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Lab 1 — DSO Measurements

Vertical setup. Horizontal setup. Trigger setup. Run control. Automatic time
measurements. Automatic voltage measurements. Cursor measurements.
Reducing random noise on a signal. Frequency-domain measurement.
Aliasing. Windowing.

Introduction

The digital storage oscilloscope (DSO) is a versatile tool for the engineer. It
has the ability to sample and store voltage waveforms, giving it the ability to
“capture” transient waveforms and also the ability to perform mathematical
operations on the sample values. One very important operation is known as the
Fast Fourier Transform (FFT) which gives the DSO the ability to display the
spectral content of a waveform. Like any tool though, it has its limitations, and

careful operation is required to interpret results correctly.

Objectives

1. To become familiar with setting up a DSO.

2. To become familiar with basic time and voltage measurement techniques
using a DSO.

3. To become familiar with the FFT and aliasing when using a DSO.

Equipment

L1.1

¢ 1 Digital Storage Oscilloscope (DSO) — Agilent DSO-X 2004A with Wave Gen

e 1 Arbitrary Waveform Generator (AWG) — Agilent 33210A with Option 002
e 1 TIMS trainer with 1 adder, 1 headphone amplifier or tunable LPF

e 4mm leads (assorted colours), 2 BNC to 4mm leads, 1 BNC to 4mm

adaptor

Safety

This is a Category A laboratory experiment. Please adhere to the Category A

safety guidelines (issued separately).
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1.2

Basic Setup

Refer to the Lab You will be asked to perform various and wide-ranging tasks with the DSO, so

Equipment Guide it is important that you have the Lab Equipment Guide (LEG) as a reference.
Function Generator Setup

1. Refer to the LEG and set the arbitrary waveform generator (AWG) up for a
sinusoid of 2 kHz, with an amplitude to 5 Vp-p and 0 V DC offset.

2. Ensure the DSO has been set to its default setup configuration.
3. Connect the AWG output to Channel 1 of the DSO.
Vertical Setup

1. If necessary, set the Channel 1 position to 0.0 V with the vertical

Position knob.

2. Press and select each softkey option within the vertical setup menu
and notice that each change affects the status line and information area
differently. Adjust the vertical scale (volts/div) to 1 V/div.

Horizontal Setup

1. Turn the Horizontal knob and notice the change it makes to the status line.

2. Press [ Horiz | Toggle the Time Ref softkey to see the effect of
moving the trigger point ¥. Return the time reference to the centre.

3. Change the Time Mode to see the effect. Restore the Time Mode to

Normal and set the horizontal scale to 100 ps/div.

4. Turn the horizontal delay knob to see the effect. Push the horizontal delay

knob to reset the delay to 0.00 s.
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Trigger Setup

1. Turn the trigger Level knob and notice the changes it makes to the display.

2. Press then use the Source softkey to scroll through each of
the options and notice that each change is shown in the status line.

3. Press | Mode/Coupling | Change the Mode to see the effect on the

status line.

4. Leave the mode on Normal. Adjust the trigger level so that it is above the
positive peak of the displayed sine wave and notice the change in the status
line. Return the trigger mode to Auto and notice the effect. Move the

trigger level back to 0.0 V.

5. Change the Coupling to LF Reject and observe the display and status

line. Return the Coupling to DC.

6. Change the AWG frequency to 2 Hz. Adjust the time base to 100 ms/div.

Press and change the Time Mode to Rol1l.

7. Change the AWG wave shape to square, then ramp, then back to sinusoid.

8. Press| Run/Stop |to freeze the display. Press| Run/Stop |again to

resume acquisition and refresh the display.

9. Set the AWG to a 20 kHz sinusoid. Try to adjust the timebase to display

two cycles — note that the timebase setting is restricted in roll mode.

10. Set the Time Mode to Normal and adjust the timebase to 10 us/div.
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Run Control

Time

Press| Single | Note thatthe[ Run/Stop |button is illuminated in red

and the trigger indicator in the status line shows “Stop”.

Set the AWG for ramp. Does the displayed waveform change?

Disconnect the input from DSO channel 1. Does the displayed waveform

change?

Reconnect the input to DSO channel 1. Press [ Single | Does the

displayed waveform change?

Press| Run/Stop |to resume continuous acquisition.

-domain Measurement

Automatic Time Measurements

Press [ Meas | Notice that measurements for frequency and peak to peak

are automatically displayed for channel 1.

Change the AWG wave shape to square. Adjust the duty cycle to the

minimum available.

On the DSO, press the Type: softkey. Select buty Cycle then press

Add Measurement. Note the measured duty cycle.

Adjust the duty cycle in steps across its full range using the AWG knob.

Note the maximum duty cycle available.

Use the AWG keypad to return the duty cycle to 50%. Set the wave shape
to sinusoid. Set the frequency to 2 kHz.

Set the DSO timebase to 100 us/div.

Remove the Phase Shifter module from the TIMS trainer and set the
“Frequency Range” switch to “LO”. Carefully replace the Phase Shifter
module into the TIMS unit.
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8.

10.

Turn the TIMS trainer on. Connect the earth of the AWG lead to the green
GND terminal on the TIMS trainer. You may leave the earth of the DSO

lead floating (since it is connected to earth anyway).

Connect the AWG output to the Phase Shifter unit’s “IN” terminal.
Measure the Phase Shifter input and output on DSO Channels 1 and 2
respectively. On the Phase Shifter unit, turn the coarse and fine knobs fully

anticlockwise, and turn the £180° switch on.

Press [ Meas | Press Type and then select Phase measurement. Press

Settings and then set Source 1 to channel 2 and Source 2 to

channel 1. Press then Add Measurement. Measure the phase
difference between the two waveforms. Determine which channel (Source)
Is used as the reference by the DSO for the phase measurement. Vary the
Phase Shifter Coarse knob to see the effect. Turn off Channel 2.

Automatic Voltage Measurements

Press[ Meas | Press Source and select “Channel 17.

Press Type and select “Peak-Peak”. Press Add Measurement. Change
the measurement Type to “Average N cycles” and add this measurement
for channel 1. Change the measurement Type to “DC RMS N cycles” and
add this measurement for channel 1. You should now have three

measurements for channel 1 voltage.

Note each of the three measurements for a sinusoidal signal then change
the AWG waveform to square, then to ramp, and observe the change in the

measurements.

Set the AWG to a sinusoidal wave, and vary the DC offset up and down in
1 V steps using the AWG knob. Note the effect on the Vp-p, Vavg and
Vrms values. Return the DC offset to 0.00 V.
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The TIMS is turned
on at the back —
when on, you should
see the LEDs in the
counter section light

up

Be careful when
using the automatic
voltage
measurements — the
DSO can't
differentiate
between a noise
peak and a signal
peak



The RC LPF is
located in the
Utilities module

L1.6

Cursor Measurements

The cursor keys are useful for making custom time or voltage measurements on

a signal.

Connect a 2 V p-p, 200 Hz square wave from the AWG to the TIMS trainer
RC LPF input in the Utilities module. The RC LPF is a simple first-order
RC circuit that acts as a “lowpass filter”. Measure the AWG output with
Channel 1. Measure the RC LPF output with Channel 2.

Press[ Horiz | Setthe Time Ref softkey to Left. Set the timebase to

50 us/div. Set the vertical scale to 500 mV/div for each channel.

Press [ Cursors | Source selects a channel for the voltage (vertical)

cursor measurements. Cursors selects the cursor(s) to be positioned by

turning the cursors knob. To erase the cursor readings and remove the

cursors from the display press the button again.
Press [ Cursors | Change the cursors’ source to Channel 2 by pressing

the Source softkey.

Press the Cursors softkey and select Y1 as the active cursor. Move the
Y1 cursor to align with the bottom of the output response by rotating the

cursors knob.

Press the Cursors softkey and select Y2 as the active cursor. Move the
Y2 cursor to align with the top (steady-state value) of the output response.
Check that the cursor measurement displays AY(2)~ 2.000V .

Press the Units softkey. Press Y Units and select Ratio (%). The
cursors will now measure in percent but this measurement needs a
reference. Press Use Y Cursors As 100% to set the current Y cursor
positions as the reference values. Y1 will now show 0%, Y2 100% and
AY(2) 100%.

Move Y2 to read as close as possible to AY(2) = 63.2%.
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9. Press . Press the Cursors softkey then select X1 as the active cursor.
Position X1 to align with the vertical edge of the input square wave on

channel 1. (The timescale is the same for all channels!)

10. Select X2 as the active cursor and position it to align with the intersection

of the Y2 cursor and the channel 2 waveform.

11. Record the following measurement:

\"
A step-response for
100% a first-order system
steady-state
63.2%

T=

12. Connect the 200 Hz square wave from the AWG to the TIMS trainer
Headphone Amplifier input “A”. Measure the AWG output with Channel 1.
Measure the Headphone Amplifier “LPF” output with Channel 2.

13. Set the timebase to 200 ps/div.
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A typical step-
response for an
underdamped
second-order
system

L1.8

14. Use the cursors to record the following quantities:

vV

105%
100%
95%

P.O. = percent overshoot

steady-state

5 1/1,

15. Turn off the cursors. Turn Channel 2 off.

16. Disconnect the DSO and AWG leads from the TIMS unit.
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Reducing Random Noise on a Signal

If the signal you are applying to the DSO is noisy, you can set up the DSO to
reduce the noise on the waveform. There are two methods to reduce noise —
bandwidth limiting and averaging.

Bandwidth Limiting

This method applies the incoming signal to a lowpass filter before it is sampled
by the DSO. This method works only when the noise has very high frequency

content. The bandwidth limiter “cuts off” frequencies above 20 MHz.

1. Change the AWG waveform to a sinusoid. Set the amplitude to 20 mVp-p
and the frequency to 20 Hz.

2. Connect DSO channel 1 to the AWG output.

3. Set the vertical scale to 20 mV/div and the horizontal scale to 10 ms/div. If

necessary, press| Mode/Coupling |and select HF Reject for trigger

coupling. You should see a noisy sinusoid.
4. Press| 1 ] Pressthe B Limit softkey. The noise should be reduced.
5. Turn bandwidth limiting off by pressing the BwWw Limit softkey again.

