in that it
achieves high Q-factors, but also has a high pass output.

A popular application for this circuit is the equalizer section of an audio mixing desk.
The transfer functions for the three stages are: High-pass = —V5/ V4, bandpass = —V3/ 11,
and low-pass = — ¥4/ V1. The resistance of each integrator section is variable and ganged on the
same spindle. PSpice ‘ganging’ uses a PARAM part to make the second resistance dependent
on the first as Rvarl = {Rvarl}. The first high-pass output 7, is obtained by applying the
principle of superposition to the input voltages applied to R; and R, and the noninverting
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FIGURE 5.3: State-variable filter

input. Let R = R, = Rs = R=10kQ.

=2y R2V+V{ K }{1+ R3}
TRV R YT\ R AR R/2|

Let Ry = Ry = R=10kQ and C; = C; = C = 10 n. The bandpass output voltage is V3 =
—V>/sCR, and the LP output is V; = —V3/s CR. Hence, V3 = (—ﬁ)(—ﬁ)% = ﬁ.
Substitute for V4 into the first equation to yield

R R N Vz( Rs

=g R5+R6)(1+2)

R ' R s2C’R® sCR
12 52

Vi 2.3 (R N, 1
SC+S5or\ &g ) T OR

The bandpass output (BP) transfer function is obtained by substituting for V4, V3, Rs = 10
k2, and R¢ = 149 kQ.

28 s1/CR B s10% B 510
mo 2. .3 (& 1 52453 x 10%(0.0629) + 108~ 52 + 51886 + 108"
s“tserlrir ) T or

Similarly for the low-pass transfer function

Vi 1/C2R?

& 52—1—38—1{(&%&)4-1/021{2.
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The standard form for a second-order bandpass function is

Vour sKw,/Q
Vie s2+sa)P/Q+a)120'

Wirite expressions for the passband edge frequency, Q-factor and gain, in terms of the circuit
components, by comparing the last two transfer functions denominator coefficients for the

low-pass output:

o) = 510* _ Jwo10*
“ T 1886 +10%| _,, (o) + jwo1886 + 107
10 10*

5.3.

—w? + jwol886 + 108 1886

The gain in dB at resonance is 201log(5.3) = 14.48 dB.

1 1 1

D=GR 7N T 3CR T 2x10 % 10107 z

The Q-factor is
1R + R 159k
Q=3—p =038 =529,

The bandwidth is

£ 1591 3 Rs 3 10k

Q 529 2mCR\Rs+R,) 2710910* \ 159 “

The Q-factor and resonant frequency are independent of each other (unlike the biquad circuit).
From the Analysis Setup, sclect AC Sweep, Linear, Point/Decade = 1001, Start Frequency
= 300 and End Frequency = 30k. Press F11 to simulate and measure the bandwidth from the
bandpass filter response in Fig. 5.4. The Evaluate measurement or measurement functions
from the Trace menu in Probe contains useful automatic plotting routines, such as Band-

width_Bandpass_3dB(V(BP)) for the bandwidth where the results appear at the bottom of the

trace.

5.2.1 Bandpass Frequency Response

We may repeat the last simulation using the Parametric sweep from the Analysis setup menu to

vary the value of Rvar to produce the three bandpass frequency responses as shown in Fig. 5.5.
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FIGURE 5.4: State-variable filter frequency response

5.3 MONTE CARLO ANALYSIS AND HISTOGRAMS

In the real electronics world, resistors, capacitors, operational amplifiers etc. have parameter
values that differ from their ideal values. Thus, a 20 % 1 k<2 resistor tolerance could have a value
that deviates by 200 . Sensitivity analysis allows us to predict circuit behavior when using
these resistors. This analysis is tedious but, thankfully, PSpice comes to the rescue. Higher-
order filters should be designed using components with 1 % or less, tolerances. In the following
exercise, we place a tolerance on all the resistors in a sixth-order active low-pass filter and use
Monte-Carlo (or Worst-case) facility in Probe to show how the component tolerance can

produce a range of frequency responses. The results can then be displayed in Histogram form.

5.3.1 Sixth-Order LPF Active Filter

Performance Analysis applies a Monte-Carlo performance analysis to the sixth-order active
LPF filter in Fig. 5.6 to investigate the effect of resistor component tolerance on the frequency

75
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FIGURE 5.5: Making R4 and R7 variable and ganged
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FIGURE 5.6: Sallen and Key active second-order LPF

response. Ideal amplifier parts called opamp are used in this design to simplify the process. The

active filter specification is:

«  The maximum passband loss Ape = 1 dB
«  The minimum stopband loss A, = 15 dB
The passband edge frequency /', = 3.4 kHz
«  The stopband edge frequency f;, =4 kHz

A Chebychev filter design is considered and we calculate the filter order as

COSh_l[loo'l Amin 1)/(1001 A 1)]0.5 Cosh—1[100.1><15 _ 1)/(100.1><1

-~

6.

n = =

cosh™1(£2,) cosh™(4/3.4)
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The passband gain for each stage is G(0) = 201og(1 + R,/ R;) and component values for the

three stages are calculated using the process outlined in previous chapters and are:

+  First stage: R =R =10k, C; = C, =4.71nF, R, = 10k, Ra = 18.5 kQ
« Secondstage: Rs = Ry =10k, C3 = C4 =6.28 nF, R, =10k, R, =15.4kQ
«  Third stage: Rs = Rs =10k, C5 = C¢ = 13.3 nF, Rf =10k, R, = 687 Q

5.3.2 Component Tolerance

Sixth-order active filters should be designed using one percent tolerance resistors (typical lab
resistors are 20%). The capacitors and op-amps are also nonideal, but we will limit this Monte-
Carlo analysis to the resistors only. The components are given a tolerance value for several
analysis “runs” on an AC frequency response. Each run varies the model parameter randomly,
but within the tolerance range (hence the name Monte-Carlo as in gambling). The first run uses
the face value of the component. In this circuit we need to give a tolerance to all resistors. To
change the resistor tolerance, select a resistor, hold down the ctrl key, and select each resistor in
turn. Relick and select Edit Properties, and in the Tolerance row enter 20% for each resistor
(you must include the percentage symbol) as in Fig. 5.7.

Repeat this procedure for the capacitors. Select the Edit Simulation Settings. To run
a Monte Carlo analysis, ticking Monte Carlo/Worst Case as in Fig. 5.8 displays the MC
parameters.

The Monte-Carlo parameters are: MC Runs = enter the number of runs = 75, Analysis
Type = AC, Output Variable is the name of the output node out3 entered as V(out3). The
More Settings menu produces a further menu also shown in Fig. 5.8 where you can select
from a range of tasks, but here we select the greatest difference in the y-axis variable. After

TOLERANCE | 20% 20% 20% 20%

FIGURE 5.7: Setting the resistor tolerance

M Monte ca rlo/Worst-Case Output File Options

ol

AC Sweep/Noise |— o OV

G |the greatest difference from the nominal run [

Moy Case
| [Parametric Sweep

[ Temperature (Sweep)
[15ave Bias Poirt
|CJLoad Bias Poirt

FIGURE 5.8: Monte Carlo parameters
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82

T T 1
562Hz 1.8KHz 3.0KHz 8.2KHz
% a4 ¢ + ® oA T .--. DB{U{out3d))

Frequency

FIGURE 5.9: Note the variation on the output voltage out3

simulation, 75 runs are plotted, so select all. The last stage output response is plotted for 75
runs in Fig. 5.9.

54 PERFORMANCE HISTOGRAMS
Performance histograms are bar charts showing the number of occurrences of an event for
each of several divisions of the y variable. The x-axis becomes divisions of the y variable, and
the y-axis becomes the number of occurrences. In Performance Analysis, the measurement
function is calculated from each Monte Carlo run and is an occurrence. Only one histogram is
allowed per plot. Performance analysis plots a histogram of the =3 dB point to show how this
parameter changes with tolerance. Delete any output traces and from the Trace/Performance
Analysis menu, select Wizard as shown in Fig. 5.10.

Select Cutoff_Lowpass_3dB as shown in Fig. 5.11.

Press the red trace icon shown in Fig. 5.12 and search for the output variable (V(out3)
in this example).

Selecting Finish should display the Histogram and statistics as shown in Fig. 5.14.

The statistics displayed are

«  nsamples: The number of Monte Carlo runs.

«  ndivisions: The number of vertical bars in the x-axis that make up the histogram.
«  Mean: The arithmetic average of the goal function values.

«  Sigma: The standard deviation.

«  Minimum: The minimum goal function value.
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FIGURE 5.10: Select Wizard
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Help | Cancel | <Back I Mext: I Finizh |

FIGURE 5.11: Chose the measurement Function

« 10th %tile: 10% of the goal function values that are less than or equal to the number.
«  Median: The same as the 10th percentile but the percentage is 50%.
«  90th %tile: The same as 10th percentile but the percentage is 90%.

«  Maximum: The maximum goal function value.

Repeat this analysis but set the tolerance to 1% and observe the improvement in the response.
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Performance Analysis Wizard - Step 3 of 4
bl eazurement Expreszion
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the other numbers the Measurement needs to wark,
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Please fill it in niow.

Mame of trace to zearch I"v"[u:uut3]

FIGURE 5.12: Enter the parameters as shown

Performance Analys Fa

Sometimes a trace doesn't have the characteristics you expect. Mow
we have tested the Measurement vou have chogzen on the trace from
the first zection

|f thiz result appears to be correct, then chooze Mest or Finish to
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Help | Cancel <Back | Mexst> | Firizsh

P
c
t
208
a
-8.5K 5] 8.5K 1.0K 1.5K 2.0K 2.5K 3.0K 3.5
Cutoff_Lowpass_3dB(U(out3))
n samples = 75 mean = 1378.7 minimum = 361.168 median = 1816.23 maximum = 2995.96
n divisions = 18 sigma = 791.271 18th %ile = 566.168 98th %ile = 2598.14 3=sigma = 2373.81

T T =
188Hz 308Hz 1.8KHz 3.8KHz 18KHz
< a o + %X AT ... DB{U{out3))

Frequency

FIGURE 5.14: Gaussian distribution of the =3 dB point
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OPAMP  |LP

E2
RS % 10K PARAMETERS: +Vee, ||‘} R |||} Vee +15V
RVAR1 = 10k | |

T‘ RVAR? = {Rvari} 12v
0

FIGURE 5.15: State-variable filter

VAMPL = 0.5
PHASE =0

5.5 EXERCISES

(1) In the state-variable filter configuration, add a further opamp configured as a two-input
summing amplifier and connect the HP and LP outputs to show it produces a notch
filter (a bandstop filter).

(2) Obtain the transfer function for the state-variable bandpass filter circuit. Assuming a
value R = 10 k<2, calculate a value for C, which sets the center frequency to 10 krs™?.
Calculate values for R; and R4 to produce a Q-factor = 50. A fourth-order bandpass
filter has a transfer function defined as

$2
T ($240.7658 + 1)(82 + $1.8488 + 1)

H($) =

Calculate suitable component values using two cascaded state-variable bandpass transfer
functions.

(3) Repeat the above exercise, but attach a tolerance to each capacitor. The model is defined

as: MODEL CTOL CAP (C=1 DEV/gauss 10%).

(4) This is just a bit of fun (and art?). Apply different signal types to the state variable in
Fig. 5.15.
Carry out a transient analysis, and in Probe with the bandpass output selected, change
the x-axis to the low-pass output, and then try the HP output. There are no rules so
investigate different signal types and frequencies. Change the Q-factor of the filter and
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ueny 26mu
26mu- S LUE
au+ -20mU-
-26mu- -40mU
-48ny T T -60nY T T
0.8U 1.00 1.2v 1.4 0.8V 1.0V 1.20 1.4
o U(HP) + U(BP)
U(LP) U(LPY

FIGURE 5.16: A black hole??

a 28my
—BmU
_5
—28my -
~184
-4BmY
-15 T T -68mU T T T
a.8u 1.8V 1.2V 1.4V -48mY -28myY ey 28my 48my
o 1og({U(HP)) + U(BP)
U(LP) UCHP)

FIGURE 5.17: The “TIME tunnel”

see the effect on the displayed signals [Ref: 5]. The bandpass out on the y-axis versus
the low-pass output on the x-axis is shown in Fig. 5.16.

The y-axis (the bandpass output) versus the high-pass output on the x-axis is plotted
in Fig. 5.17.

Try sweeping a parameter and changing the x-axis. You are not permitted to use more

than one variable in the x-axis in Probe, but extract one plot using the command @

from the Probe/Trace ADD list in Fig. 5.18.
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Full List

Trace Expression: IV(EFF’]I@1

FIGURE 5.18: Select waveform with @ function

56my

ay

SEL>>
-58my

56my

ay

-5 8my -

—1868mY T T T T T T T T T
a.850 a.oau 8.95u 1.60V 1.685V0 1.1680 1.15U0 1.200 1.25V 1.38V 1.35U
4 ¢ + U(BP)

U(LP)R2

FIGURE 5.19: The result of sweeping Rvarl and selecting the second value

This produces the display shown in Fig. 5.19.
Changing the x-axis to the high-pass output produces the result in Fig. 5.20.

(5) Apply the bandstop frequency transformation $ = Bs/(s? + w?) to a Butterworth
first-order loss function and invert for a bandstop transfer function. B is the -3 dB
bandwidth = w,y — w1 = 4574, and wo = 27 x 103. The loss function is A(s) =

§2 T 3)2
[%] +1= H(s) = ﬁ = 52+4;7“g+(xziox)103)2. Use a Laplace part to produce
the ac response. Investigate the relationship (1 — bandpass transfer function), to produce
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-20mV

-40mU

——153.467 \ /Ei%\ i—ﬁandstap,E
J— Pos
C1 15n R2 107k v
RT 4k T ¥ Neg = E1
2 12v T

Bandpass "47
_1_ >0

12V E2
Neg

FIGURE 5.21: Bandstop active filter

a bandstop filter as shown in Fig. 5.21. The output from the signal generator is increased
to normalize the two outputs. Since the IGMF is an inverting type, then we add, rather
than subtract, the two outputs.

The response for the two filter types is shown in Fig. 5.22.
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55.5
(1 kHz, 53.5)
48.84
J Bandpass AN
28.8 \ ,"r
\\‘ "‘f
| ({ Bandstop
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-18.2 T T T T T T
8.7083KHz B.800KHz 8.900KHz 1.080KHz 1.106KHz 1.208KHz 1.380KHz
o DB(U(GAIN3:0UT)) + DB(V(BANDPASS)) ~ DB(U(BANDSTOP})
Frequency

FIGURE 5.22: Bandstop and bandpass response
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CHAPTER 6

Switched-Capacitor Filter Circuits

6.1 ELECTRONICINTEGRATION

An integrator behaves in a similar manner to the flywheel in a car engine, which evens out
the mechanical phases of the system. A low-pass filter is an integrator and behaves similarly
by integrating, or smoothing out, fast transients in a signal. However, an input square wave
applied to a CR integrator should have a period much less than circuit time constant T = CR,
in order for integration to occur. This constraint limits the output voltage to a value much
less than the input signal amplitude but can be overcome using an active integrator. Select the
ABM integrator in Fig. 6.1 and set the gain to 10,000. The output wire segment is called out
using the Net Alias icon. Set Run to time to 1 m, and Maximum step size (leave blank but

not zero). Press F11 to simulate.

Qut
< 10000 BN
V1=-1 :
. () W ™ N
=1ns ﬂ V
- n
TF =1ns
PW = 100us
PER = 200us
~0

FIGURE 6.1: ABM integrator

The triangular integrated output is shown in Fig. 6.2, when we apply a square wave
whose value is £1. If we have a square wave 0 to 1 V, then the integrated output will continue

to rise with time.

6.1.1 Active Integration
The active integrator in Fig. 6.3 has a time constant approximately ten times the period of the

input pulse waveform.
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1.5V
Input squarewave
1.8y
8.5U+
v+
Integrated waveform
-08.5U
-1.8U-
-1.50 T T T T T T T T T
B8s 5 Bus 188us 158us 288us 258us 3088us 358us 488us 458us 588us
o U(Uin:+) + U{out)
Time
FIGURE 6.2: ABM output for gain set to 10,000
C1 || 100pF
M ‘+Vcc
Y vee Out } V2
= DC=15
V1 =-5V
V2 =5V . )
TD =0s 1
TR =1ns 51 v = C=15
-1 V1
Al ="TBus
PER = 20us -Vee

Time constant CR = 100 us

FIGURE 6.3: Active integrator

The input signal is a VPULSE part with parameters as shown. Set the Output File
Options/Print values in the output file to 0.1 ms, Run to time to 1 m, and Maximum step

size (leave blank), tick Skip initial transient, and simulate. Fig. 6.4 shows the output voltage

saturating to the —15 V power supply rail voltage. Select Plot/Unsynchronize X Axis to observe

the signals with a different time scale on the top plot.
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5.8U 5.8U
oy ay
SEL>>
-5.8y -5.8U
o U(IN) o U{IN)
1oy Output saturating to the negative supply
oy
-12V+
-10. 08U+
-14U
SEL>>
T T T -17.8U T T
7.7688ms 7.7888ms 7.880Bms 7.8185ms as 1.8ms 2.8ms
o UEoUT) o U(ouT)
Time Time

FIGURE 6.4: The output voltage saturating at the rail voltage

6.1.2 Active Leaky Integrator

The output is prevented from saturating due to opamp offsets by placing a large resistance across
the capacitance. This is called a leaky integrator as shown in Fig. 6.5. To find the relationship
between the input and output voltages, let 7, be the node voltage at the junction of R;, C;

DC=15  DC=15 C1 o
% | ‘ | ‘ | Vneg 1
Vo VA WV
0 R2 1000k
ua741 ~ Vneg
1K ) =
oy W /S
V2=0.1 @ R1 Oo
= Vin
TR="1ns 3 IntegratorOut
TF="1ns
PW=fo0us | |
PER = 200us ™

FIGURE 6.5: A leaky integrator
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and R,. The currents in these components are calculated as

. . . V;n_Vx dV;c_Vu Vx_Vu
i+t = =+ G ( - °‘)+ R“. (6.1)
1 2

If the gain is very large (100 k, for example), then a virtual earth occurs at the node
voltage V'x.

Vin dVou)  Vour
—C _
Ry dt Ry

—0. (6.2)

If R, is assumed much greater than R;, then we may approximate (6.2) as

Vi d(Vour) Vi d(Vour)
2 _C =0 = . 6.3
R dr T GRC dr (6.5
Integrating (6.3) expresses the integrated saw-toothed output voltage signal as
Vout = ! / Vi.dt (6.4)
out — Cl Rl n¢s. .
Apply the magnifying tool to a section of the saw-tooth signal and verify the slope of the ramp
signal is
AV Vi Va AT
— = AV = . 6.5
AT  CGiR - (6.3)

From the Analysis setup menu, select Transient and set the following parameters: Output
File Options/Print values in the output file = 100 ns, Run to time = 10 m, and Maximum
step size = 0.1 L. Press F11 to observe the waveforms shown in Fig. 6.6.

Substituting values into (6.5) yields ¥ = 212190« — 10 7. However, because of the ua741
limitations, the output is not 10 V but 8.5 V. Substitute the superior AD8041 opamp and

measure the output voltage.

6.2 SWITCHED-CAPACITOR CIRCUITS

Semiconductor IC materials have certain physical limitations when fabricating resistors and
capacitors. For example, the largest IC capacitor achievable is Cp,x = 100 pF. A MOS
integrated low-pass RC filter, with a 1 kHz cut-off frequency (f, = 1/(27 Crnox R) = 1 kHz =
R =1/Q27 Crax f) = 1.59 MQ), requires manufacturing a large resistance. A large resistance
requires a large IC surface area and is expensive to produce, but the alternative to this is to use

a switched capacitor design.
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188mY - 100MU MO NNONNANANANOnNAnNOnnnanannn
LR au
-100ny{— e LULLTOOUOOULLULLLLLULLIOOUOOOLY
o U{R1:1) a U{R1:1)
5.8V 4.9y
Arodnd zero U
Sl

-5 .8V
—
Capacitor charging up
SEL>> SEL>> K
-5.00 T T T -9.30 T T T
6.4088ms 6.680ms 6.80808ms 6.968ns ds 2.8ms 4.8ms 6.8ms
o U{INTEGRATOROUT) « U(INTEGRATOROUT)
Time Time

FIGURE 6.6: Integrator output

6.2.1 Switched-Capacitor Low-Pass Filter Step Response

What we are doing here is to replace a resistance with a capacitor that is charged and discharged
at a high rate, thus making it appear like a resistance. To understand this circuit, consider a
resistance connected between two voltage sources. According to Ohm’s law, the current in a

resistance 1s
n-r. AV

] = ————— =

Ry R
Fig. 6.7 shows two low-pass filters: The second filter is a conventional LPF, and the first filter
shows how the resistance is replaced with two other capacitors that are switched on and off in

(6.6)

sequence. We may compare the transient behavior of each filter by observing the output from
each circuit. By opening and closing the two switches, we cause a small current pulse to flow,
thus charging C1 momentarily. This charge is then passed to the second capacitor when the
first switch is opened and the second switch closed. Current flows through S1 and S2 in sharp
pulses each time one of the switches is closed. An average current flows if the switches are
opened and closed over a regular time interval Az = 7T"= 1/f;;;. The voltage on the capacitor
C1 then changes from V1 to V2, by a charge flowing from Cj, so the current is

l-_AQ_(V2_V1)Cl
A T

= AVC1fCLK. (6.7)
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Sbreak

! | Step response l | S
st |14 ROFF = meg [ — ['OT' =0 R1 20k
5V Y RON = 1u . VON =1 N
= cC [ Clockinyt S2 v
W Vies | ot T vi= — V1A —
= 1n V2=5 ‘ c3 T
PW =1u Vclkiny F =100 10n
Velk PER = 20u PW = 1u TR =100
TD=0 PER =204 TD = 10u _ Analog filter
This delay ensures switches are operating in antiphase 0

FIGURE 6.7: Low-pass filter

5.150

5.l3l.l—|r 1 Analog output

N

2.50+ 488U+

au

o U(Clock)

5. Note t clocks are in gnti-plhase 2. 88U

Stepped switched capacitor output

2.5U+

SEL>>
au

T T ay T T
s 28us 48us Bs 8.508ms 1.80ns 1.47ns
o U{Clockinvt}) o U{C2:2) - U({C3:2)

Time Time

FIGURE 6.8: Anti-phase clocks

Comparing (6.6) to (6.7) implies that

AV 1
Rlz—.z .
/ Crfen

S1 and S2 switches are operated by two out-of-step clocks, whose waveforms are shown
in Fig. 6.8 (the second clock has a delay of 10 us (TD = 10 p).