Averaging

The second method of reducing noise works when noise is present below the
cutoff frequency of the bandwidth limit filter. First, you stabilize the displayed
waveform by removing the noise from the trigger path. Second, you reduce the

noise on the displayed waveform by averaging the samples.

1. Press| Mode/Coupling | Remove the noise from the trigger path by

turning on either Noise Rej or HF Reject (choose the one that results

in a stable trigger). The displayed sinusoid should be noisy but stable.

2. Press | Acquire

, then press the Acg Mode softkey to select

“Averaging”.

Signals and Systems Spring 2015
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Bandwidth limiting
will only help if the
signal frequency is
less than about

1 MHz.

Averaging can only
be used to clean up
a signal if the noise
is “uncorrelated”
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3. Vary the setting for # Avgs to select the number of averages that best
eliminates the noise from the displayed waveform. In this mode the DSO
calculates the average value of each point over the previous # frames of
acquired data. The higher the number of averages, the slower the displayed

waveform responds to waveform changes. Set # Avgs to 8.

4. Change the AWG wave shape to square, then ramp, then back to sinusoid

to see the effect of averaging.

5. Press the Acq Mode softkey to select “High Resolution”. This mode
averages sequential samples within the same acquisition rather than
corresponding samples from previous acquisitions. At low sweep speeds
the DSO oversamples the signal and the effective resolution is increased by
averaging samples which would otherwise be ignored. The update rate of

the display is not affected.
6. Change the AWG waveform to a sinusoid of 2 Vp-p.

7. Disconnect the lead from the DSO channel 2 BNC input (i.e. physically

remove the lead from the DSO input).

The DSO

autodetects the . .

probes attached to 8. Press the DSO’s | Auto Scale | button. If you did not disconnect the
the inputs, so it is . . . .
impor?am to remove lead from channel 2 (which has no signal, apart from noise) the DSO will

any unwanted
signals before hitting

Lheit signal, rather than setting the scales for the signal attached to channel 1 (if
utton

try to set the horizontal and vertical scales to view this “interesting” noisy

required, you can undo the effect of the Auto Scale button by choosing the

Undo Autoscale softkey).

9. Set the Channel 1 position to 0.0 V and the trigger level to 0.0 V. These

may have changed due to the Auto Scale feature.

10. Reconnect the DSO channel 2 lead to the BNC input.
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Frequency-domain Measurement

Normally, when a signal is viewed on an oscilloscope, it is viewed in the time-
domain. That is, the vertical axis is voltage and the horizontal axis is time. For
many signals, this is the most logical and intuitive way to view them. But when
the frequency content of the signal is of interest, it makes sense to view the
signal in the frequency-domain. In the frequency-domain the horizontal axis is
frequency and the vertical axis is voltage but is usually scaled in dBV (decibels
relative to 1 V RMS).

a(t)

OK ja) A AN
\VA \J' The frequency-
domain
representation, or

spectrum, is a graph
IG ()| of the sinusoids
‘ present in a signal

The Fast Fourier Transform (FFT) is an algorithm that efficiently converts a

time-domain signal into its frequency-domain representation.
Sample Rate and Frequency Resolution

1. Setup a 2.2 kHz, 4 Vp-p sinusoid on the AWG. Set the DSO vertical scale
to 1 V/div and horizontal scale to 100 ps/div.

2. Press the button and set Function to “g(t): Internal”.|

Ensure Operatoris “+”, Source 1is“1”and Source 2 is“2”.

3. Set Function to “f(t): Displayed”. Set Operator to “FFT”. Set
The DSO’s FFT

Source 1 to “g(t)”. Check the function information displayed just above function displays the
frequency content of
the softkey descriptions. It should show “f(t)=FFT(Ch1+Ch2)”. the signal

4. Use the shared position knob adjacent to the key to adjust the
offset to approximately -30 dBV.

5. Use the shared scale knob to adjust the vertical scale to 10 dB/div.
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An FFT only
displays frequencies
from O to half the
sample rate

The timebase and
sample rate are
inversely
proportional to one
another

L1.12

10.

11.

12.

13.

Turn the Horizontal knob and observe the sample rate and FFT Resolution

shown on the display. Set the horizontal scale to 1.000 ms/div.

What is the sample rate at this setting? What is the FFT Resolution?

f, = f./N =

The FFT will only display frequencies from 0 to half the sample rate, f,/2.

Set the frequency Span to 5 kHz and the Center frequency to 2.5 kHz.
The Span and Center controls can be used to zoom in on a part of the
FFT display.

Connect channel 2 to the TIMS 2 kHz Message signal in the “Master
Signals” section. Turn on channel 2 and adjust the vertical scale and
position to accommodate the signal in the display without clipping (it will

not be a stable sinusoid, but you can see the peaks).

Turn off channel 1 and channel 2 so that only the FFT is displayed. Note
that although the display of the channels is turned off the data acquisition

still takes place and the data is available to calculate the FFT.

Note that even though two sinusoids are present in the signal g(t), the DSO

only displays a single “peak”, with a fairly wide side lobe.

Change the DSO horizontal scale to 10.00 ms/div, so that the sample rate
changes to 250 kSa/s. The DSO now displays two peaks corresponding to

the two sinusoids that make up “g(t)”.

Note that the side lobes of the “peaks” are reduced and that the difference
between frequencies which can be distinguished on the display is also
reduced. This is a consequence of increasing the frequency resolution by
decreasing the sample rate. Be aware though, that although the frequency
resolution of the FFT is determined by the sample rate and number of
points calculated, the selected display settings may reduce the effective

resolution visible on the display.

Disconnect Channel 2 from the TIMS.
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Aliasing
The frequency f,/2 is also known as the folding frequency. Frequencies that
would normally appear above f,/2 (and therefore outside the range of the
FFT) are folded back into the normal range of the FFT. These unwanted
frequency components are called aliases, since they erroneously appear under
the alias of another frequency. To prevent aliasing, the DSO has to sample at
greater than twice the highest frequency in the signal being measured (twice
the bandwidth). It is therefore necessary to have some idea of the frequency

content of the signal being measured to interpret the DSO’s FFT results

correctly.
Fixed Signal with Varying Sample Rate

1. Set the AWG frequency to a triangle wave of approximately 2.6 kHz (you
will need to change the ramp symmetry to 50%). Check the waveform on

Channel 1 at 100 ps/div, then turn Channel 1 off.

2. Press| Math | Press More FFT. Press Auto Setup. This will return

the FFT frequency span and centre frequency to the default settings.

3. Set the FFT display offset to approximately -30 dBV and set the FFT

vertical scale to 10 dB/div.

4. Observe the spectrum at a sample rate of 250 kSa/s. You should observe a

spectrum similar to the following.

Fundamental

3rd
Harmonic

5th
7th
etc.
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To prevent aliasing,
we have to sample
at greater than twice
the bandwidth of the
signal

A triangle wave’s
spectrum with no
aliasing



A triangle wave’s
spectrum with
aliasing

It is important to
recognise aliasing
and take steps to
prevent it

L1.14

The leftmost spectral line is the fundamental. The next line is the 3
harmonic. The next is the 5" harmonic and so forth. The higher harmonics
are small in amplitude with the 35" harmonic just visible above the FFT
noise floor. The frequency of the 35" harmonic is 35 x 2.6 kHz = 91 kHz,
which is within the folding frequency of f,/2 (125 kSa/s). Therefore, no

significant aliasing is occurring.

5. Change to the following settings:

Sample rate

Freq Span

Center Freq

50 kSa/s

25 kHz

12.5 kHz

Now the upper harmonics of the triangle wave exceed the folding

frequency and appear as aliases in the display.

Fundamental

17th
(aliased)

6. Change the sample rate to 12.5 kSa/s, then 5 kSa/s. The frequency plot is

severely aliased.

Often the effects of aliasing are obvious, especially if you have some idea as to

the frequency content of the signal. Spectral lines may appear where no

v

3rd
Harmonic

5th

15th
(aliased)

frequency components exist.

Signals that are bandlimited (that is, have no frequency components above a
certain frequency) can be viewed alias-free by making sure that the effective

sample rate is high enough.

7th

13th
(aliased)
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Varying Signal with Fixed Sample Rate

L1.15

1. Set the AWG waveform to a sinusoid with a frequency of 6 kHz. Push

| Auto Scale |on the DSO. Turn all the channels off and observe just

the spectrum of channel 1 with the following settings.

Sample rate

Freg Span

Center Freq

25.0 kSa/s

12.5 kHz

6.25 kHz

2. Press | Cursors | and measure the frequency of the spectral peak.

Confirm that the DSO is detecting a large spectral peak at 6 kHz.

3. Increase the AWG frequency in steps of 1 kHz using the cursors and knob.

The spectral peak (representing the AWG sinusoid) should move to the

right as you increase the frequency — this is what we expect. Slowly

increase the frequency to 12 kHz.

4. Continue increasing the AWG frequency slowly. Aliasing occurs as the \We're setting the

measured signal’'s

frequency exceeds 12.5 kHz. Slowly increase the frequency from 14 kHz to bandwidth above

20 kHz. The spectral peak moves to the left on the display.

the DSO’s folding
frequency

5. Slowly decrease the AWG frequency in steps of 100 Hz so that the spectral

peak returns for the first time to the vertical cursor positioned at 6 kHz.

(The AWG’s frequency should still be greater than 12.5 kHz). The DSO is

now telling us that a frequency component exists at 6 kHz!

6. Read the frequency off the AWG display:

f, =

Record the
frequency of the
source

State the relation between the DSO’s observed frequency, the sample rate,

and the actual frequency of the sinusoid:

sto —

7. Turn the off.
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FFT replicas
producing the
desired waveform

FFT replicas
producing
discontinuities

Windowing reduces
spectral leakage
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Windowing

The FFT operates on a finite length time record, but assumes that this time
record is exactly one period of an infinitely long periodic signal. With the
waveform shown below, where an integral number of periods fits exactly

within the time record, the infinitely long signal assumed by the FFT is correct.

Vi
Y

. R —
real signal Time Record assumed signal by FFT

However, we do not normally have control over how the waveform fits into the
time record of the DSO, with the result that discontinuities are introduced by

the replication of the time record by the FFT over all time:

W |
Y

. <~
real signal Time Record assumed signal by FFT

This effect is known as leakage, and the effect in the frequency-domain is very
apparent. For the case of a single sinusoid as shown, the normally thin spectral

line will spread out in a peculiar pattern.

The solution to the problem of leakage is to force the waveform to zero at the
ends of the time record so that no discontinuity will exist when the time record
is replicated. This is accomplished by multiplying the time record by a window

function.

The window function modifies the time record and will produce its own effect
in the frequency domain, but for a properly designed window, the effect is a

vast improvement over no window at all.

The Hanning window, and it’s effect in the time-domain, is shown below:

NAPP s Y A A

real signal Hanning window assumed signal by FFT
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Even though the overall shape of a time-domain signal is changed by a
window, the frequency content remains basically the same. There are many
windows, all suited to different purposes. The Agilent DSO-X 2004A DSO has

four, and are used for the following measurements:

Window Useful for:
The Hanning and
. . Flat Top windows
Hanning making accurate frequency measurements or for <hould be used
resolving two frequencies that are close together most of the time
Flat Top making accurate amplitude measurements of frequency
peaks
Rectangular good frequency resolution and amplitude accuracy, but

only where there will be no “leakage” effects,

e.g. self-windowing or synchronized waveforms

Blackman-Harris | greatly reducing “leakage” into adjacent FFT “bins”
compared to the rectangular window, but at a cost of

reduced frequency resolution

We normally use the Hanning or Flat Top window. The Rectangular and
Blackman-Harris windows should be considered windows for special

situations.
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Windows

1. Press| Math | Pressthe More FFET softkey and ensure Window is set to

“Hanning”.

2. Set the AWG frequency to 2 kHz. Observe just the spectrum on the

following settings.

Sample rate Freg Span Center Freq Window
25.0 kSa/s 100 Hz 2.00 kHz Hanning
Sketch the spectrum:
3. Set the following.
Sample rate Freg Span Center Freq Window
25.0 kSa/s 100 Hz 2.00 kHz Flat Top

Sketch the spectrum:
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4. Set the following.

5.

L1.19

Sample rate Freq Span Center Freq Window
25.0 kSa/s 100 Hz 2.00 kHz Rectangular
Sketch the spectrum:
Set the following.
Sample rate Freg Span Center Freq Window
25.0 kSa/s 100 Hz 2.00 kHz Blackman-
Harris

Sketch the spectrum:
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Practical Exam [2 marks]
When all lab work is completed, you will be asked by a tutor to:

1. Set up a 3 Vp-p sinusoid at 3 kHz, with 3 V DC offset. Display the entire
waveform on the DSO with the 0 V reference set to the middle of the display.

2. Set the amplitude to 30 mVp-p and the DC offset to 30 mV. Set up the DSO to

get a stable, noise-free display. Use averaging if necessary.

3. Set the amplitude to 3 Vp-p and the DC offset to 0 V. Apply the AWG signal to
the IN input of the TIMS phase shifter. Set the coarse knob halfway and the

+180° switch to on. Measure the phase difference between IN and ouT.

4. Apply the AWG to the A input of a TIMS adder. Apply the 2 kHz TIMS
MESSAGE signal to the B input of the TIMS adder. Set the gain controls on the
adder module to halfway. Observe the output of the adder on channel 2 of the
DSO. Turn Channel 1 off to double the acquisition rate — Ch 1 & 2 share the
same acquisition memory. Display the spectrum using a sample rate of 10 kSa/s.

Use cursors to measure the two dominant frequencies in the signal.

e Turn off and disconnect all equipment.

Marking
Assessment item Mark Tutor Signature
1 /0.5
2 /0.5
3 /0.5
4 /0.5
TOTAL 2
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Questions [2 marks]

Encircle the correct answer, cross out the wrong answers. [one or none correct]

All questions are worth 0.2 marks each.

1. DSO Basics
(i)

The “output termination” setting of an AWG is set to 50 Q, but the output is

connected to a DSO high impedance input. The AWG amplitude is set to 2 V.

The displayed waveform on the DSO has an amplitude of:

(@) 2v (b) 4V €)1V
(i)

A DSO always takes 65536 samples before performing an FFT. By decreasing
the sample rate (e.g. from 50 kSa/s to 10 kSa/s), the resolution of the FFT will:

(@) increase (b) decrease (c) remain the same
(i)
The spectral leakage of the Hanning window, compared to the rectangular
window, is:
(@) less (b) more (c) the same
(iv)

The spectrum of a single sinusoid on a DSO that uses a rectangular window

will in general look like:

(a) (b) (©)

ten —2.49WH2 4.86k2
Ny

i

|

|

Ny Y
i

‘ " | A
e e T A LT S A B

(V)

A DSO’s sample rate is set to 100 kSa/s. The DSO display will show

ol
N\
o s s
i NM,,V«;"( v .w\..-'vm-l:‘\«"‘!'
T

frequencies in the range:

(@) 50 kHz to 50 kHz ~ (b) 0 to 100 kHz (c) 0to 50 kHz
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2. Aliasing
(i)

A signal has bandwidth B and is ideally sampled at a rate of f. Aliasing will

NOT occur when:
(@ fs<B (b) f,>B/2 (c) f;>2B
(if)
A sinusoid of frequency 13 kHz is sampled at 20 kHz. The DSO display has a
span of 0 Hz to 9.77 kHz. The display will look like:

(a) (b) (©)

ferch  a.eow 5.rren P 40D .88 0770t 1 R eorcs a.c0ue . 77102 1
1 } 1 : { | | I $

l |
M«WM w Wi .»Mw«‘aw me ‘WW ’wwww WMWWW«» w,ﬁ.w‘ M“»* e

(iii)

A 67 kHz sinusoid is ideally sampled at 100 kHz. The ideal spectrum is:

G (f)

(a) -21 -13 -l ‘ 1 113 21’ f (kHz)
G(f)+

(b) -ZOTO -13 -i o 1 11 21 f (kHz)
G (f)

(C) -zl -1[7 -13 -I/ -I; ! 1 1’ 11 11 21 f (kHz)

(iv)
A signal has a known bandwidth of 23 kHz. For maximum frequency
resolution, the DSO sample rate should be set to:

(a) 20 kSa/s (b) 50 kSa/s (c) 100 kSa/s

(V)
Only two spectral peaks are present on a DSO display, and they are known to
be parts of a single signal g(t)=cos(2f,t)cos(24f,t), where f, <5kHz and

f,=20kHz. It is desired to measure the frequency f,. For maximum

frequency resolution, the DSO sample rate should be set to:
(a) 20 kSa/s (b) 50 kSa/s (c) 100 kSa/s

Complete the questions as part of your lab report.
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Report

Only submit ONE report per lab group.
Complete the assignment cover sheet.
Ensure you have completed:

1. Lab Work — measurements and sketches.

2. Post-Lab Work — complete the multiple choice questions.

The lab report is due on the date specified in the Learning Guide.

You should hand the report directly to your tutor.
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L2.1

Lab 2 — Sampling and Reconstruction

Sampling. Reconstruction.

Introduction

Sampling is a simple yet extremely important process we perform on signals.
Once a signal is sampled, we can “process” it with digital signal processors.
We then convert the processed signal back to a continuous-time signal by a

process known as reconstruction.

Objectives

1. To become familiar with one of the most important signal processing

principles: sampling and reconstruction.

Equipment

e 1 Digital Storage Oscilloscope (DSO) — Agilent DSO-X 2004A with Wave Gen
e 1 Arbitrary Waveform Generator (AWG) — Agilent 33210A with Option 002
e 1 TIMS trainer with:

o 1 multiplier

1 headphone amplifier

(@)

1 buffer amplifier

o

o 1 master signals module

Safety

This is a Category A laboratory experiment. Please adhere to the Category A Cat. A lab

safety guidelines (issued separately).
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Sampling

Sampling is one of the most important operations we can perform on a signal.

Samples can be quantized and then operated upon digitally (digital signal

processing). Once processed, the samples are turned back into a continuous-

time waveform. (eg. CD, mobile phone!) Here we demonstrate how, if certain

parameters are right, a sampled signal can be reconstructed from its samples

almost perfectly.

Ideal sampling involves multiplying a waveform by a train of impulses. The

weights of the impulses are the sample values used by a digital signal

processor (computer). The sampling waveform can be made up of any repeated

pulse shape, such as a rect, triangle or even a sinc function:

g(t) gt)p(t)

p(t)

J\/\A/\!TL

2T T o T

Figure L2.1

Even though the sampling waveform is non-ideal, we can still perfectly

reconstruct the original waveform with an appropriate filter.

Reconstruction

Reconstruction of a waveform from its samples is accomplished by applying

the sampled signal to a lowpass filter.

G,(f)

—>

H(f) G(f)

-B 0 B f

lowpass filter

Figure L2.2
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Pre-Lab Work — Hand Analysis [0.5 mark]

1. Perform a theoretical analysis by hand on the sampling / reconstruction
scheme shown below. Note that the multiplier has an associated gain of 0.5
(-6 dB). Also, the triangle pulse train has been defined so that the base of

each triangle has a width of 2z .

e Sketch time-domain waveforms and magnitude spectra at each

point in the system.

e Determine an ideal magnitude response of the reconstruction filter
(specify gain, A, and cutoff frequency, B) to achieve reconstruction

of the original signal.