We compare the step responses of the switched capacitor LPF circuit to the conventional

(6.8)

low-pass CR circuit response as shown in the right panel of Fig. 6.8. The responses look similar
but the switched-capacitor output voltage appears as an exponentially increasing staircase
waveform due to the current pulses flowing between the capacitors. To plot the frequency
response from the step response as in Fig. 6.9, reset the Transient Setup parameter: Run to
time = 100 ms. Press the FFT icon, and select between the x-axis numbers to change the
settings. Select User Defined, and enter 20 Hz to 10 kHz and Logarithmic. Select the variables
at the bottom and enter 20*log10(V(C3:2)) and 20*log10(V(C3:2)) in the Trace Expression
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158n
108m+
L om+
" o dB(U(C3:2))
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SEL>>
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Frequency
FIGURE 6.9: Frequency response for the two circuits
Squarewave " "
Change inphguire name to input squrce | | l | |
impulse \81 o s2 P A

Sbreak T

+
Squarewave h/ bbreak

V1=-01V TD=10s Switchout

V2=01V _ TR = 10ns

TO=0s Vimpulse TF = 10ns
TR = 100ns V=0V
TF=100ns ' Lin  v2=5v Velk v
PW = 100us PW = Sus V1=V
PER = 200us PER =25 v2=1v PER = 500ns

0

FIGURE 6.10: Switched-capacitor filter

box to plot the response in (or use the dB() function available in the TRACE list). Separate
the plots using alt PP. Set the y-axis to those shown. An error exists at the start of the plot but
is reduced by increasing the Run to time Transient parameter.

6.2.2 Switched Capacitor Integrator

The resistance in a normal integrator (a LPF) is replaced by a capacitor that is switched on
and off electronically as discussed in section (6.2.1). The switched-capacitor filter in Fig. 6.10
uses a 2 MHz clock (frequency £.) to control the SBREAK switch parts, S1 and S2 (from the
Breakout library). An inverter at the output of the master clock ensures the switches operate
in antiphase to each other. C1 charges to the input voltage and then transfers its charge to
C, each time the switch is operated. In a normal integrator, current flows through a feedback




94 PSPICE FOR FILTERS AND TRANSMISSION LINES

capacitor C and is equal to VIN /R (the circuit time constant is RC3). At the end of half a
clock period, 7/2, Cy charges up to VIN when the switch S1 is closed and S2 opened. When
the clock changes state, S1 opens and S2 closes and the charge on C1 is transferred to C5. The
amount of charge transferred from the input to the junction at the inverting input of the op
amp, during a complete clock period, is VIN Cj. Since current is the rate of change of charge
during a specific time interval, then we write

L AQ TGy

| = :Vznc clk- 6.9
t=—_ T 1felr (6.9)

The effective resistance from 7}, to the negative input is therefore

Vi 1

_ Vi _ _ 6.10
z Cifon (6.10)
The time constant is
C
7= RC, = 2 (6.11)
Ci1fen

The integrator time constant is thus dependent on the ratio of the two capacitors and the clock
frequency. To explore the step response, connect the square wave generator to the circuit by
changing the wire segment name to square wave. Tick Skip the initial transient bias point
calculation (SKIPBP), Run to time to 10 m, and Maximum step size to 0.1 {1, and press F11
to simulate. A word of caution about the switches used in this design: If the switch ROFF
resistance is set to a very large value, such as 1 T2, then a convergence error could occur. The
lower limit for currents and voltages in PSpice is of the order of exp(—10). A switch in the off
position would then have a switch resistance of 1 T2, resulting in a current flow that is of this
order. To fix this select the switch part and change ROFF to 10MEG and not 1 M which is a
milliohm. Highlight the switch, select Edit Parameter and make the change.

This circuit creates a series of voltage steps at the output, with a value —VinC1/C,. Make
C1 approximately 10 times C; to produce a negative ramp with slope:

AV Vin fenn C1
—_—= 6.12
AT G, (6.12)
Comparing (6.12) to (6.8), we see the time constant is replaced by C,/ /12 C1, so the cut-off

frequency is therefore

i C
fi= J; 7[;021 = 15.915 kHz. (6.13)

In Fig. 6.11, the “out of step” clocks were unsynchronized by selecting Probe/Plot in order to
display a few cycles, but with the other signal time axis unchanged.
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FIGURE 6.11: Switched-capacitor filter waveforms

DigClock ct 10n _ d/d t_ diff2out
H }_ﬁpn’ﬂout
ONTIME = 0_5ms\ y \, 5009
OFFTIME = 0.5ms Vpullse
STARTVAL =0 R1 TR=1ns
OPPVAL = 1 1k LR IS

FIGURE 6.12: CR differentiator

A log command file is available from the Probe/File/Run menu in probe, and is called
Fig.6-011.cmd. This separates the waveforms automatically when selected. To apply the im-
pulse to the circuit, select the input wise segment, rename it to impulse and repeat the transient
analysis. From Probe, use the FFT icon to get the frequency response.

6.3 ELECTRONIC DIFFERENTIATION
A passive differentiator (a high-pass filter) is shown in Fig. 6.12. Differentiating a square wave
signal is a useful technique for obtaining narrow pulses that could be used to close an electronic

switch at a certain time for example.
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FIGURE 6.13: Differentiating a square wave

An impulse signal is produced when the pulse width is much less than the circuit time
constant. There is also an ABM differentiator part called DIFFER as shown with the gain set

p- Set Run to time to 10 m and Maximum step size (blank). Press F11 to simulate and

produce the narrow pulses shown in Fig. 6.13

EXERCISES

(1) Percentage Tilt is a measure of the droop in a square wave when applied to a high-pass

circuit. It is useful for assessing the low-frequency performance of amplifiers. Copy the
differentiator schematic in Fig. 6.12 but increase the capacitor to 5 UF. Set the Run
to time to 10 ms to allow for transient effects at the beginning of the response and
measure the Percentage Tilt from Fig. 6.14. Percentage Tilt is defined as

n—-"n Vi — Vie /CR 1007

100 = ————100 =~ TR ~ 200 ft =9%

%Tilt =
1 "

where the time substituted into the expression is # = (9 ms — 8.5 ms) = 0.5 ms.
The exponential voltage decrease is approximated as #CR (Note: ex =1 + x + (x2)/2!
+(3)/321 +x).

(2) Investigate the active differentiator in Fig. 6.15.
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FIGURE 6.14: Measuring percentage tilt
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o
FIGURE 6.15: Active differentiator
The transfer function is —Ry/(Ry + j1/wC). The transfer function for equal value

resistors reduces to a passive differentiator transfer function —R/(R+ j1/wC). The
output waveforms are shown in Fig. 6.16. Simulate with, and without, R;.

(3) Investigate the combined integrator differentiator in Fig. 6.17.



98 PSPICE FOR FILTERS AND TRANSMISSION LINES

188U Input squarewave
Differentiated squarewave
By
-1@8myU -
Bs 8.2ns 8.4ms B.6ms 8.8ms 1.8ms 1.2ms 1.4ms
o U{Vin:+) « U{R2:2)
Time
FIGURE 6.16: Differentiator waveforms
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CHAPTER 7

Two-Port Networks and
Transmission Lines

7.1  TWO-PORT NETWORKS
A two-port network has a pair of input and output terminals, as shown in Fig. 7.1. Examples
of two-port networks are: Transformers, T-networks, series-tuned LCR circuits, etc. We may
classify these as symmetrical or asymmetrical and balanced or unbalanced networks. A network
is symmetrical when the input and output terminals are interchangeable without changing the
electrical properties of the network. A Tee network with equal series arms is an example of a
symmetrical network but is asymmetrical if the series arms are unequal. Further classification is
a balanced network where the two input arms (i.e., top and bottom) contain the same elements.
Two-port network analysis uses the input and output currents [1, I, and voltages V7,
V) to generate a unique set of equations. Taking the input current, the input voltage, or
combinations of currents and voltages as the independent variables, we generate six different
sets of parameters. For example, if we consider the input and output currents as the independent
variables, we generate z-parameters. If we take the input and output voltages as the independent
variables, we generate y-parameters. Another set of parameters, the hybrid (mixed Z and Y),
or h-parameters, makes the input current and output voltage the independent variables and are
used in transistor equivalent circuits.

7.2 THE Z-PARAMETERS

The z-parameters can be used to analyze passive and active networks. The four z-parameters
have dimensions of impedance, and, in general, are complex. We define these parameters by
opening the input or output terminals (this makes the currents in each circuit zero), hence the
name open-circuit. /1 and I, are the independent current variables and generate the following
z-parameter equations:

Ei=5L721+ L7y,
Ey=6LZy+ L27Zy,.

(7.1)
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I 12

— o I
Twwo-port_network

Et =

— o E—

FIGURE 7.1: A two-port network

Open-circuiting the output to define the output impedance (the driving point impedance):

Zy = T - (7.2)
11n=0
An open circuit at the input defines the reverse transfer impedance

Zip = — . (7.3)
L L=0

The output impedance with the input open-circuited is

Ep
Zyy = e ) (7.4)
2 1n=0
The forward transfer impedance, with the output open-circuited, is
E
Zn = 2| . (7.5)
L L=0

The z-parameters are calculated for each parameter and we may then solve for currents
and voltages in the circuit.

From the Analysis Setup, select AC Sweep and Linear, Point/Decade = 10001, Start
Frequency = 1k, and End Frequency = 10k. Press F11 to produce the response shown in
Fig. 7.2.

7.2.1 Z-Equivalent Circuit

We may simulate equivalent circuits such as ac A-parameter equivalents circuit for transistors
using ABM parts. Parts such as the voltage-controlled voltage source (VCVS) called an E part,
a current-controlled voltage source called a H part, a voltage-controlled current source called a
G part, and a current-controlled current source called an F part. The z-equivalent is simulated
using ABM parts as shown in Fig 7.3. The current-controlling voltage sources parameter wires
are connected using the Net alias icon to name the wire segment.
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TUK

(1 kHz,5.5 kohms)
The input impedance is V(in)/I(Rl) = 5.5, kohms

5K

<] T T T T
1.08KHz 3.0KHz 5.8KHz 7 .8KHz 9.8KHz
o U(IN)/ I{R1)

Frequency

FIGURE 7.2: The input impedence Z in

Z1 ok Z2 1k
11b I2a
Ha ———AAN— —\WA—
100 <7 - - L 4 Vi2b
I y » 12
» 122 Ha v 10k§ ZL
o | o Ty e
ovde H

A current-controlled voltage source 0

FIGURE 7.3: The z-equivalent circuit using H-parts

Expressions for the current gain, voltage gain, power gain, input impedance, and output
impedance can be expressed in terms of the z-parameters. Measure all the z-parameters by

substituting short circuits, i.e., 100 meg.