Sampling and
(M) reconstruction
9 2 scheme
sampled signal reconstructed signal
t \ \
g(t) gs(t) [ lowpass [ g,(t)
. >
2 kHz filter
p (t ) \ reconstruction filter
multiplier
gain A =-6dB
p(t)
. 1 1 e t
2Ty -Ts 0‘ Tg l 2Ty
BkH —> <—
27 = T512

Figure L2.3

Attach your hand analysis as part of your pre-lab work .
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Pre-Lab Work — MATLAB® Simulation [1 mark]

2. Perform a MATLAB® simulation of the sampling / reconstruction scheme
shown in Figure L2.4, showing ALL labelled signals as both a time-

domain waveform and a magnitude spectrum:

g(t) )
sampled signal reconstructed signal
t \ \
g(t) g,(t) | lowpass | g,(t)
. >
2 Kz filter
p (t) \It' i reconstruction filter
multiplier
gain A =-6dB
p(t)
AAKA
- | 1 1 1 t
2Ty -Tg 0‘ Tg 2Ty
25 kHz
27 = T, /2
Figure L2.4
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e Choose a MATLAB® “sample rate” of fs=500e3 and choose
N=16384 samples. Do not confuse the MATLAB® “sample rate”
with the sample rate of the sampling / reconstruction scheme we’re

simulating.
e The signal g(t) is a 2 kHz sinusoid with an amplitude of 2.

e The signal p(t) is obtained by using the MATLAB® pulstran and

tripuls functions:

fc=25e3;

Tc=1/fc;

D=0:Tc:To-Ts;

p=pulstran(t,D, 'tripuls',Tc/2);

e The multiplier has a gain of —6 dB.

e The reconstruction filter is an Elliptic lowpass filter with a cutoff
frequency of f, =3kHz . Use the MATLAB® ellip function:
[b,al=ellip(5,0.2,50,3000/ (fs/2));
The vectors b & a can be used with the MATLAB® filter function:
output=A*filter (b, a, input) ;
You will need to adjust the filter’s passband gain, 2, to achieve the

correct amplitude of the reconstructed signal.

e All time-domain waveforms should be graphed from 0 to 2

milliseconds, with a range of -2 to 2.

e All magnitude spectra should be graphed from 0 to 250 kHz, with a
range of —-80 dB to 0 dB.

Attach a hardcopy of the MATLAB® simulation and code as part of

your pre-lab work.
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Pre-Lab Work - TIMS Wiring Diagram [0.5 mark]

3. Construct a wiring diagram for the TIMS trainer that implements the

The headphone
amplifier has a gain
of 0 dB in the
passband

We need gain to
correct the
multiplier’s output —
it's attenuated

scheme shown in Figure L2.4.

e Use the 2 kHz MESSAGE output, located in the MASTER SIGNALS
module, for the sinusoid g(t).

o Use the AWG for the triangle pulse train p(t).

e Use the headphone lowpass filter for the reconstruction filter,
followed by a buffer amplifier to provide the correct passband gain
(to correct for the multiplier which has a gain of 0.5 and to provide
any additional gain required by the design of your ideal
reconstruction filter).

e Indicate the direction of signal flow on the tims wiring diagram.

4 --):(—Agllent Wﬁm:mwmm LXi )

_/
MULTIPLIER [ PHASE [MULTIPLIER | TUNEABLE | ADDER VCO 60kHzLPF | QVADRATURE)  Aupio ADDER VCO UTILITIES
SHIFTER LPF oS |osciLLATOR o
& & 3 DATA T ° ° DATA T REF
e COARSE L @ @ @ swe cosle @ oCOMPARATURo
TUNE ° G GAIN @ @ ° G GAIN @
o 2 |o : © 2 o o © | O |9..°
X X GAIN f, N ouT1 = T
- “ v o o
8, | o | & ol ® | & [
[+ 0|0 o0 0|0 olo’ [« 0|0 [+ 0|0 ' o|0 [+ [+
Y KXY N out Y KXY IN out B GA+gB| Vi sn(ot) IN out IN2 ouT2 sinfot) B GA+gB| Vi sn(ot) RC LPF
VARABLE | BUFFER | MASTER FREQUENCY COUNTER TRUNKS | SCOPE  |HEADPHONE
DC AMPLIFIERS | SIGNALS PANEL | SELECTOR | AMPLIFIER
COUNTS
g @ ° SIGNAL 1 ° @A LPF SELECT
| sin(ot) 8 N @ out
@ o ki o C@,{,’gﬁ—gu OVER kHz| sonaz @ o & o
A KA CH1 LPF
: o Lg ANgoe 01 5108 saws 0|0
83kHz : A
* @ ek g GATETIVE j/‘é\ COUNTS N O @E @
olo "oz 0| 0 © o wol|9 ~lo" e
G | 8 kB sn(wt) TTL TTLENABLE RESET O B CH2 A *

Construct a tims wiring diagram on the above picture as part of your pre-lab work.
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Lab Work [1 mark]

. Wire up the sampling and reconstruction scheme, following your TIMS

wiring diagram from the pre-lab work.

. To set up the triangle pulse train, use the AWG to create a new waveform

(using the waveform editor) with 3 interpolated points that looks like:

\% #2
l ,,,,,,,,,,,,,,,,,,,,,,,,
|
#1 | #3
0 | » |
0 10 20 40 15

Refer to the Lab Equipment Guide (LEG) for further information on
setting up the AWG.

. Don’t forget to add a buffer amplifier after the reconstruction filter

(headphone LPF) to achieve the desired passband gain of your design.

. To minimise noise, connect the AWG black lead to the TIMS GND

terminal.
Ensure the TIMS MULTIPLIER switch is set to DC.

. On the following graphs, sketch the time-domain waveform and the
corresponding magnitude spectrum.
Choose scales that correspond to your MATLAB® simulations.

Use the following settings for the FFT:

Sample rate Freq Span Center Freq Window

500 kSa/s 250 kHz 125 kHz Hanning

Set the Offset of the FFT to ~ -40 dB, and the Scale to 10 dB/div.

Signals and Systems Spring 2015
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Time-domain view
of original sinusoid

Magnitude spectrum
of original sinusoid
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Time-domain view
of uniform triangle

pulse train

Magnitude spectrum
of uniform triangle

pulse train
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Time-domain view
of sampled sinusoid

Magnitude spectrum
of sampled sinusoid
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Time-domain view
of reconstructed

sinusoid

Magnitude spectrum
of reconstructed

sinusoid
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Questions [1 mark]

Encircle the correct answer, cross out the wrong answers. [one or none correct]

All questions are worth 0.1 marks each.

1. Sampling
(i)

The signal g(t)=1ri(L00t) is ideally sampled at a rate of f, =800 Sa/s. The

resulting spectrum is:

G(f) 8 sinc?
| Y Y| Y | =5
G 8 tri
L I ] /\ /\ \ /\/ /\ * e e
(b) -léOO — -éOO — 0 — 860 — léOO ‘ f
e,
T R .
(C) -1600 -800 0 800 1600

(i)

The number of sample values, N, required to yield enough information to

exactly describe the signal x(t)=8+3cos(87t)+9sin(4t) is:

@N>3 (b)N>4 (c) infinite
(iii)

The Nyquist rate for the signal x(t)= rect(300t) is:

(a) 150 Sa/s (b) 300 Sa/s (c) infinite
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(iv)

The band-limited signal g(t)=sinc(t/4)cos(22t) is ideally sampled at a rate

f, =4Sals . The resulting spectrum is:

G(f)

Sy
(@
N
(o]

(©) K

(V)
A 2 kHz sinusoid is multiplied by a 5% duty cycle 33 kHz square wave. The
spectrum looks like:

FFLO1D —E1.0kHz 1Z22kH=z £2 RUN

(@)

£FEC1) ¢ 122kHz  244kHz £1 STOP

(b)

£1 STOP

M,_«

(©)
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2. Reconstruction

(1)

A 50% duty cycle 20 kHz square wave is one input to a multiplier. The other

input is a sinusoid of 2 kHz. The finite pulse width of the square wave
(compared to an impulse) will cause the multiplier output spectrum to:

(a) be weighted continuously by a sinc function.

(b) have repeats of the original spectrum spaced by 20 kHz.

(c) have repeats of the original spectrum spaced by 40 kHz.

(if)

A signal x(t) with bandwidth B is bandlimited to f_,/2 Hz before sampling at

a rate of f,_ Sa/s. Perfect reconstruction of x(t) from its samples, using an
ideal LPF with cutoff frequency f, Hz will only occur when:
(@ B<f,<f,/2 (b) B< f, < f, (c) f,/2<B<f,
D)

In the time-domain, ideal reconstruction of a waveform from its samples is

achieved by:
(a) using the samples to weight a train of impulses.
(b) linearly interpolating between samples.
(c) holding the samples for a sample period.

(iv)

A signal has a bandwidth B and is ideally sampled at a frequency of f, =3B.

The original signal can be recovered by an ideal LPF with cutoff frequency:

(@) 2B (b) 3B (c) 4B
(V)
sampled
‘H ‘ .| sinusoid 0
LU - Ti - TTJ’ — > >
m 'i ﬂﬂ ot
ideal lowpass filter

(a) The input spectrum is convolved with H(f).
(b) The output is a stair-case waveform with a similar shape to a sinusoid.
(c) If B is equal to half the sample rate then the output is a sinusoid.

Complete the questions as part of your lab report.
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Report

Only submit ONE report per lab group.
Complete the assignment cover sheet and attach your pre-lab work.
Ensure you have completed:

1. Pre-Lab Work — hand analysis, MATLAB® simulation and TIMS wiring

diagram.

2. Lab Work — sketches of the time-domain waveforms and magnitude

spectra.

3. Post-Lab Work — complete the multiple choice questions.

The lab report is due on the date specified in the Learning Guide.

You should hand the report directly to your tutor.
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L3.1

Lab 3 — First-Order Systems

Frequency response. Step response.
Introduction

A first-order continuous-time system is one characterised by a first-order
differential equation. Many real systems are modelled as first-order systems

due to the relatively simple mathematics associated with them.

First-order systems can be characterised with two parameters — a gain K and a
time constant T. We usually seek out these two numbers by performing two
types of test on the system (but only if we can model the system as a first-order

system!).

The frequency response of a system is a powerful description of a system. We
have already seen that it completely specifies the system behaviour for any
input (frequency response is the FT of the impulse response!) It tells us the
order of the system, and whether or not a first-order model of the system is

valid. We can get the constants K and T directly from the frequency response.

The step response is a familiar and important response for a system when
viewed in the time-domain. By taking various measurements in the time-
domain, we can find K and T. We normally do this to verify those values

obtained from the frequency response.

The system we will be characterising will be an electronic system (a circuit

with op-amps), but the techniques will be applicable for any system.

Objectives

1. To measure the frequency response of a system.

2. To determine a system’s order, and to measure parameters that will

completely characterise the system.

3. To verify a system’s model by measuring parameters in the time-domain.
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Equipment
o 1 Digital Storage Oscilloscope (DSO) — Agilent DSO-X 2004A with Wave Gen
e 1 Arbitrary Waveform Generator (AWG) — Agilent 33210A with Option 002
e 1 state variable filter
e 4mm leads (assorted colours), BNC to 4mm adaptors

Note

Quality!!!
In this lab, “draw” means to make an accurate recording — one

showing times and amplitudes as accurately as possible — this is the

only way to interpret results after leaving the lab. Quick sketches are

not acceptable — and are almost certainly useless when it comes to tying
up theory with practice.

“Sketch” means to quickly give an overview, but showing important

features.

Safety

Cat. A lab This is a Category A laboratory experiment. Please adhere to the Category A
safety guidelines (issued separately).
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Pre-Lab Work — Hand Analysis [1 mark]

Single First-Order System

1. Show that the circuit:

First-order circuit

;% 2300
>—| I—{I R3
Cy AN

Ro 680 nF 10 kO

Vinte—AAA ¢ R>
2700 ' WS kg ' » — Voutz

Figure L3.1

can be represented by the block diagram:

Vinl—, 1 -1/C, 1 ‘R —Vout>2
R, s+ 1/R,C, R, 3
Figure L3.2

2. By comparing the transfer function of the system in Figure L3.2 with the

standard form of a first-order lowpass transfer function,

T(s)= K, | (L3.1)
1+5sT,

write expressions for K, and T, in terms of R’s and C’s.

3. Which circuit element(s) may be used to set the location of the pole?

4. For the element values shown in Figure L3.1, calculate K; and T, .
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Second-order circuit

L.3.4

10.

11.

Draw a pole-zero plot for the circuit.

Determine theoretical expressions for the magnitude response and phase

response of the circuit.
Sketch a magnitude and phase Bode plot for the circuit.

Determine the theoretical expression for the unit-step response of the

circuit, in terms of K, and T, .

If the settling time is defined as t, =4T,, what is the unit-step response
value after a time t_, as a percentage of the steady-state value? How can

this be used to experimentally measure T, ?
What is the unit-step response value after a time T,, as a percentage of the
steady-state value? How can this be used to experimentally measure T, ?

What is the initial slope of the unit-step response? How can this be used to

experimentally measure T, ?

Cascaded First-Order Systems

12.

Determine the transfer function of the following second-order circuit:

Vin

;;7 2300
Rs 4, 1200

»—| |—< R,
C, — A 4 .
Ro 680 nF . 10 KO Cs
1(—‘\/\/\,—1 2 I:\>4 680 nF
2700 } 5 v : AN/,
5kQ 2700 O Vout3

13.
14.

Figure L3.3

Draw a pole-zero plot for the circuit.

Sketch a magnitude and phase Bode plot for the circuit.

Attach your hand analysis as part of your pre-lab work.
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Pre-Lab Work — MATLAB® Simulation [1 mark]

1. Use MATLAB® to plot the theoretical frequency response and step
response of the first-order circuit shown in Figure L3.1 and the second-

order circuit shown in Figure L3.3.

e You can create a log-spaced frequency vector using the MATLAB®

logspace function:
f=logspace (loglO(fl),logl0(£2),100); w=2*pi*f;
e The theoretical frequency response can be obtained with the MATLAB®
fregs function:

H=fregs (b,a,w);
The vectors b and a are the numerator and denominator coefficient

vectors of the transfer function, respectively.

e Use the following tables for the frequency response scales:

First-order Circuit Horizontal axis Vertical axis
Magnitude Response | 46 Hz< f <46 kHz -50dB < 20Iog|T| <10dB
Phase Response 46 Hz < f <46 kHz —90°< AT <L0°

Frequency
Second-order Circuit Horizontal axis Vertical axis response
Magnitude Response | 46 Hz< f <46kHz | -50dB< 20 log|T} <10dB scales
Phase Response 46 Hz< f <46 kHz 0°< /T <180°

e The theoretical step response can be obtained with the MATLAB® step

function.

e Use the following tables for the step response scales:

First-order Circuit Horizontal axis Vertical axis
Step Response Oms<t<1ms 0V <y, ,t)<2V
Step response
Second-order Circuit Horizontal axis Vertical axis scales
Step Response oms<t<lms -1V <y, () <0V

Bring print-outs of your frequency response, step response and MATLAB® code

to the lab as part of your pre-lab work.
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Lab Work [0.5 mark]

Frequency Response

Refer to the Lab

Equipment Guide 1. Set up the SVF to give the circuit in Figure L3.3. Don’t forget to remove

the link joining Vout3 to Vin1’.

2. Examine the circuit in Figure L3.1 to determine its input impedance. Now
set the AWG output Load setting to match the input impedance of the
circuit. This will ensure that the amplitude settings on the AWG display

will match the actual physical voltage appearing at the AWG terminals.
First-Order Frequency Response

3. Measure the first-order frequency response V,,,/Vi.: -

(kI: ) Vi Vowel | Vauel/[Vins ZVDUQ(_)AVM
Z [e]
The desired (V) (V) (dB)

frequencies are 0.010
linearly spaced on a
log-scale

0.022

0.046

0.100

0.215

0.464

1.00

2.15

4.64

10.0

21.5

46.4

100.0
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Second-Order Frequency Response

4. Measure the second-order frequency response V, ./ Vi, -

f |Vi”1| |V0Ut3| |Vout3|/|vin1| ZVout?,o_ ZVinl
(o | ) V) (8) ©)

0.010

0.022

0.046

0.100

0.215

0.464

1.00

2.15

4.64

10.0

215
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Step Response

The step response is the response of a system to a step input.

Use a low frequency square wave for step response!

We're just making a Since we’re going to be looking at the step response using a repetitive
“step” using a waveform, we need to set up a square wave with a period long enough to look

square wave
like a step — in other words the output should be steady within half a period.

1. Setthe AWG to generate a0 V to 1 V, 100 Hz square wave.

2. Press| Horiz | Setthe Time Ref softkey to Left. This positions the
trigger point on the oscilloscope one division from the left edge of the

screen (which will maximise the view of the transient response).

3. Set the reference level (-=L) for the DSO channels one division from the
bottom of the display. This will maximise the viewing area of the step

response:

1 a00%s 2 s00% 3 0.0s o00.0%¢ Auto

w

-
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First-Order Step Response

4. Measure the time constant T, of the first-order circuit using each of the

5.

three methods below:

Settling time One time constant Initial slope
v(t,)=0.98v,, dv| v
ts ~ 4T1 V(Tl) = 0-63\/55 dt o Tl
Answer: Answer: Answer:
T, = T, = T, =

Measure the constant K, used in the transfer function of Eq. (L3.1).

Answer:

K, =

Signals and Systems Spring 2015
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6. Sketch the step response of the fist-order circuit:

Second-Order Step Response

7. Invert the output of the second-order circuit using the DSO. Sketch the step
response, showing clearly the difference between this and the first-order

step response (which occurs near time t =0):
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Questions [1 mark]

Encircle the correct answer, cross out the wrong answers. [one or none correct]

All questions are worth 0.1 marks each.

1. Freguency Responses

(i)
agm, dB Asymptotic straight
20 line approximation of a
0 I S first-order magnitude
-20 response. The transfer
-40 -
01 1 10 100 1000 function is:
4.5 13 135
a) T(s)=—— b) T(S)=——— c) T(s)=
@ () s+30 () () 1+5/607 © () s+30
(ii)
The phase response of an all-pole 2"%-order lowpass system may vary between:
(@) 0 and -90° (b) -90° and +90° (c) -180° and -360°
(i)

The pole-zero plot corresponding to two identical unbuffered first-order

systems in cascade is:

(@) ' (b)

(c)
(iv)
A,g(l)a The pole-zero plot
0 corresponding to the
1 10 100 1000 o rad/s asymptotic Bode plot
is:
jo jw} jo
(a)wa (b) © ° e (c)wa
(V)
The phase response of an RC circuit varies from 0° to 90°. The circuit is:
(@) highpass (b) lowpass (c) bandpass
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2. Step Responses

(i) o
T(s)= K The DC gain is:
1+sT
(@ KT (b) K/T (c) K
(i)
5007 211500T i ~—o.0052. 1005‘5/ : :51 STOP
.................. :__ Step response of a
i [ S e e e e e s system. Assuming a
i wd - first-order system, the
it e e s o e transfer function is
1560 3333 3120
a) T(s)= T(s)= c) T(s)=
@ T() 4000 (®) ()s+6667 © ()s+4000
(iii)
a Unit-step response of a
ae-at
_ ¢ system. The system is:
(@) lowpass (b) highpass (c) unstable
(iv)
steady-state ~
0.6 Step response of a first-
tangent to order system. The time
initial slope constant is:
0.8 t (ms)
(@) 0.75ms (b) 1.333 ms (c) 0.6 ms
(V)

The unit-step response of a first-order system was found to have a steady-state
value of 0.8. The time it took for the output to rise to 80% of the steady-state

value was 3.219 s. The impulse response of the system is:
@ 1.66_2t (0) O.8e—t/3.219 © O.4e_t/2

Complete the questions as part of your lab report.
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L.3.13

Report

Only submit ONE report per lab group.

Complete the assignment cover sheet and attach your pre-lab work.
Ensure you have completed:

1. Pre-Lab Work — hand analysis and MATLAB® simulations.

2. Lab Work — frequency response tables and step response calculations.

3. Post-Lab Work — complete the multiple choice questions. Modify your

MATLAB® code to plot your experimental frequency response results on

top of your theoretical pre-lab work.

The lab report is due on the date specified in the Learning Guide.

You should hand the report directly to your tutor.
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L4.1

Lab 4 — Modulation and Demodulation
QAM modulation. QAM demodulation.
Introduction

Modulation is the process by which some characteristic (amplitude, frequency
or phase) of a carrier sinusoid is varied in accordance with a message signal.

We modulate high frequency carriers to achieve:
e sharing of the limited electromagnetic spectrum
o efficient transmission and reception with small antennas

Demodulation is the process of recovering the message signal from a part of
the total spectrum. There is usually more than one way to demodulate a signal.
We choose the method depending on circuit complexity and performance

criteria.