7.2.2  Current Gain
Applying equations (7.2) to (7.5) to the schematic shown in Fig. 7.1, yields: Z11 = R1 4
R3,712 =721 = R3, and Z22 = R2 + R3. From Kirchhoff’s first law to the circuit, gives
the input and output equations as:

Ey=5LZn+ Ly

(7.6)
Ey =6LZn+ L27,.

The current gain is I,/ I;, so we must solve for I and I separately. Write equations (7.6) in a

2 _ Lz z (7.7)
E, L|| %41 Z» ' '

matrix form as
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Substitute the output voltage £y = — L, Z;, into (7.7) and bring it to the right-hand side of the
equationas —LZ;, = [ Zyy + L Zyy = 0= 11 Zo1 + L(Zxn + Z1), so that (7.7) is written as

El — Il le 212
|:O :|_|:IZ:||:221 (ZZZ+ZL):| (78)

Solving for 4
|: E1 212 j| |: El ZlZ
0 Zon+ 75, 0 (Zp+ Z1) Ei(Z Z
I = — _ Bzt Z1) (7.9)
Z1 Zp AZ Az
n In+t+Z

Similarly for the output current I,

Zin B
Zn 0
L=

—E1Zy
==L =—". 7.10
Az 2T TAz (7.10)
Dividing (7.10) by (7.9) gives an expression for the current gain
I —E Z AZ —Z
4= _ B 21 (7.11)

L AZ El(ZZZ‘i‘ZL):ZZZ‘i‘ZL.

7.2.3 The Output Impedance
Substituting for the input voltage E; = —I; Zg into (7.7) gives —h Zs = L Z11 + L Z;p =
0 = h(Zi1 + Zs) + L Zy2, so we can write the main equations as

—5 Zs Zin Zi 0 L || (Zu+2Z) Zp
[ E } |: Zn Iy i| |: E, :| |: L } |: Zn Zy (7.1

Solve for the output current I

L
L

|:(Z11 +Zs) 0 i|
/n Ep
L= (7.13)
Zn+2Zs I
|: Zn Zzzj|
5 Ex(Zin+ Z,) L Zi1+ Zs (7.14)

= = — = .
(Zi1+ Zs) Zpy — Z12 Zn E,  Zp(Zin+ Zs) — ZinZy
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The output impedance is E»/ b, so from (7.14), we can write

E) _ Zoo(Zy + Zs) — ZinZn 7 ZiyZn

Zour = — = - 7.15
L Zin+ Zs 2 2+ Zs (7.1
7.2.4 Input Impedance

To find an expression for the input impedance, substitute for the output voltage £, = —L Z;,

into (7.7). The negative sign takes care of the current direction and polarity of Ej so that the
input equation is now—5L Z; = [ Zy + L Zy; = 0 = 1 Zy1 + L(Zy + Zp). The equations

are
E, Li||Zn Zp E, L|| 40 Zi
-LZ L |21 Zn 0 Ll zn (Zn+ 71

Solve for I using Cramer’s Rule.

I = Ei(Zn+ Z1) N I _ I+ Zr N o
Zi(Zpy+ Z) — Z1nZn E Zin(Zn+ Z1)— ZinZn I
ZiyZn
=71 —. 7.17
N (7.17)

Ipn=—=211——5—F-". (7.18)

Fig. 7.4 shows the steps to measure impedance using an in-built function. Apply this method
to measure the input and output impedances for the z-equivalent circuit.

7.2.5 The Voltage Gain

We derive an expression for the voltage gain using expressions for the current gain and input
impedance.

Vour E LZ V4 —nZ
L R L A 2141 (7.19)

Av =2 -2 20l g oL .
Vi o E1 L4y, Zn (Zn+ Z1)Z01 — Z1nZn

7.3 SYMMETRICAL AND UNBALANCED NETWORKS

The characteristic impedance is defined as the impedance looking into one pair of terminals
when the other pair of terminals is terminated in the characteristic impedance. Alternatively, it
is the input impedance of a network terminated at infinity. Consider a 7-network comprised
of two series arms Z;/2 each, and a shunt arm = Z,. A two-port network, terminated in
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FIGURE 7.4: Using in-built function to measure impedance

the resistance equal to the character impedance, results in an input impedance equal to the
characteristic impedance.

7.3.1 Asymmetrical Networks and Image Impedances

A network is asymmetrical if we cannot interchange the input and output terminals without
affecting the electrical properties of the network. An asymmetrical network thus has two
characteristic impedances depending on which side you measure the impedance. For this
network the characteristic impedance has a different value when looking from the input or
output terminals, so we introduce the concept of image impedances. These impedances are
defined as the two impedances, which, when one image impedance is connected across the
output, the other image impedance is measured across the input.

To simplify the calculations for different networks, we can show the characteristic
impedance for a two-port network is the square root of the product of short-circuit and
open-circuit impedances.

To prove this, consider the unbalanced symmetrical 7-network. The input impedance,
when the output is open circuited isZ,,, = Z;/2 4+ Z,, and when short circuited is Z;,, =

Z1 T2 L. . ~
+ 2517 We may now calculate the characteristic impedance using these two expres

sions as Z, =/ Z,). Z; ) = \/(@)(ZMZ—{— %), henceZS Zl Zl + 2122 + ZlZZ =

%% + 47 =7= \/m. The characteristic impedance for Z; = 50 Q and Z,=
100 Q is 4y = \/ (50)2/4 4+ 50(100) = 75 Q. Substituting into values shows that the in-
put impedance is Z;y = 25 +100//100 = 75Q = Zy = Z;n. Verify the 7 network using
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_ _ 4QRZ%) _ 27217y 22(Z1422) _ 2Z(Z44+22)
Zow =/ 2Zyje Lsje 50 Zy)e = St = Tas and Z;;, = e = . Thus, the

characteristic impedance for the pi network is
) _ 240 22(Z +22)
i Z1+ 27, Z1+ 47,
47,72 Z AZ1 72 4
Zo=—"2 - 22 7
L+4Z, L1 L+ AL Z, A4

%7 %7
== ) :ZOHZ D :
Zi]A+ 21 2 Zi/A+ L2,

The characteristic impedance for the pi networks in terms of the Tee characteristic impedance

Zog = L1 2] Zor.

7.4 TWO-PORT RESISTIVE T-ATTENUATORS

Situations arise when a signal is too large and needs to be attenuated but at the same time keep
matched conditions such as the “I” and “n” resistive networks attenuating networks. These
networks attenuate the signal by a specific amount but keep matched conditions unlike a voltage
divider circuit which does not. The 7-attenuator in Fig. 7.5 introduces an attenuation of 20 dB
(equal to a voltage reduction of ten) but does so keeping matched conditions between the 50 Q
source and load resistances. For example, we might wish to attenuate a signal from a 50 € aerial
before applying it to a 50 Q input spectrum analyzer. This resistance value is common in radio
frequency communications. The attenuation factor is

10(-dB/20), (7.20)
The resistors of the 7-network are expressed in terms of the attenuation factor F. The series
element is
R = Ry (1— F)/(1+ F)). (7.21)
Rsouce | R -1 --------- T ee-aﬁe;]uator ----- I:_‘;é"j_;__,Series elements PARAMETERS:

’—/\/\/\/ AN * A \ F = {107 (-attenuation/20)}
R \ \f{R1} R1} \ y R1 = {RLY((1-FU(1+F))

g § R2 = {RLA(2"F)(1-F*F)}
v Vsource R3 {R2} RL {RL} atenuation = 20

RL =50

FIGURE 7.5: Resistive attenuator
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attenuation 20
F {10**(-attenuation/20}}
PSpiceOnly TRUE
R1 ]
R2
RL S0
FIGURE 7.6: Enter expression in the value box
The shunt element is determined as
R, = R, 2F)/(1 — F?). (7.22)

For example, if the source and load impedance are 50 €2, and the network is to introduce 20 dB

of attenuation between resistors, then voltage is reduced by ten (F = 0.1).

The PARAM part has expressions entered instead of actual values as shown in Fig. 7.5.

Select the Param part and add the extra rows with the parameters as shown in Fig. 7.6.

The attenuated signals are shown in Fig. 7.7.

24

d 1
B n
P
u
t
22+ Attenuation in dB = 20 dB ;704
n
p
e
20 :
L4 a
1%
c
e
18 Input impedance = 50 ohms
o DB(U{R1:2))- DB{U(R2:1)) Y]
506mu
v (9 24 RHz, 500m)
1
t
s 18-
25 mu - Attenuation Factor = 0.1
30
[4.365 _kHz,50m)
SEL>>
8y T 28 T T T
1._0KHz 16KHz 1086KHz 1._6KHz 3_6KHz 16KHz 30KHz 106KHz
o U(R2:1) = U(R1:2) o U(R1:2)/ I(R1)
Frequency Frequency

FIGURE 7.7: Frequency response showing the 6 dB attenuation
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R L L R R L L R

s o Y VN2 ANA L g VYTV AAA
VTV VTV 2
176uH/Km 15/km

15/km 176uH/Km 176uUH/km 16/km 15/km 176uUH/Km

C1

G G
T 70nF/Km
QuS/k l BuS/km

_LC

T 70nF/km

0
FIGURE 7.8: Lumped transmission line model

7.5 TRANSMISSION LINE MODEL
Transmission lines are formed from two constant cross-sectional area conductors, separated by
an insulator (dielectric), and used for telephone lines, guitar leads, TV leads, power leads etc.
A transmission line is modeled as a cascaded Tee section of discrete components as shown in
Fig. 7.8 and is valid for short lengths of line. In actual transmission lines, these components are
distributed evenly along its length.

The primary parameters are per unit length of line defined as

«  R:The loop resistance of both conductors,

«  G:This represents the leakage current flowing in the dielectric material separating the

two conductors,
«  C: The capacitance formed from the two conductors and the dielectric, and

o L:The cross-sectional area of the conductor determines the line inductance

PSpice LEN parameter defines the unit length and the line component values are per unit

length.

7.5.1 Forward and Backward Waves

The voltage at a point / on a transmission line is the sum of the forward and backward waves.
Vie @Bl 4 17,0 @tiP) The forward wave Vye @B = ¢~ ¢=7P! ig attenuated and phase
shifted as it travels along the line. Here, o is the attenuation in nepers/km, and the phase
change coefficient §, introduces an increasing phase shift along the line. The reflected voltage
wave Vye @i = 1509 0P travels in the opposite direction to the forward wave and is zero if

the load impedance equals the characteristic impedance.