Objectives

1. To become familiar with one of the most important signal processing

principles: modulation and demodulation

Equipment

e 1 Digital Storage Oscilloscope (DSO) — Agilent DSO-X 2004A with Wave Gen

e 1 Arbitrary Waveform Generator (AWG) — Agilent 33210A with Option 002

e 1 TIMS trainer with:
o 2 multipliers
o 1adder
o 160 kHz lowpass filter (or 1 twin)
o 1 phase shifter (HI frequency range)

Safety

This is a Category A laboratory experiment. Please adhere to the Category A Cat. A lab

safety guidelines (issued separately).
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1.4.2

Modulation

Let g(t) be a message signal such as an audio signal that is to be transmitted
through a cable or the atmosphere. In amplitude modulation (AM), the message
signal modifies (or modulates) the amplitude of a carrier sinusoid cos(2f t).
In one form of AM transmission, two messages that occupy the same part of
the spectrum can be sent by combining their spectra in quadrature. If the first

message signal g, (t) is multiplied by a carrier cos(2xf.t), then the second

message signal g,(t) is multiplied by sin(2zf.t). The process is illustrated

below:
QAM modulation
Multiplier Adder
g (t) \ + 9 oau(t) = modulated signal
1
Local —
Oscillators

Figure L4.1

The local oscillators in Figure L4.1 are devices that produce sinusoidal signals.

One oscillator is cos(24f.t). The other oscillator has a phase which is said to
be in quadrature, or a phase of —7z/2 with respect to the first oscillator, to
give sin(2zf t). The multiplier is implemented with a non-linear device and the

adder is a simple op-amp circuit (for input signals with a bandwidth less than
1 MHz).
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The spectrum of the modulated signal has two parts in quadrature. Each part is
a replica of the original message spectrum but “shifted up” in frequency. The
parts do not “interfere” since the first message forms the real (or in-phase, I)
part of the modulated spectrum and the second message forms the imaginary
(or quadrature, Q) part. An abstract view of the spectrum showing its real and

Imaginary parts is shown below:

G,(f) G,(f)

f f
original message spectra

QAM spectrum

Figure L4. 2

Normally, we represent a spectrum by its magnitude and phase, and not its real
and imaginary parts, but in this case it is easier to picture the spectrum in

“rectangular coordinates” rather than “polar coordinates”.

If the spectrum of both message signals is bandlimited to B Hz, then the

modulated signal spectrum has an upper sideband from f_ to f.+B and a

lower sideband from f,—B to f..

The appearance of the modulated signal in the time domain is that of a sinusoid
with a time-varying amplitude and phase, but since the amplitude of the
quadrature components (cos and sin) of the carrier vary in proportion to the
message signals, this modulation technique is called quadrature amplitude

modulation, or QAM for short.

Signals and Systems Spring 2015
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L4.4

Demodulation

The reconstruction of g,(t) and g,(t) from ggay(t) is called demodulation.

There are several ways to demodulate the QAM signal - we will consider a

simple analog method called coherent (or synchronous) demodulation.

Coherent Demodulation

Coherent QAM
demodulation

9 oam(t) cos(2z f 1)

lowpass | 9.(1)
filter

cos(2r f.1)
9 V) i

sin(27 f.t)
g (t)sin@x ft)

QAM

lowpass | 941
filter

Figure L4.3

The first stage of the demodulation process involves applying the modulated
waveform goa(t) to two separate multipliers. The other signals applied to
each multiplier are local oscillators (in quadrature again) which are assumed to
be synchronized with the modulator, i.e. the frequency and phase of the
demodulator’s local oscillators are exactly the same as the frequency and phase

of the modulator’s local oscillators. The signals g,(t) and g,(t) can be

“extracted” from the output of each multiplier by lowpass filtering.
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L4.5

Pre-Lab Work — Hand Analysis [1 mark]

1. Perform a theoretical analysis by hand on the modulation / demodulation

scheme shown below. Sketch time-domain waveforms and spectra
(magnitude and phase) at each point in the system. The signal g,(t) is a
2 kHzsinusoid with an amplitude of 2V, and the signal g,(t) is a

6 kHz sinusoid with an amplitude of 2 V. The modulator’s local oscillator

I,(t) is a 100 kHz sinusoid, with an amplitude of 2 V.
Note that the multipliers have a gain of —6 dB.

Determine the magnitude responses of the lowpass filters to achieve ideal
demodulation of the original signal.

Modulation and
coherent
multiplier multiplier demodulation
gain A =-6dB gain A =-6dB scheme
~ Gou ) N0 (t g,(t)
gl(i)*) g.(t) + o )" |$;?$rass 1}
+ transmission
medium
1(t)
Il(t):2c_os(2nfct )
,(t)=2sin(2nf t)
1(t)
t)
g,(t) 9
gt) | i2 lowpass >
filter
modulator demodulator

Figure L4.4

Attach your hand analysis as part of your pre-lab work .

Signals and Systems Spring 2015



4.6

Pre-Lab Work — MATLAB® Simulation [1 mark]

2. Perform a MATLAB® simulation of the modulation / demodulation

scheme, showing ALL signals as both a time-domain waveform and a

magnitude spectrum:

Choose a MATLAB® “sample rate” of £s=500e3 and choose

N=16384 samples.

The signal g,(t) is a 2kHz sinusoid with an amplitude of 2.
The signal g, (t) is a 6 kHz sinusoid with an amplitude of 2.

The local oscillator I,(t) is a sinusoid with frequency f, =100 kHz

and amplitude of 2V.

The lowpass filter is an Elliptic filter with a cutoff frequency of
60 kHz. It can be created with the following MATLAB® ellip

function:

[b,al=ellip(5,0.1,50,60000/ (fs/2));
The vectors b and a can be used with the MATLAB® filter function.
You may need to adjust the magnitude of the filter response to

achieve the correct amplitude in the reconstruction of the signal.

All time-domain waveforms should extend from 0 to 0.5

milliseconds, with a range of —4 to 4.

All magnitude spectra should extend from 0 to 250 kHz, with a
range of —70 dB to 10 dB.

Attach a hardcopy of the MATLAB® simulation and code as part of your pre-lab work.
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L4.7

Pre-Lab Work - TIMS Wiring Diagram [0.5 marks]

In the lab we will demodulate each message individually rather than
simultaneously (this is due to the limitations of the TIMS multipliers —
specifically, they introduce an additional phase shift that needs to be
compensated for in the demodulator). We will therefore implement the

demodulator as:

9ot cos(2z f t+¢)

9 () / lowpass | 9.(1)
filter
% (1)

phase
shifter

é} cos(2r f 1)

Figure L4.5

The theoretical output of the demodulator will be:
94 (t) = gl(t)cos¢ + gz(t)Sin ¢

Thus, if we set the phase shifter to 0°, then we will demodulate g, (t), and if we
set it to -90°, we will demodulate g,(t). In practice, the phase needs to be set

to compensate for the TIMS multipliers as well.

If the phase is not set to obtain either of the message signals alone (e.g. -45°)
then the output of the demodulator will be a “mixture” of the two message

signals.
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L.4.8

3. Construct a wiring diagram for the TIMS trainer that implements the
modulation scheme shown in Figure L4.4 and the demodulation scheme

shown in Figure L4.5.

e Use the 100 kHz CARRIER outputs, located in the MASTER SIGNALS

module, for the local oscillators 1, (t) and 1, (t).

o Use the 2 KHz MESSAGE output for g, (t), and the AWG for g,(t).

We need gain to

correct for e Use the 60 kHz lowpass filter for the demodulator filter, and set the

attenuations . .
throughout the gain manually to restore the demodulated waveform to its correct
system. amplitude.
r# Agilent i&::mdmfmmmmm LXi )
H Y &)
o) (e 520 ololo
) ) dD
Local Sync ‘Output
® ()
L ¥
MULTIPLIER PHASE  |MULTIPLIER | TUNEABLE ADDER  |MULTIPLIER | 60kHzLPF |MULTIPLIER | 60kHzLPF ADDER \VCO UTILITIES
SHIFTER LPF oloe
e ¢ ° ¢ be DATA | rer
@ % cLK @ A@g ,@C @ o o
TUNE ° G o S GAN @ COMPARATOR
° O o o | ° @ lo Pk D
8, | © o | & |%.°
© 9jo 9|9 o9fe 9|0 90 oo o9jo olo olo 9]0 olo o
VARIABLE BUFFER MASTER FREQUENCY COUNTER TRUNKS SCOPE HEADPHONE
DC AVIPLIFIERS | SIGNALS PANEL SELECTOR | AMPLIFIER
3 @ (_ ﬁlb — SIGNAL 1 ° @: LPF%.ECT
N cklz — @ [over wiz] sevaz © o
© |0 o © o
= A KA Lo o .o SONAL3 ° oB CH1 LPF
° 8.3kHz o ANALOG 0._1;/\—/ A
” @ ek g GATE TIME ®\ COUNTS v O @B @
oo " of . -3 -) L) wo|9 Llo e
oo | B P sy TIL TTCENABLE RESET o: = |° “

Construct a TIMS wiring diagram on the above picture as part of your pre-lab work.
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Lab Work [0.5 mark]

. Wire up the modulation and demodulation scheme, following your TIMS

wiring diagram from the pre-lab work.

. To minimise noise, connect the AWG black lead to the TIMS GND

terminal.

Set the Phase Shifter to the “HI” range by pulling the module out of the
TIMS and setting the Frequency Range to HI. Reinsert the module.

PCB VIEW

Frequenc; HI
Range LO

. Adjust the gain of the 60 kHz lowpass filter to achieve the correct

amplitude of the demodulated sinusoid.

. On the following graphs, sketch the time-domain waveform and the
corresponding magnitude spectrum.
Choose scales that correspond to your MATLAB® simulations.

Use the following settings for the FFT:

Sample rate Freg Span Center Freq Window

500 kSa/s 250 kHz 125 kHz Hanning

Set the Offset of the FFT to ~ -30 dB, and the Scale to 10 dB/div.