S. aracteristic Impedance

7.5.2  Characteristic Imped

The input impedance of a transmission line is the characteristic impedance Z; at any frequency
provided the line is terminated in Zy. An expression for Z; is obtained by considering the total
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voltage divided by the total current. This results in an expression in terms of the primary line

| R+ joL
= [————. 7.23
% G+ joC (7.23)

y =a+ jB =R+ joL)G+ jwC). (7.24)

parameters R, L, G, and C as

The propagation constant is

The phase shift over a distance / = A meters (one full cycle) is 2 radians expressed as

Pr=2r = B =2n/Ar. (7.25)
The velocity of propagation v = A f, where f is the frequency of operation (angular frequency
), hence
21 o
V= f— = —m/s.
J BB

Signal reflection is caused by a mismatched load and the degree of mismatch is measured by
the voltage reflection coefficient, p defined as the ratio of the reflected voltage to the incident
voltage. The voltage at any point on the line is the sum of these two voltages, hence, the
reflection coefficient is

1 Z; — 7,
ZL:ZO( +,0) 4L

1—p Zr + 7,
The reflection coefficient for an open and short circuit load resistances is:

Short circuit load, Z; =0 p=—1so|p|=1and 0 =7,
Open circuitload, Z; = oo p=1so|p|=1and 0 =0

7.6  TRANSMISSION LINE TYPES

Transmission line parts in the evaluation version are shown in Fig. 7.9: Loss-less (part name

T), lossy (part name Tlossy), and coupled (part name T2coupled and T3coupled).

T5 T3 T4
O i 0 ‘
LOSS in1 - outl O int  outt FO
-/ O in2 ouz 7O O+ in2  ou2 O /
O in3 out3 FO 5
T3coupled T2coupled

FIGURE 7.9: Transmission line evaluation parts
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Rsource T
B MM —_— PARAMETERS:
VNS ~ . Delay = 1ms
VOFF = 0V ! Tl Rload < 75
VAMPL = 1V 20=75
FREQ = 10kHz
AC =1V .
S0
FIGURE 7.10: Lossy transmission line
TD {delay}
Value T
0 75

FIGURE 7.11: Transmission line parameters

The schematic in Fig. 7.10 shows a 75 € lossy T part transmission line terminated at
the source and load terminals by resistances equal to the characteristic impedance of 75 € and
a delay TD of 1 ms.

Select the transmission line and set the characteristic impedance to 75 and the delay =
1 ms shown in Fig. 7.11. For matched conditions, the load and source resistances should be
equal to the characteristic impedance = 75 €.

7.6.1 Lossless Transmission Line Parameters
In many cases we assume the line is loss-less for short transmission lines operating at high
frequencies. The propagation constant for a loss-less line is y = 7B, since « = 0. Using the

relationship tanh(;76) = j tan(f), we express the sending impedance (generator end) as

(7.26)

Z — Zo|:ZL+jZOtan'31:|-

14+ jZptan B/

The parameters for a loss-less transmission line are shown in Table 7.1.

A lossless transmission line T part has parameters defined in terms of a delay in seconds,
or a frequency F in Hz with a relative wavelength NL. (For the default wavelength 0.25, the
frequency is the quarter-wave frequency.) When observing time waveforms, the transient step
size is limited to one half the delay value specified.
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TABLE 7.1: Loss-Less Transmission Line Parameters

SYMBOL PARAMETER UNIT NAME EXAMPLE
70 Characteristic impedance Ohm 75

TD Transmission delay Seconds 0.1

F Frequency for NL Hertz 1le6

NL Relative wavelength Default = (0.25) 0.125

TABLE 7.2: Lossy Transmission Line Parameters

PARAMETER EXPLANATION UNIT NAME SAMPLE

LEN Electrical length Meter 1 km

R Resistance/LEN Q/LEN 15 Q/km

L Inductance/LEN Henry/LEN 0.175 mH/km
G Conductance/LEN Siemens/LEN 9 uS/km

C Capacitance/LEN Farads/LEN 70 nF/km

7.7  LOSSY TRANSMISSION LINE PARAMETERS
Lossy coax transmission line primary line constants are shown in Table 7.2.

The characteristic impedance at f = 2 MHz is calculated by substituting the line
constants.

Zo = R+ joL (15 + 272 x 10% x 175 x 10-¢)
\V G+ joC | (9 x1078 4 ;272 x 10 x 70 x 10~7)

=50 — ;0.34 Q.

Draw the schematic in Fig. 7.12 using the TLOSSY part and carry out an AC analysis from
0.10 Hz to 100 kHz. The length of the transmission line is 1 km so LEN is set to 1 (primary

line parameters are normally quoted per km). The propagation constant is

y=a+ B =R+ joL)(G+ joC)
=/(15 + 7272 x 100 x 190 x 1076)(9 x 1076 + 727 x 2 x 10° x 70 x 10~7)
— 0.1442 + j46.

The real part is measured in Nepers/km, or In(x).



Rsource

TWO-PORT NETWORKS AND TRANSMISSION LINES 111

Vsource

1Vac
0Vde

50
50

i

FIGURE 7.12: A 1 km length of lossy transmission line

FIGURE 7.13: Tlossy parameters

RL 15

L Ton

G Su

L 175U
LEN I

Characteristic impedance = 50 ohms at 1 IMHz

60

SEL>>
48

Mm—iz, 50 ohms)

o U(TLO3SY:A+)/ IA{TLOSSY)

(100_0,-7.24)

-7 .34

-7.4

\w {1 MHz, -7 .33 dB)

T
18Hz 188Hz

o DB{U(TLOSSY:B+))

T T T T T
1.8KHz 18KHz 188KHz 1.8MHHz 18HHz 106HHz

Frequency

FIGURE 7.14: Plot of the input impedance and frequency response

The TLOSSY parameters are shown in Fig. 7.13.
The Probe plot in Fig 7.14 shows the transmission line input impedance plotted by

selecting Trace/Add Trace (or the Insert button) and dividing the input line voltage by the
input line current, i.e., V(TLOSSY:A+)/ IA(TLOSSY).
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RS T1
Ay sourceinp vout
gen ) )
50 Yﬂ
VOFF = Ov VT zZ0=50 RL = 5

vgen =
92 ampL = 1v Fotee I
FREQ = 1e6 c1 - 7.6n

£l

Do NL=0.2

0

FIGURE 7.15: Problem 1

7.8 VOLTAGE STANDING WAVE RATIO (VSWR)

The maximum and minimum voltages, ¥ may and ¥ pnin, are measured using a detector along a
slotted line (a special line for measuring standing waves). The ratio of the two voltages defines
the voltage standing wave ration VSWR:

Vmax
S = . 7.27
Vmin ( )
The VSIWR has arange 1 < § < 00 and it can be shown that
§—1 1+1pl
lp|=—— = 8= . 7.28
PI=s+1 1ol (725

7.9 INPUT IMPEDENCE OF A TRANSMISSION LINE

The 50 © transmission line (part name T) in Fig. 7.15 is terminated in an impedance Z; =
5 — 720 Q. Determine the impedance 0.2 A from the load (this is the NL parameter in the line
part). Since the capacitance is related to the reactance as C = 1/2 X, f, the load capacitance
is C = 1/2720 x 10° = 7.96 nF (the input frequency is 1 MHz).

7.9.1 Solution

To verify this value in PSpice, we need to set the length of the line to 0.2 A and plot the real and
imaginary parts of the input impedance of the line. Set the Analysis Setup from 900 kHz to 10
MHz and simulate. From the Probe output, we plot the imaginary part of the input impedance
as —IMG(V(txin)/I(vgen)), and the real part of the input impedance as —R(V(txin)/I(vgen)),
as seen in Fig. 7.16.
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288

2484

20884

160

1287 Imaginary part of the input impedance of the Tx

(1 MHz, 58.6 ohms)

88

Real part of the input impedance of ® line
49

(1 MHz,10 33 ohms)

a T T T T T T T
B8.6MHz 8.7HHz 8.8MHZz 8.9KHHz 1.8HHz 1.1HHz 1.2HHz 1.3HHz 1.4MHz
& -R{ U({txin)/ I(VUgen))} + -IMG{ U{txin)/ I{VUgen})

Frequency

FIGURE 7.16: Plotting real and imaginary parts of input impedance

The values read from Probe are: Real part = 10 Q and imaginary part is 59 Q. To solve

using a Smith chart we must normalize the load as

Z (5,20
Zy 50

Mark this impedance on the Smith chart as point A and draw a line from the center through

Q=01-,0.4¢.

this point past the outer circle. Read the wavelength value on the outer circle as 0.439 A. Draw
a VSWR circle with radius A representing the impedance (see point D VSWR = 12). Point B
15 (0.439 1 +0.2 4 — 0.5 &) = 0.139 1. (We subtract 0.5 because the chart is from 0 to 0.51.)
Draw an arc from 0.439 A to the point 0.139 A, and draw a line from this point to the center.
The line intersects the drawn circle at 0.2 4 71.18. The actual impedance is 50(0.2 + ;1.18) =
10 + 7 59 @, which agrees with our PSpice simulation results.

7.10 QUARTER-WAVE TRANSMISSION LINE MATCHING

Aload ZL = 100 — ;50 € is connected across a 75 €2 characteristic impedance transmission

line shown in Fig 7.17. With the aid of a Smith chart and verifying with PSpice, obtain a value
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T gquarterwave T2

{ N quarterWaveinpu finalinput
)4\/ ) RL 100
720=75 * F = 1Meg — 720=75

0515 F=1e6 o1 L 3ten
F=1e6 NL=0.26 NL = 0.184 T

FIGURE 7.17: Quarter—wave transformer

for the characteristic impedance of a quarter-wave transmission line transformer inserted at a

point nearest to the load line to achieve correct matching.

7.10.1 Solution

The normalized load impedance Z;, = (100 — j50)/75 = 1.33 — j0.67 is point 4 on the Smith
chart shown in Fig. 7.16. Draw the § circle through ZL from the center, and read the VSWR
value. The line is resistive Zg = 0.53 x 75 Q = 39.8 Q where the VSWR circle intersects the
horizontal axis at point B = 0.53. A /4 transmission line characteristic impedance is calculated

from the input impedance as

(7.29)

| Ze/tan Bl + 5 Z
Zin = Z() " s .
Zy/tan Bl + j Z1,

The 1/4 line input impedance is the characteristic impedance of the original line and the total

phase is
Bl = 2 /1)(./4) = /2. (7.30)
Hence
tan B/ = oo. (7.31)

The relationship between the input impedance, the characteristic impedance, and the

impedance Zj, is
[0+s (/):| q /
7 -z |24 ——Z:>Z—/ZOZ. 7.32
Zl ZO |:0—|—sz ZL L ( )

The input impedance of a A/4 section of line should equal the characteristic impedance of the
line to be matched. Substituting Z; = Zy into the quarter-wave transformer equation yields
the characteristic impedance for the 1/4 line:

Z,=ZZr =75 x 39.8 = 54.5 Q. (7.33)

The quarter-wave transmission line is located 0.184 A from the load.
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4oaK

200K Input impedance of final line
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o U{finalinput)/IA(T2)
200K

I[nput impedance of quarter-wave line

180K
SEL>> should be 75 ohms to match line {1MHz, .75 ohms)
N o U(QUARTERWAVEINPUT)/IA{quarterwave)

1.80v

875U Response of complete line
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o U(s)
200K
Input impedance seen by generator {1 MHz, 150 ohms)

100K Rs +70 = 75475 = 150 ohms

108Hz 1.08KHz 18KHz 188KHz 1.08HHz 18MHz
v U(GEN)/I(R3)

Frequency

FIGURE 7.18: Quarter-wave transformer matching device

The inserted A/4 line parameters are: NL = 0.25 and Zy = 54.5 Q. From the Analysis
Setup, select AC Sweep and Linear, Point/Decade = 10001, Start Frequency = 100, and
End Frequency = 10meg. The load values are calculated as per problem 1. Press F11 to
produce the Probe results in Fig. 7.18.