Signals and Systems Spring 2015
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1.4.10

Time-domain view
of sinusoid
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of sinusoid
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1L 4.11
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Time-domain view
of the modulator’s
multiplier output

Magnitude spectrum
of the modulator’'s
multiplier output
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1.4.12

+ 9ol D)

Joamlt)

Time-domain view
of QAM signal
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Magnitude spectrum
of QAM signal
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1.4.13

6. Observe the output of the demodulator in the time-domain. Vary the phase

of the local oscillator with the Phase Shifter to demodulate g, (t). Observe

the signal at the INPUT of the lowpass filter.

gil(t)

Time-domain view
of QAM signal after
multiplication with a
local oscillator

I T T T T T T T T T A I

LI O B B B O

Gu(f)

Magnitude spectrum
of QAM signal after

multiplication with a

local oscillator

TN T T T T T T N T A B
LI O O
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7. Observe the signal at the OUTPUT of the lowpass filter.

oant) 9;{0) T— 9y,(D)

filter

Qa1 (t)
Time-domain view I
of demodulated T
signal I
Gaa(F)

Magnitude spectrum
of demodulated

TN
T

signal

TN
T

TN
T

TN
T

TR
T

TN
T

TN
T

TN
T
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L4.15

8. Observe the output of the demodulator in the time-domain. Vary the phase

of the local oscillator with the Phase Shifter to demodulate g, (t). Observe

the signal at the INPUT of the lowpass filter.

9io(t)

Time-domain view
of QAM signal after
multiplication with a
local oscillator

I T T T T T T T T T A I

LI O B B B O

Gio(f)

Magnitude spectrum
of QAM signal after

multiplication with a

local oscillator

TN T T T T T T N T A B
LI O O
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1.4.16

9. Observe the signal at the OUTPUT of the lowpass filter.

oant D) 9;41) g,4t)

lowpass
filter

942 (t)
Time-domain view 1
of demodulated T
signal 1
Gy ()

Magnitude spectrum
of demodulated

TN
T

signal

TN
T

TN
T

TN
T

TR
T

TN
T

TN
T

TN
T
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L4.17

Sharing the Spectrum

1. Set the horizontal scale to 200 ps/div.

2. Practice using the Coarse knob of the phase shifter to extract either the

2 kHz message signal g, (t) or the 6 kHz message signal g, (t).

3. Now create a new gz(t) message signal by implementing the following:

g(t) RC g,(1)
Il LPF >
TIMS MODULE

The new g,(t) message is therefore a square wave that has been

“bandlimited” — i.e. it’s high frequency components have been attenuated
to such a degree that the resulting signal can be said to have finite

bandwidth. Note that gz(t) has a fundamental frequency of 1 kHz and

higher harmonics. It’s spectrum therefore “overlaps” the spectrum of gl(t).

4. Check that the QAM scheme still works, even when the two message
signals have similar spectra, i.e. use the Coarse knob of the phase shifter to
extract either the message signal g, (t) or the message signal g,(t) (you
will observe a strange wave shape when the demodulator is mixing the two

signals).
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1.4.18

Questions [1 mark]

Encircle the correct answer, cross out the wrong answers. [one or none correct]

All questions are worth 0.1 marks each.

1. Modulation
()

f, =23 kHz
m, (t) = cos(20007t)

m, (t) = cos(4000t)

The output spectrum is:

(a) -27 -21 21 27
1jj1 1-j-j1
-25 -19 19 25 f (kHZ)
(b) -27 -21 21 27
1 o 1 (-]
% / 45 W{ % / -45
© 23 23 f (kHz)
(i)
In QAM modulation, message signal variations are evident in the carrier’s:
(a) amplitude only (b) phase only (c) amplitude and phase
(iii)

In QAM modulation, if the phases of the demodulator local oscillators are -90°

out of phase with respect to the ideal, then the “message 1” output will be:

(a) zero (b) message 2 (c) inverted message 2
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1.4.19

(iv)

A 2 kHz sinusoid is applied as one message signal to a QAM modulator with a
33 kHz local oscillator. The other message signal is zero. The resulting time-

domain output looks like:

S00Y ¢.—0.00s 1008/ £1 RUN

al

1 2009 £0.00s 1002/ £1 STOP
= 5 5 = Y B X B :
B
i
8|
. £l
!
i i Lt i el

500% —0.00s 1002/ £1 STOP

The magnitude
spectrum after
multiplying the signal
g(t) by sin(2at)is:

(@) (b) (©)
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1.4.20

2. Demodulation

(i)
1/2
D) The output magnitude
L) |, spectrum resembles
M (100 kHz frequency
cos(2net) 33 33 f(kHz) Span):
@ WWWWMMM Wi
(b) - :
(©
(i)

A local oscillator in a QAM coherent demodulation scheme is out of phase
with the modulator’s local oscillator by -45° (the frequency is the same). The
two modulator input messages are a sinusoid with a power of 0 dB, and zero.

One of the demodulator’s outputs will be a sinusoid with a power of:

(2) 0 dB (b) —20 dB (c) -3 dB
(iii)

A 6 kHz sinusoid has been QAM modulated with a 23 kHz carrier. A coherent

demodulator filter should span:

(@) 0 kHz to 23 kHz (b) 6 kHz to 44 kHz (c) 0 kHz to 46 kHz
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(iv)

-Tos o4 1/294101006f(kHz) The OUtpUtin the time-
LN |, domain looks like:
cos(2nf t)
-100 100 f(kHZ)
e |
PRI {111 I E?'
4
ﬂuﬁvnununuﬁn il
Ll
) %SOOM : _0005 SOOW ....... ! RUN

1/2
LPF g(t) ;
-25 21 21 25 £ (iKHy) ;I‘n‘zggé*’ The magnltUde of the
LO(f) resulting sinusoid is:
jre -jr2
sin2 nf.f)
kS 3 f(kHz)
(@) 1/4 (b) 1/2 (c) zero

Complete the questions as part of your lab report.
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1.4.22

Report

Only submit ONE report per lab group.
Complete the assignment cover sheet and attach your pre-lab work.
Ensure you have completed:

1. Pre-Lab Work — hand analysis, MATLAB® simulation and TIMS wiring

diagram.

2. Lab Work — sketches of the time-domain waveforms and magnitude spectra

at each point in the system.

3. Post-Lab Work — multiple choice questions.

The lab report is due on the date specified in the Learning Guide.

You should hand the report directly to your tutor.
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L5.1

Lab 5 - Second-Order Systems

Effect of pole positions. Non-linear effects. Frequency responses and step
responses of second-order circuits.

Introduction

Control systems are mostly designed to achieve time-domain specifications.
Time-domain specifications are important because we usually want the output
to track some reference input. We are interested in the transient response (How

quick is it?) and the steady-state response (How accurate is it?).

We usually set certain system parameters to achieve a desired time-domain
response — this is control system design. Second-order system specifications
are often given, because many control systems can be approximated by second-

order systems.

Communication systems are mostly designed to meet frequency-domain
specifications. Frequency-domain specifications are important because we
usually think of communication systems processing the information in signals,
which are made up of sinusoids of different frequency, amplitude and phase.
For example, when designing filters we want to pass certain frequencies and

attenuate others. It is natural to think of these systems in the frequency-domain.

The time-domain and frequency-domain are related — they are just two ways to
look at the same system. Insight in one domain will lead to a better

understanding in the other.

Objectives

1. To realise that s-domain block diagrams model the real world — an

electronic circuit is just one convenient example.

2. To become familiar with the time-domain and frequency-domain responses

of a variety of second-order transfer functions.
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5.2

Equipment
o 1 Digital Storage Oscilloscope (DSO) — Agilent DSO-X 2004A with Wave Gen
e 1 Arbitrary Waveform Generator (AWG) — Agilent 33210A with Option 002
e 1 state variable filter
e 4mm leads (assorted colours), BNC to 4mm adaptors

Note

Quality!!!
In this lab, “draw” means to make an accurate recording — one

showing times, and amplitudes as accurately as possible — this is the

only way to interpret results after leaving the lab. Quick sketches are

not acceptable — and are almost certainly useless when it comes to tying
up theory with practice.

“Sketch” means to quickly give an overview, but showing important

features.

Safety

Cat. A lab This is a Category A laboratory experiment. Please adhere to the Category A
safety guidelines (issued separately).
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Pre-Lab Work — Hand Analysis [1 mark]

Op-Amp Circuit Analysis using Block Diagrams

1. Show that the circuit:

Ry

Re o
V'inlo—’\/\/\l—"—| 1

1

Vinliﬁ“ VV\,— - "
D} > Vou

Figure L5.1

can be represented by the block diagram:

Viiny F%F
+
Vinl 1 + -1/01 Voutl
R, s+1/R,C,
Figure L5.2
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L5.4

Second-Order Universal Circuit

2. Construct a block diagram of the following circuit:

Second-order circuit
with almost arbitrary
pole locations

270Q

— Vout3

18kQ 1kQ

AN\ b vV
1kQ outd

Figure L5.3

Hence show that the transfer function T,(s)=V,,(s)/V,.,(s) is:
R3/R0R2 R4C1C5

T.(s)=
ST+ + S+ + (L5.1)
RC, RC. R,R,R.CC. RRCC.
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By comparing Eq. (L5.1) with the standard form of a second-order all-pole

transfer function,

S 1205+ )

write expressions for K;, o and o, interms of R’s and C’s.

By completing the square in the denominator, and defining

w, =o' —a’ , show that the poles of the transfer function are:
P, =—at jo, (L5.3)
For the special case of when R, =R, C, =C, and R =R,, show that:

1 R 1 (L5.4)

For the special case of when R =R., C, =C, and R. =R,, which circuit

element(s) may be wused to set the real part of the poles

(ie. ) without affecting the imaginary part (ie. @, )?

For the special case of when R =R., C, =C, and R. =R,, which circuit
element(s) may be used to set the imaginary part of the poles (ie. w,)

without affecting the real part (ie. «)?
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L5.6

Second-Order Circuit with a Real Zero

8. From your block diagram of Figure L5.3, and for the special case of when

R =R,, C, =C, and R.=R,, show that the transfer function

T,(s)=V,,u(s)/V,(s) can be put in the form:

K,(s+a (L5.5)
)

Second-Order Circuit with an Imaginary Zero Pair

9. The SVF’s summing amplifier is used to add (with appropriate gain) the

voltages V,,, and V.

Show that, for the special case of when R =R, C,=C,, R. =R,,

R, =R, and ZII;O :%, the transfer function T,(s)=V,,.(s)/V,,,(s) can
1 7
be written as:
Ky(s? +@? —2a2) (L5.6)
T3 (S): 2 2
S° +205+w,

Second-Order Circuit Summaries

10. For the element values shown in Figure L5.3, complete the following tables

(provide numerical values and sketch appropriate graphs).
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Second-Order All-Pole Circuit

L5.7

Transfer Function

Pole-zero Plot

Asymptotic Bode Plots

Step Response

2
_AHes

Ti(s)

T 5?1208+ o’
DC Gain

K, =

Pole locations

—-a+ jo, =

—a-joy =

jo

‘._a:

. |h.%3

Magnitude Response (dB)

0.0low, 0.lw, o, 10w, 100w,
Phase response (°)
0.0lw, 0O.lw, @, 10w, 100w,
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Second-Order Circuit with an Imaginary Zero Pair

L5.9

Transfer Function

Pole-zero Plot

Asymptotic Bode Plots

Step Response

_AwAmN +w! |NQNV
s’ +205+ ]

T, Amv =

DC Gain

_AwASM |NQNV
2

[0

Pole locations

-+ jo, =

—a-jo, =
Zero locations

+ jyol -2a® =

— j{o? —2a® =

jo

‘._%:

‘l.—ED

Magnitude Response (dB)

0.0low, O0.lw, @, 10w, 100w,
Phase response (°)
0.0lw, 0.lw, @, 10w, 100w,
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L.5.10

Pre-Lab Work — MATLAB® Simulation [1 mark]

11. Perform frequency responses and unit-step responses of the state variable

filter at the labelled voltage outputs shown in Figure L5.3.

e Use the following tables for the response scales:

V, (S
T,(s)= v t3((S)) Horizontal axis Vertical axis
inl
Magnitude Response | 10 Hz< f <100 kHz | _50dB< 20log|T,| <10dB
Phase Response 10 Hz < f <100 kHz ~180°< /T, <0°
Step Response -05ms<t<45ms OV<yv, <16V
Voun(S)
T,(s) =2 Horizontal axis Vertical axis
T Viuls)
Magnitude Response | 10Hz< f <100 kHz | -30dB < 20Iog|T2| <10dB
Phase Response 10 Hz < f <100 kHz ~100° < /T, <100°
Step Response -05ms <t<4.5ms -02V<y,,, <08V
VouulS)
T (5): S Horizontal axis Vertical axis
? Vinl(s)
Magnitude Response | 10 Hz< f <100 kHz | -30dB< 20Iog|T3| <10dB
Phase Response 10 Hz < f <100 kHz —100° < £T, <100°
Step Response -05ms<t<45ms ov<yv,,,<12V

Bring print-outs of your frequency responses and step responses and

MATLAB® code to the lab as part of your pre-lab work.
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L5.11

Lab Work [0.5 mark]

Second-order All-Pole Step Response — Effect of Pole Positions

We're just maki
1. Setthe AWG to generate a 0 V to 1 V, 50 Hz square wave. “Stee;)? Lussing] : noa

square wave
2. Examine the circuit in Figure L5.3 to determine its input impedance. Now

set the AWG output Load setting to match the input impedance of the
circuit. This will ensure that the amplitude settings on the AWG display

will match the actual physical voltage appearing at the AWG terminals.

3. Set up the SVF to give the circuit of Figure L5.3. To implement the

inverter shown in Figure L5.3, use the DSO’s “invert channel 2” function.

4. On the DSO, press [ Horiz | Setthe Time Ref softkey to Left. This
positions the trigger point on the oscilloscope one division from the left

edge of the screen (which will maximise the view of the response).

5. Set the reference level (-=L) for the DSO channels near the bottom of the

display. This will maximise the viewing area of the step response.
Second-Order All-Pole Step Response — Reference

6. Observe Vout3 on DSO channel 2. Use the following settings:

R1 R2 R, vV/div Time/div
097 409 097 250mV 500 us

A “reference” step
response for
comparison
purposes
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L.5.12

Second-Order All-Pole Step Response — Varying o

7. Since the system has complex conjugate poles, we’re going to see the effect
that changing the real part of the poles has on the response. Set:

R, R, R, V/div Time/div

297 409 297 250 mV 500 us

Changing the real
part of the complex
poles

Second-Order All-Pole Step Response — Varying e,

8. Now we’re going to change the imaginary part of the pole locations. Set the

following:
R, R, R, V/div Time/div
297 909 297 250 mV 500 ps

Changing the
imaginary part of the
complex poles
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L.5.13

Non-linear Effects

The calculations in the pre-lab work were based upon a linear model of the op-
amp. This model is deficient in at least one important aspect — real op-amps are
linear only over certain voltage and current ranges. The effect of one or more
of the op-amps connected in a feedback configuration and entering into

saturation or current-limiting will be investigated.
Op-Amp Current-limiting Due to Small Resistance

1. Set:

R, R, R V/div Time/div
097 199 097 250 mV 500 ps

2. Set R, to 099, then 089, 079, 069... keep decreasing R, until a non-

linear waveform results!!!

3. Remove the AWG from Vinl. There should still be an output, even though
no input is being applied! Positive feedback is occurring, and the circuit is

behaving as an oscillator.
Op-Amp Current-limiting Due to Large Input Signal

4. Turn off the SVF and set:

R, R, Rs V/div Time/div
297 409 297 20V 500 ps

5. Set the AWG to a 1.25 kHz sinusoid with 0 V DC offset. Set the amplitude
to 100 mVp-p and set 100 mV steps using the knob and cursor keys.

6. Set up the DSO to achieve a stable trigger with a reference level (-=L) atoVv.

7. Turn the SVF on. Connect the AWG to Vinl. Gradually increase the

amplitude until a non-linear waveform results! Decrease the amplitude.
8. Turn the AWG output off. The output may still be oscillating...

9. To stop the oscillation, return R, and R, to 097, or turn the SVF off.

10. Turn the amplitude of the AWG down. Turn the AWG output on.
In future, keep V<1V !

In all subsequent use of the SVF, ensure that the input amplitude is chosen

low enough to avoid oscillation.
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L.5.14

Second-Order All-Pole Circuit — Vouts

1. Setup the SVF to give the circuit of Figure L5.3.
Frequency Response
2. Measure the frequency response using the following table. The frequency

f, is the frequency at which the output is a maximum.

f |Viﬂl| |V0ut3| |V0ut3|/|vin1| Zvoutso_ ZVinl
(Hz) V) (V) (dB) ©)
20

Step Response

3. Draw or “capture” the step response:

Signals and Systems Spring 2015



L5.15

Second-Order Circuit with a Real Zero — Voun
Frequency Response

1. Measure the frequency response using the following table. The frequency

f, is the frequency at which the output is a maximum.

f |Vi”1| |V0utl| |Vout1|/|vin1| Avoutl o_ ZVinl
() V) V) () ©)
20

Step Response

2. Draw or “capture” the step response:
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L.5.16

Second-Order Circuit with an Imaginary Zero Pair — Vouts

Frequency Response

1. Measure the magnitude response using the following table. The frequency

f,, is the frequency at which the output is a minimum.

f |Vinl| |Vout4| |Vout4|/|vin1| Zvoum O_ZVinl
() V) V) (dB) ©)
20

Step Response

2. Draw or “capture” the step response.

Signals and Systems Spring 2015



L5.17

Questions [1 mark]

Encircle the correct answer, cross out the wrong answers. [one or none correct]

All questions are worth 0.1 marks each.

1. Step Responses

(i)
When « is increased,
T(s)= ZL the envelope of the step
S°+205+w
response:
(a) decays slower (b) is unchanged (c) decays quicker
(ii)

When R, and R are

decreased in unison:

(a) the imaginary part of the pole locations increases in magnitude
(b) the real part of the pole locations decreases in magnitude

(c) the frequency of oscillations in the step response decreases

(iii)
Kw? The underdamped step
TE)=g .
$*+205+w, response is:
(a) y(t)=K _1— e ™ cos(a)dt+cosl§)]u(t)
J1-¢72
—4’(1)’[
(b) y(t)=K|1- sin |, \/1-¢?t+cos™ 5]
E=aa o
() y(t)=K|1- 1@;2 sin (a)nt+coslg)}u(t)
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L.5.18

(iv)
A second-order all-pole step response looks like:

1 5008 2185007 +0.00s _ 1.00%/ £1 RUN

dlhorn [ty

(a)
_f_f_f”/Z_"_f_f P Y IO I S
(b)
(c) L i 1
(v)
2
Lor 1 Step response of an all-
O pole second-order
0s Peak time = 0.375 ms SyStem'
Percent overshoot = 57.397 '
00 0.5 1 1.‘5 é 2.‘5 é 3.‘5 z‘l 4.‘5 5
t (ms)
(a) w, =8369 rads™ (b) £=05 (c) ¢=0.0174
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2. Frequency Response

L5.19

(i)

10

0

[H®)I dB
-10

-20

-30
1 2

AN

10 10

10° 10*

f (Hz)

(a) one pole and one zero

(b) two poles and one zero  (c) two poles only

10

Asymptotic magnitude
response. The system

has:

(i1)

A second-order non-inverting system has a real zero with a negative value. The

asymptotic limit of the phase response, as f — 0, is:

(a) -90° (b) 0° (c) 90°
(iii)
2 The step response
15F settles to 5 % of its
yo 4|

05

0

I I I
0 0.5 1 15 2

I I I
3 35 4 4.5 5

final value after 2.5 ms.

The peak occurs at
0.375 ms.

t (is)
(@) a=1200 (b) & =1500 (c) w, =8639 rads™
(iv)
10
0 —"‘/\\

10 Magnitude response of
|H(f)| dB

-20

- a second-order system.

40 | The step response is:

-5(1}01 10° 10° 1d* 10°

(a) underdamped

f (Hz)

(b) critically damped

(c) overdamped

(v)

A second-order transfer function has an imaginary zero pair. The magnitude

response will, in general:

(a) be entirely flat

Attach the completed guestions to your lab report.

(b) be zeroas f —
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L.5.20

Report

Only submit ONE report per lab group.

Complete the assignment cover sheet and attach your pre-lab work.
Ensure you have completed:

1. Pre-Lab Work — hand analysis and MATLAB® simulations.

2. Lab Work — frequency response tables and step response plots.

3. Post-Lab Work — complete the multiple choice questions. Modify your

MATLAB® code to plot your experimental frequency response results on

top of your theoretical pre-lab work.

The lab report is due on the date specified in the Learning Guide.

You should hand the report directly to your tutor.
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