Determine the characteristic impedance of the inserted line using the Smith chart in
Fig. 7.19. What is the distance from the termination, 4, where it is to be inserted?

7.11 SINGLE-STUB MATCHING
Terminating a transmission line in a value other than the line characteristic impedance can lead
to problems. Fig. 7.20 shows one technique of matching the line using a short-circuit stub as a
certain location and whose characteristics are the same as the line to be matched.

To obtain the values for this schematic we first solve using the Smith chart and then back
track. The frequency of operation is 100 MHz.

7.11.1 Problem 1
Standing waves on a 50 Q transmission line had a maximum voltage V', = 10 mV and a
minimum voltage ¥ i =2 mV measured 50.8 mm from the load. If the wavelength is 212 mm

at the operating frequency, determine:

« The VSWR and the magnitude of the reflection coefficient,
«  The distance between the load and the first minimum (in wavelengths), and,

e The return and mismatch loss in dB.
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FIGURE 7.19: Quarter-wave transformer

Determine the location and length of a single stub with the same characteristics as the mis-
matched line to achieve correct matching.

7.11.2 Solution

In Fig. 7.21, rotating around from the load toward the generator will, at some point, result in
the impedance of the line having a normalized real part of unity but will have an imaginary part
that requires to be cancelled by the stub connected across the line at this point. If a stub inserted
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T T2
Sourcein T1out Ve oad
Rg NL = 0.173
Z0= 50 RL 205
F = 100Meg
he= Stub D =
VOFF = Ov c1 Loy
VAMPL = 1v
Y v
0 stub
F/
[
| NL=0.08
F = 100Meg
70 =50 shortcircuit
D=

FIGURE 7.20: Stub matching

at this point has an opposite reactance to the reactance of the line, then the net impedance
is unity (the reactance parts cancel). The line is then matched on the generator side of the
single stub. There are two factors to be determined: the distance from the load to the stub, and
the length of the stub itself, which is a short-circuit line in parallel with the line. The voltage
standing wave ratio VSWR, and the reflection coefficient is

Ve 10

VSWR = = _—_ =35
Vmin 2

_ rswr—1 _ 5—-1 067,

vswr+1 5+1
The location is
Dys. = 50.8 mm 024
212 mm

Locate the point Dy, = 0.24 1, and draw a line from the center of the chart to this point. The
intersection of the line, and the circle of constant VSIWR, is the point A, and is the normalized
impedance 4.5 — j1.4 Q. The actual load is 50(4.5 — ;1.4 Q) = 225 — ;70 Q. At a frequency
of 100 MHz, the reactance of a capacitance of 22.7 pF is 70 Q.

We work with admittance since we use a short circuit stub in parallel with the line. The
admittance of the load is located through the center from A, to the opposite side where it
intersects the VSWR circle at Pt B, an equal distance from center and is read as 0.2 + ;0.07S.
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4o

G = conductance=R/ (R"2+X"2)

Stub impedance

o U(STUB)/IA(STUB)
Mag of Z = 1/mag of admittance= 1/¥=1/sqrt(R"24+X"2)

(100 MHz, S50.75 ohms)

50

Input impedance of transmission line at source

SEL>>
. U(SOURCEIN)/I{Rg)
B = susceptance=-X/(R"24+X"2)
(100 MHz, -21.14 ohms)
e
Plot of the imaginary part of the stub input impedance

-48 T T T T T T T T T

88HHz 96HHz 92HHzZ 94HHzZ 96HHZ 98HHz 106HHz 102HHz 184HHz 186HHz 188HHz 118HHz

o IMG(U(stub)/IA(T2))
Frequency

FIGURE 7.21: Single stub matching

On the outer circle read the wavelength measurement as 0.01X. Travel around the constant
VSWR circle to point C (y = 1 + j1.8 §), where it intersects the unity conductance circle.
A stub whose admittance is a pure susceptance ys = —j1.8 S, is connected across the line,
where it cancels out the line susceptance of j1.8 S. The stub location is (0.183 — 0.01)x =
0.173 from the load toward the generator. The susceptance — ;1.8 is read at 0.33 1, i.e., the
stub length is (0.334 — 0.251) = 0.08% = 0.08"212 mm = 17 mm, and is placed a distance
0.1731*212 mm = 36.7 mm from the load. See exercise (3) at the end of the chapter. Trans-
mission line losses due to reflection are determined using a MACRO. The magnitude of the
standing wave ratio is defined:

_ (abs(Z) — Z)

O @z + ) "y

The input transmission line nodes are defined as +A, and —A (normally grounded), and the
output nodes +B and =B (normally grounded). For example, the output node for the second
transmission is VB1(T2), The load may be in real and imaginary form, so the macro for

computing the absolute value of the load is: magZI(RL,XL) = sqrt(RL*RL+XL*XL). The
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FIGURE 7.22: Single stub matching
macro for calculating the magnitude of the reflection coefficient is given as:
mag_rho(magZL, ZO) = (magZL — ZO)/(magZL + ZO) (7.35)
The mismatch loss ML = —101og[1 — p?] = —2.5 dB,
The macro for this function is:
mismatchloss(mag_rho) = 10 * log 10(1 — mag_rho * mag_rho) (7.36)
Returnloss = 20 * log 10(mrho) (7.37)

VSWR = (1+1o1)/(1 = |pl). (7.38)



120 PSPICE FOR FILTERS AND TRANSMISSION LINES

Definitinn:l Save
mag_rholmagZl, £0] = [magfl-£0)magLl+20] Save To.

mag<L[RL, L] = sqr{RL*AL+<L7+L)

mizmatchlozz(mag_rho] = 10%log10[1-mag_rho*mag_rkho)

pi = 3.14159265 Delete
returnlozz(mag_rho] = 20%log1 Qmag_rhao]

YWSWHmag_rha] = [1+maag_rha)/[1-mag_rha)

FIGURE 7.23: Macro definition

The macro for this function is:
VSWR(mag_rho) = (1 + mag_rho)/(1 — mag_rho).

Selecting Trace and Macro. . . from the Probe screen displays the list of macros saved
from a previous session in Fig. 7.23.

In the Definition box, type in the macro function, and press Save. The macros are
stored with the file extension .prb. For example C:\Pspice\Circuits\chapter02\FIGURE7-
026-PSpiceFiles\FIGURE7-026\TRAN\TRAN.prb. If the function is complex with lots
of brackets, then you are better off typing it in Notepad, and then pasting it back into
the Definition box. Examples of using these macros are: magZI,(225,70) returns 235 W,
mag_rho(ma235,50) returns 0.65, mismatchloss(mag_rho) returns 2.5 dB, returnloss(rho)
returns —3.6 dB, and VSWR(0,541) returns 4.8 [ref: 6].

712 TIME DOMAIN REFLECTROMETRY

Time domain reflectrometry (TDR) is a technique for locating transmission line faults. Such
faults can occur if water gets into the line when it is accidentally cut. The water changes the
termination conditions and produces reflections back toward the source. When a transmission
line is terminated in a load not equal to the characteristic impedance, a portion of the wave at
the load is reflected back to the source. The magnitude of the reflected signal depends on the
degree of mismatch and is quantified by the reflection coefficient. The source will not see the
reflected signal until #me = 27, where T is the time it takes to travel the transmission line
length. The voltage at the load is then the sum of the incident and the reflected signals. A
second reflection takes place when the signal reaches the source. This process continues with
the signal being reflected from the load back to the source etc. A lattice, or bounce diagram,

may be drawn from the results measured.
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= T1
Rsource 1CLOSE=0

1 _2
‘IOVd_hv

L .
T

FIGURE 7.24: Creating a bounce diagram

load
Rload

YD = 10us 500
Z0 =100

7.12.1 The Lattice/Bounce Diagram
Fig. 7.24 shows the following transmission line parameters: Zg = 100 © and delay
7D = 10 us.

A 10 V DC supply with a 10 Q source resistance is connected to a transmission line of
length / meters (delay = 10 ), and characteristic impedance of 50 2 and is terminated in 500
ohms. 7" is the amount of time required for a signal to travel the length of the transmission

line. The voltage at the transmission line input is

Virin 100
hin _ 2 —— —0.909 V. (7.39)

Vaep  Reowee + Zo 110

Set the Analysis tab to Analysis type: Time Domain (Transient), Run to time = 200 us, and
Maximum step size = 100 ns, and press F11 to simulate.
Fig. 7.25 shows the reflections from the source and load because of the mismatched

impedances at either end.

713 TDRFORFAULT LOCATION ON TRANSMISSION LINES

Faults develop on a transmission line due to water getting into the cable (pressuring the line
helps prevent this) and the location of these faults is generally unknown. Some means of
identifying the fault location is required and Fig. 7.26 demonstrates TDR is used to locate a
fault on a line. Here, we place a “fault” of 10  at a “known” location.

From the diagram in Fig. 7.27, see if you can explain the wave shape signals to “locate”
the fault.

7.14 STANDING WAVES ON A TRANSMISSION LINE

Figure 7.28 shows transmission lines terminated with four loads (i) open-circuit, (ii) short-
circuit, (ii1) 37.5 ohms and 75 ohms.
Investigate the resulting standing waveforms plotted in Fig. 7.29.
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FIGURE 7.25: Bounce diagram
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FIGURE 7.26: Fault location
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FIGURE 7.27: TDR signals
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FIGURE 7.28: Transmission line with four different loads
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Standing waves on T® line due to mismatch loads

YSHR = Vmax/Vmin = 0.66V/0.33V = 2 Rho= (ZL-Z0) / (ZL+Z0) = (37.5-75)/ ( (37.5+75)=0.33
Short—cireuit load Rho= (VSHR-1)/ (VSWR+1) = (2-1)/ ( (2+1)=0 33

/

Open-circuit load

(250 kHZ, 5666 m¥)

Load = Zo = 75 ohms

8.6V
/(No reflections)
500 kHz, 333 Load = Z0/2=37.5 ohns
8.4V /
8.20- Mode
as a max value of \1/for open and shorticircuit loads
av T T T T t
BHz 8.25Hz 8. 4kHz 0.6HHZ 8.8HHz 1._8HHz 1._2HHz

+ U{ZIN1) + U(ZIN3) = U(2IN4) . U(ZIH2)
Frequency

FIGURE 7.29: Transmission line standing waves
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i PARAMETERS: Rvar = luochm, lkohm, ITohm
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o Rvar = 1u a

V1 : R1
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FIGURE 7.30: TDR measurements

7.15

EXERCISES

(1) A 10 km telephone cable, at a frequency of 10 kHz, has the following primary trans-

)

(3)

(5)
(6)

mission line parameters: L = 700 mH/km, C = 0.05 pF/km, R=28 Q/km,and G =1
uS/km. Determine the phase and attenuation constants and calculate the characteristic
impedance.

The input impedance of a transmission line, terminated in a resistance Zg = 35 Q is

4 [ZR/tanﬁH/zo}
" Zo/wn B+ ) Zg

where B is the phase change coefficient and Z is the characteristic impedance equal to
75 Q. Determine the input impedance of a section of line whose length is 1/4 meters.
Describe a graphical technique for matching a transmission line to a load.

Define voltage standing wave ratio and voltage reflection coefficient. A transmission
line, whose characteristic impedance Zy = 300 + jO €2, has an antenna of impedance
225 — j175 Q connected as a load. Matching by means of a single stub connected a
distance 4 meters from the load, is used. Estimate the stub length / in meters, and the
distance d, if the operating frequency is /= 500 MHz. Assume that the stub is formed
from a section of the same air-spaced transmission line.

Investigate the TDR circuit in Fig. 7.30. A unit impulse is created and connected to a
transmission line that is open-circuited at the output. A reflection will be detected at
the input. Measure the delay. Omit the source resistance and repeat the measurements.
Place a short circuit on the output and observe the waveforms.

Investigate the coupled transmission lines shown in Fig. 7.31.

Apply a 1 kHz square wave signal to the schematic in Fig. 7.32 and observe the filtering
action.

The smeared output is observed in Fig. 7.33.
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FIGURE 7.31: Coupled lines
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FIGURE 7.32: Transmission line as a low-pass filter
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FIGURE 7.33: Smeared output
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(7) Designam attenuator to operate between 300 € impedance and introduce 6 dB between
source and load. The network design equations are Ry = Rz ((1+ F)/(1 — F)), and

R, = R;(1— F?)/Q2F).

(8) The “matched” loss-less transmission line in Fig. 7.34 is a loss-less transmission line

whose characteristic impedance is given approximately as:

Zy~ /L] C = /175 x 10-/70 x 109 = 50 Q.

Plot the voltage/current waveforms to show the attenuation in dB at the input (or

output) is 201og[50/(50 4+ 50)] = —6 dB.
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FIGURE 7.34: A loss-less transmission line
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CHAPTER 8
Importing and Exporting
Speech Signals

8.1 LOGICGATES

DC supplies are not required when simulating logic circuits because PSpice hides power supply
connections to simplify the schematic. However, you may wish to place supplies to investigate
power supply decoupling (see PSpice for circuit theory and electronic devices). There are a
limited number of signal transitions in the evaluation version, so be careful about component
selection. For example, use a DigClock part instead of a VPULSE generator for square waves,
because PSpice has to insert an analog to digital converter on the VPULSE if used. Fig. 8.1
shows all input binary combinations applied to two-input NAND (7400) and (7408) AND
logic gates terminated in a wire segment. Use the Net alias icon to place names on the wire
segments. The results are displayed on the schematic after ticking Transient in the Analysis
Setup menu. To display the logic levels make sure you have a wire segment between the Hi
(or Lo) part, the gate input and outputs, and the output wire segment. Select the DC bias icon
V to display logic levels. Note: The HI and LO symbols have been renamed and are placed
by selecting the power icon from the right icon toolbar. Carry out the same procedure for the
NOR (7402) and XOR (7486) gates with results as shown in Fig. 8.2.

The OR gate (7432) is simulated for all permutations of input signals in Fig. 8.3. Also
shown is an OR gate and inverter part to form an XNNOR gate as the evaluation version of
PSpice does not include an XNOR gate in the library.

To display analog voltage levels rather than logic levels, terminate the output with a
resistance. Analog to digital interfaces are automatically inserted between the open collector
drivers and the 10 k2 pull-up resistor.

8.2 BUSSES AND MULTIPLEX CIRCUITS

Table 8.1 shows a 16-to-8 pin multiplexer reduction algorithm to demonstrate the use of a
4-bit digital stimulus STIM4 which produces four parallel outputs connected to the circuit via
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FIGURE 8.1: NAND and AND gates
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FIGURE 8.2: NOR and XOR gates
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Rioad |

7432
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Wﬁj} (> i Teminating circuit —V&
H 0

7432 7432

FIGURE 8.3: OR and XNOR gate connection

a wire bus. The wire bus system is a neater wire-connection method and is placed by selecting
the icon (or B).

Set up the 16 to 8 multiplexing schematic in Fig. 8.4.

To draw a bus, press B or use the fifth item from the toolbar icon in Fig. 8.5.

Lclick and move the mouse in the desired bus direction. Select N1 or press key N, to
create a net alias (the bus name) and enter D[0-3] in the Alias name box. This produces a
little box which must be dragged to sit on the drawn bus. Press the Esc key to stop placing
bus names. This procedure is also the same for the wires connecting to the bus. The generator
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TABLE 8.1: 16-to-8 pin multiplexer logic table
DIGIT D3 D2 D1 D0 OUT PAIR PIN PAIR TG
0 0 0 0 0 0 Do Pin0  Same 1
1 0 0 0 1 1 Do 0
2 0 0 1 0 1 DObar  Pinl  Invert 0
3 0 0 1 1 0 DObar 0
4 0 1 0 0 0 Do Pin2  Same 0
5 0 1 0 1 1 0
6 0 1 1 0 1 Hi Pin3 2x1=hi 0
7 0 1 1 1 1 0
8 1 0 0 0 1 DObar  Pin4  Invert 0
9 1 0 0 1 0 0
10 1 0 1 0 1 DObar  Pin5  Invert 0
11 1 0 1 1 0 0
12 1 1 0 0 1 Hi Pin6 2x1=hi 0
13 1 1 0 1 1 0
14 1 1 1 0 0 Do Pin7  Same 0
15 1 1 1 1 1 0

has four outputs which must be connected to the rest of the circuit via wires. Each wire is
labeled DO, D1, D2, and D3. Select and STIM4 and fill in the parameters as shown in
Fig. 8.6.

The multiplexed signals are displayed in Fig. 8.7.

8.3 RANDOM ACCESS MEMORY

Random access memory (RAM) is a temporary store for data signals. One example where we
could use RAM is to implement digital reverberation used in the music industry by sampling
the voice and storing the binary output in RAM. The data is then read out from the RAM ata
short time later and applied to a DAC where it is mixed with the original signal. The schematic
in Fig. 8.8 uses the bus system as a means of connecting multilines from source output to the IC

inputs. Generator parts STIM4, STIMS, and STIM16 have four, eight, and sixteen parallel
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FIGURE 8.4: 16-8 multiplexing
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FIGURE 8.5: Placing net aliases
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COMMANDZ | | LABEL = STARTLOOP
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TIMESTEP G
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FIGURE 8.6: The parallel data signal generator STIM4

outputs for stimulating bus lines in digital circuits and are connected here using the bus system
explained previously.

Any unused lines from STIM4 and STIM16 should be terminated with a LO part.
Placing a marker on a bus will display the Probe output signal in hexadecimal format as shown

in Fig. 8.9. Digital signals displayed in Probe can sometimes occupy only a small section of the
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FIGURE 8.7: Signal waveforms
U1
[ST"V”G A[15-0] A0 1 6 R7
T A o | A0 R7 97 Re
COMMAND1 = 0s 0002 2o 3| A Ré s R5
COMMAND2 = 1us 0003 i mvaarn RS o R4 v
COMMANDS = 2us 0002 A4 5 A3 R4 >0 R3 R[7-0]
COMMAND4 = 3us 0003 A5 6 :g gg o =5
A[15-0] R 7106 Ry b2
A7 8 23 RO
A o A7 RO
A13 A9 10 28 w7 24 wz
A10 11 9 7 o5 W6
Al4 AT ] A0 W s
A3 | AT WS T WA
A12 w4 28 W3 W[7-0]
W = |
w2 STIM8
RWO 14 30 Wi v
COMMANDH = 0s 0000 RW2 RE Wi " Wo COMMAND?1 = 0s 77
COMMAND2 = 0.25us 0010 RW3 ggmmsgi = ;”5 )C(f(
COMMAND3 = 0.75us 0000 =eus
RAMB8Kx8break
COMMAND4 = 1.25us 0010 J\I/:\Q)ET?;TEZ =1us
STIM4 RW[3-0] y =
[
COMMANDS = 1.75us 0000
COMMANDS = 2us 0001
FIGURE 8.8: Investigating RAM basics
{R[7:0]} Z X 77 3
{U[7:08]3 77 t3 ¥ b
RWO T
L T I s T o
Bs 8.5us 1.8us 1.5us 2.8us 2.5us 3.08us 3.5us 4. Bus
Time

FIGURE 8.9: RAM signals

total display area. To compress any digital graphs in Probe, press the restore icon at the top

left hand section of the Probe output. This will cause a small reduction in picture size. When

the Probe screen is reduced, place the cursor at the bottom right corner and resize the graph.

Repeat for the left hand side of the graph.
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FIGURE 8.11: Digital comparator

8.4 DIGITAL COMPARATOR
The circuit in Fig. 8.10 compares two digital numbers. The input digital number is applied
with a STIM1 generator, which outputs four parallel lines to the A input lines. This number is
then compared to the number setup on the B input. We may extend the comparison to higher
values by setting pins 2, 3, and 4.

The waveforms for the digital comparator are as shown in Fig. 8.11.

8.5 SEVEN-SEGMENT DISPLAY
A BCD seven-segment decoder/driver display schematic is shown in Fig. 8.12.

PSpice has no LED display part so the next best thing is to rearrange the display resistors
as shown in Fig. 8.12. By pressing the current icon after simulating, the seven-segment display
action is roughly imitated although you may have to move the current number display a little
bit. Placing HI and LO parts on the input A B C D initiates any input data signal from 0 to
9. A is the least significant digit so that 6 is equivalent to 0110, i.e., A =LO, B =HI, C =
HI, and D = 0. The two top resistors RA and RB are simulating an off LED condition, so the
other resistors form the number six. (They are arranged in clockwise direction from top RA,

RB, RC, RD, RE, RF, and the center RG.) The number of significant digits displayed on the
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FIGURE 8.12: Seven-segment display

schematic is changed from 2 to 16 from the Analysis menu and choosing Display Results on
Schematic. Unfortunately, we cannot use this technique for dynamic signals but only for high

and low parts.

8.6 SIGNAL SOURCES
PSpice has many DC and AC generator sources. The AC sources are classified as analog,
digital, and generators that import a text file. The AC sources available in PSpice are:

. VEXP,

. VPULSE,

. VPWL,

« VSFFM, and
. VSIN

Digital generators have single and multiple outputs. The DigClock generator has a single
line output, and the Stimulus generators have multiple outputs. The current IEXP source
generates exponentially growing and decaying current waveforms, with parameters defined:

« i1  Initial current amp none

« 12 Peak current amp none

« tdl Rise (fall) delay sec 0
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FIGURE 8.14: Inside the function generator

« tcl Rise (fall) time constant sec TSTEP
« td2 Fall (rise) delay sec <td1>+TSTEP
o tc2 Fall (rise) time constant sec TSTEP

The current i1 for the first td1 seconds decays exponentially from il to i2 with time constant
tcl. The decay lasts (td2 — td1) seconds. The current decays from i2 back to il with a time
constant of tc2. The VEXP source is similar.

8.7 FUNCTION GENERATOR

The flat modular design function generator in Fig. 8.13 contains a variety of sources. Each
source has a series VDC part bias placed in series in order to separate out the waveforms in
Probe after simulation.

The generator inside is shown in Fig. 8.14.

A display of the different signals, with DC offsets, is shown in Fig. 8.15.

Pressing the FFT icon will display the frequency content but you will have to separate
the FFT displays using alt PP key stroke sequences (see index on log command usage).
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FIGURE 8.15: Function generator waveforms

8.8 IMPORTING SPEECH

The ability to import, export, and process, AUDIO/ECG/EEG files expands the horizon of
PSpice greatly. For example, apply a segment of speech to an antialiasing LPF and export
the filtered speech to hear how the filter changes the audio signal. Exporting the filtered
speech file and playing it back is done using the program ‘wav2ascii’ (written by Lee Tobin).
The second method uses Microsoft recorder/Player for recording and playing back a wavfile
and using Matlab to produce a text file which is then imported into a schematic using the

VPWL_F_RE_FOREVER generator.

8.8.1 Wav2Ascii

A very useful program, Wav2Ascii, created by Lee Tobin, produces the display in Fig. 8.16.
This program creates and writes to disc, a two-second wav file and an ASCII file equivalent
called speech.txt containing time and voltage columns. The speech is recorded at 8 bits and
sampled at 11025 Hz. Press the RecordWave/Start button to record a two-second wav file
that is written to the directory where the program is located. Press the Play button to hear the
wav2ascii.wav speech file. This also creates a text file that may be applied to a schematic using
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i Wav2Ascii - Build 4 X

—Record Wawve ———— —Clipboard Contents:
Start Play ﬂ Time Y(Lopass)
2.5e-007 0
wian/2ascll way created 5e-007 0
1.0000114440918e-008 0
2.00003433227539e-006 0
~ Reconstruct Wave 4.000080108642582-006 0
8.00017166137695e-006 0
Start Flay 1.600035476684572-005 0
3.20007209777832e-005 0
Data too smalll 45351478e-0056  6.94198927993385e-016

4.7861478e-006  8.12462160865836e-011
5.28517831757813e-005
About it 7.31268379183803e-010
5.26523935273438e-005
ﬂ3.981 43695790054=-009

| Launch YYolume Control |
Lee Tohin 2005

FIGURE 8.16: Wav to ASCII

a VPWFOREVER generator part. After simulation, we may copy the output variable from
Probe to the clipboard where it is displayed in the Clipboard Contents. Select the Reconstruct
Wave/Start icon to reconstruct the sound signal. Run the echo simulation (Fig. 8.21), and
from Probe, select V(echo) and copy using Ctrl C. Press Reconstruct Wave//Play to hear the

speech and a delay version of it. The Launch Volume Control controls the sound level.

8.8.2 Import A Speech File Into A Schematic

The speech file is imported into PSpice using a VPWL_F_RE_FOREVER part. The ABM
filter parts shown in Fig. 8.17 are used to modify the speech. We may use the program
Wav2ascii, to listen to the effects of filtering.

From the library, select VPWL_F_RE_FOREVER, and set the parameter as shown in
Fig. 8.18.

TSF and VSF are time and voltage scale factors enabling you to change the voltage and
time by any factor you deem necessary. For example, the speech displayed in Fig. 8.19 is quite
small so set VSF to 5 and simulate again. Set the Run to time to 2 s, and Maximum step size
to 10 ps. Press F11 to simulate.

Doubling the TSF doubles the time scale. Press the FFT to display the speech signal in
the frequency domains as shown in Fig. 8.20.

Create a new plot area using alt PP. Copy the existing plotted variable V(RLoad:2) at
the bottom, and paste into the new area using ctrl V. This creates two identical plots. From
the Plot menu, select Plot/unsynchronize Plot and then press the FFT icon to display the
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variable in the frequency domain. Investigate the various outputs from the ABM filters and

listen to the filter effects on the speech using the Wav2ascii program.

8.8.3 Reverberation/Echo

To illustrate the export facility, draw the schematic in Fig. 8.21 to produce an echo of the

original speech (echo is an effect used in the music industry). The delayed speech is mixed with

the original signal to enhance the original audio signal. The speech delay is achieved using a

transmission line part called T. However, this part must be correctly terminated at both ends

in a resistance equal to the characteristic impedance Zj. Select the transmission and set the

parameters as shown. Failing to this will result in reflections back toward the source. The delay

is specified in the line as {delay}. The delay can be then changed in a PARAM part.
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.65

Set the Run to time to 2 s, and Maximum step size to 10 us. Press F11 to simulate. Figure

8.22 shows plots of the original and delayed signals. What value of delay does reverberation

become an echo (a slight delay between the delay and actual speech)?

Select the variable V(echo) and copy using ctrl C. Open Notepad(© text ed-
itor and paste the copied variable v(echo) (ctrl V) and save this as a text file to
C:\Pspice\ Circuits\signalsources\speech\yourfilename.txt. From Wav2ascill screen, select

Reconstruct Wave/Start icon to reconstruct and listen to the processed sound.
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FIGURE 8.23: Microsoft sound recorder
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FIGURE 8.24: Properties of sound recorder

8.9 RECORDING A WAV FILE

Create the wav file using the Microsoft recorder shown in Fig. 8.23, and save the file to
C:\Pspice\ Circuits\signalsources\speech\speech.wav. If you don’t want to do this, then
load the text file “speech.txt” onto your hard drive.

Fig. 8.24 shows how the recorder parameters, such as the sample rate etc., may be changed
by selecting File/Properties. To keep the file small, use a sampling rate of 8000 Hz and 8 bits
mono (poor quality).

It is also possible to record a wav file from the Matlab environment. Check the file using

a playback recorder such as the Windows Media Player shown in Fig. 8.25.
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FIGURE 8.25: Windows Media Player

To import speech into PSpice we load the wav file created by the recorder program into
Matlab using a sequence of commands from the Matlab double chevron command line > (A

better technique is to create a Matlab mfile).

8.9.1 Matlab Code

This Matlab file right.m reads in a wav file from C:\Pspice\Circuits\signalsources\

speech\speech.wav

[soundsamples,fsample] = wavread
(C:\Pspice\ Circuits\

signalsources\speech\speech.wav’);

soundsc(soundsamples,fsample);
sound = sound(1:8000);

time = (1:1:length(sound))/fsample;
time = time(1:8000);

time = time’;

plot(time,sound)

right = [time sound];

save C:\Pspice\Circuits\signalsources\
speech\right.txt right -ascii;

right.m

% Reads in speech file sampled at

%tsample = 8000 Hz @8bits and returns
the samples and sample rate

% Listen to the sound

% one second of speech (64 kbits in total)

% Create a vector of time

% one second duration

% Create a column vector

% Plots in Matlab the speech file

% creates the time-amplitude vector

in two columns

% save as ASCII (time in first column).
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T

File Edit Format Wiew Help
1.0000000e-004 4.6875000e-002
I 2.0000000e-004 1.4843750e-001
| 3.0000000e-004 1.0156250e-001
4, 0000000e-004 -1.5625000e-002
| 5.0000000e-004 1.7187500e-001
6. 0000000e-004 4. 3750000e-001

FIGURE 8.26: Speech file in time-amplitude columns

File Egity, Miew Insert Format Tools Data W
0= | FRY |4 B0 [@ =8
O snagit A\E ”"_dow v,

SoEEE BT
1 1.5192744e-001 0.0000000e+000
_2 | 1.5197278e-001 0.0000000e+000
_3 | 1.5201814e-001 0.0000000e+000
_4 | 1.5206348e-001 0.0000000e+000
_5 | 1.5210884e-001 7.8125000s-003

FIGURE 8.27: Importing into Excel(©)

Fig. 8.26 shows the first column as time and the second column as voltage for the speech
file read in from the signal-sources directory using Notepad.

8.9.2 Exporting Speech

PSpice has no mechanism for playing sound files so we must export the speech in order to listen
to the effects of any signal processing. For example, we may wish to listen to the effect on the
speech file processed by a low-pass filter. To export a signal from the Probe screen, select the
trace variable name under the x-axis Probe plot. The selected variable should turn red, so apply
Ctrl C to copy it and Ctrl V to paste to the clipboard. Open up Wordpad(©) or Notepad(©
and paste in the copied variable using Ctrl V, or Edit/Paste. Two columns should appear
in the text editor area representing time and voltage (the x and y axis variables), complete
with a header on the first line. (Note: Selecting multiple traces and Copy/Paste produces the
x-axis column and multiple y-axis columns, that may be imported into Excel as shown in

Fig. 8.27.)
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FIGURE 8.28: STIM4 generator

the remaining file content as a yourname.txt file. It is now necessary to load
this text file into Matlab. Open Matlab and enter the command echoout = load
(C:\Pspice\ Circuitse\ signalsourcese\ speeche\ echoout.txt’). When you use Ctrl C on the
Probe variable, the copied variable contains time and voltage columns. However, we only
want the voltage amplitude column, so we have to remove the time column using Matlab.

echoout = echoout (:,2) %These commands are combined in the
mfile echoout.m.

echoout = load('C:\Pspice\ Circuits\

signalsources\speech\echoout.txt’); % loads signal from signalsources
echoout = echoout(:,2); % removes the time column
soundsc(echoout,16000) % Increase playback sample rate as PSpice

performs its own sampling process.
wavwrite(echoout,16000,’C:\Pspice\
Circuits\signalsources\
speech\echoout.wav’); % save as a wav file

When playing the exported signal from PSpice into Matlab, we have to double the sample
rate from the original rate.
If you do not want to use Matlab to import and export signals then use the following

program.

8.10 EXERCISES
(1) Investigate the use of the STIM4 generator in Fig. 8.28.

(2) Investigate the staircase generator shown in Fig. 8.29.
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FIGURE 8.30: ABM types

(3) Write and read data to the RAM device. How could this device be used to produce an
echo or reverb signal? Hint: Store signals from the ADC in RAM and read them back

a short time later and combine with the original signal.

(4) Investigate the ABM parts in Fig. 8.30 for use in active filters and two-port circuit
simulations.

E = voltage-controlled voltage source VCVS, F = Current-controlled current source

ICIS

G = Voltage-controlled current source VCIS, H = Current-controlled voltage source

ICVS
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TABLE 8.2: Laplace and z-Transform Table

Damped cosine e~ cos(w?)

[(s +a)?+ w?)]

e " cos(nB)

LAPLACE (t=nT = n)
FUNCTION TRANSFORM f(n) z-TRANSFORM
1 %
Unit st ¢ -
nit step u(?) : u(n) po—
Unit impulse  §(2) 1 8(n) 1
) 1 nz
Unit ramp T = N m
! e 1
Polynomial " % t" (:(_Z i—)z ) forn=2
1
Decaying e " G4 e "u(n) ” _jﬂm
exponential
Growi 1 1 1 2(1 — ™)
rowin
& a1 —ec ) (s +a)) 2 — ) alz—1)(z— e )
exponential
. . w . zsin 70
Sine sin(w?) m sin(70)u(n) Z ozt T 1
) s 2(z — cos 70)
Cosine cos(wt) m cos(70)u(n) 7~ 2zcosnd +1
. o a) an ze " sin(n0)
Damped sine e ~* sin(w¢) G F a2 1o e~ sin(n0) 7 2w T cosnd £ o2
(s +a) 2 — ze =" cos(nf)

22 — Dze=9" cos nf) + ¢—2an

Delay fle—4k) Pl fn—#) 2t
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