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What we will cover this
hour...

s PSK31 signalling (how it works)
s A PSK31 station and its components
= [uning up in PSK31
Over modulation: the audio level problem

Building an RF monitor to solve the
problem

Circuit diagram and hardware details
Firmware and Software routines
Performance

Where we go from here




Dlgltal Modes (character- based data).

vew

V' RTTY

‘/Packet

v APRS

v'ssTV

‘/PSK-31 (and now PSK-63, foo)




Phase shift keying—the basics

Zero bits are signaled by 180° phase reversals:
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Example of a
phase
reversal

To avoid harmonics, the amplitude passes through
zero at the instant of the reversal of phase. There is no

need to change the amplitude when we don’t change
phase. Thus, we might see a signal amplitude like this:




PSK31 signaling

These phase changes occur every 32 milliseconds
(31.25 Hz). Why this rate? Because:

It can be easily derived from the 8KHz signal
generated by your sound card (8000 Hz divided
by 256 = 31.25 Hz), and

30 or so bits per second translates to about 50
wpm, the fastest you can type.

A zero (space) is defined as a 180 degree phase
reversal from the prior sample,

A one (mark) is defined as no phase change from
the prior sample.




PSK31 signaling

Therefore, this signal is detected as 00100, which we
will soon see is the representation of the character
“SPACE".




PSK31 signaling

Let's look at PSK31 in the real world on an oscilloscope:

Notice that when we shift the signal one bit width (32
msec), and compare, the phase shift of 180 degrees is
clear. This also gives us a clue for how PSK-31 is
detected and converted back to the digital world.




The PSK-31 Station

needed to
monitor




Tuning up in PSK-31

= Improperly tuned PSK-31 can
result in

¢ Undermodulation—your signal will
be too weak to be received or
copied

¢ Overmodulation—your signal will
have high Intermodulation

Distortion (IMD) and splatter, and
possibly will have poor copy also.




Tuning up in PSK-31

= [uning up involves setting
o Transceiver RF frequency
¢ Transceiver microphone gain
¢ Transceiver power setting
¢ Turning off the speech processor
¢ Turning off AGC
¢ Sound card line out audio level




Setting Audio Levels

ot = It's all in the Window’s “mixer.”

d | Wave Microohone

B Balancs: Ealarze:

e sneEEaeir) = At the mixer's main display...
De-select everything but “Wave”
W‘J (that’'s your line out).

AT
S

Wl

; Set the Wave volume to maximum.

Now you can adjust the sound
level by the Volume Control slider.




Setting the audio level

s Click “TX” button of your PSK-31
software, so that you are sending
an idle PSK signal to the
transceiver.

Starting with the maximum sound

level, observe the transmitter’s
power output and back off the
mixer’'s audio level until the power
level is at about 50%.

= You should observe an S-shaped
curve like the one | measured at
1500 Hz.

= [he proper audio level in this case
would be about 50% of maximum.




N

Setting the audio level

= Avoid the temptation to crank up
the audio level to get more powerl

= You will only produce horrendous
{ma splatter, have very poor IMD, and

be less copiable!

= Properly tuned, you will have a low
IMD figure (-25 to -30 dB), and a
clean spectrum with maximum
copy—a signal you can be proud

¢ of.




Setting the Audio Level
IS not a one-time
Adjustment!

= [he ideal audio level is a function of
audio frequency. What works at 1500 Hz
will not be a good setting at 300 Hz or
2500 Hz.

Your rig’s audio frequency response Is
not flat over the audio range but peaks In
the mid-range from 1000-2000 Hz.

Audio levels set by your Windows mixer
will change as you use other
applications.




a=Line In
b=Line Out

*=not
needed to
monitor




What's the downside?

Poor use of a costly resource

Bulky, power consumptive (not a
good solution for a portable PSK-
31 station)

No place to get a good trigger
signal

Still a manual operation (you fiddle
with the volume control slider).




An alternate solution: let your
computer be your scope

A computer with display is
guaranteed to be available

Automatic graphical interface (if
running a Windows OS)

Only need to add an Analog to
Digital Converter (ADC)

Can do more than monitor RF—
can dynamically set your audio for
perfect output!




PSKMETER 1.0

DOWNLOAD ASSEMBLY AA Bag of Parts that
INSTRUCTIONS AND SOFTWARE

you can solder to a
printed circuit
board.

’ 1)

A Software |
(Firmware)
preinstalled

A Software PC i Free
and Easy to Use




Adding an ADC

s Let's use a PIC microcontroller as an
Inexpensive way to add an 8-bit ADC to
your computer.

The PIC 16F876 comes with a built-in

UART that can communicate with your
computer's COM port

Has a built in I°C (2 wire) bus interface,
SO you can
o Add more memory

¢ Interface to a USB chip that can
communicate with your computer's USB

port




Component
Block Diagram

PIC 16F876




PSKMeter Circuit Diagram




PCB Layout
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PSK Meter Printed Circuit Board

Power

Supply
Section

Conditioning
Section

(ed Copyright 2003 KFeY
WU, E8igserver.com/info/ps




Firmware

Initialize

Firmware: software that
runs on the PIC in ROM

Initializes hardware and
variables

Walits for a character
command from the PC

Returns either Return
< Char is "v'? __j:=—r hf'n_arsio.n-:uf —
¢ information about - Fitmware
itself, or l
NO
+ takes 64 samples of
. YES
the RF envelope at 1 N Refum 64 sampls
. ar signa
msec intervals
NO l




Metrics of Distortion

RMS is a time domain metric of the departure of
the signal from a perfect sinusoidal waveform. An
RMS of zero indicates a perfect signal. Greater
RMS values indicate clipping and other forms of
distortion that result in splatter.

Mean deviation is another time domain metric
that is used to establish if the signal is overdriven
(over-modulated) or underdriven (under-
modulated). If the mean >0, the signal is over
modulated. If the mean <0, the signal is under
modulated.

Software can make decisions regarding the
quality of the signal based on these two metrics.

However, we usually think in frequency space...




Example: IMD vs. Clipping

To create this example, |
simulated a PSK31 signal
with a small amount of
white noise, and then
computed the IMD from the
Fourier analysis for various
degrees of “clipping’, l.e.,
flat-topping the signal.

IMDindb

In the real world, an IMD is
—30db is excellent. Don’t
expect to do better. An
acceptable IMD (one that
won't result in noticeable
splatter) would be in the
range of —20 to —30.

If you are getting IMD 4»
reports of —10, you are @ ,
splattering all over the

band! clipping

Percentage of Siznal Clipping

clipping




Monitor and Control

x [he PSK Meter monitors your RF
output and provides a visual,
scope-like display to confirm that
your signal is clean.

However, the software also
controls the audio level of your
sound card to obtain the largest
signal without splatter—
automatically!




Control variables—what to use?

*RMS (deviation from ideal signal), in
percent

«IMD (harmonic disortion), in dB

*Average deviation—discerns between
overmodulation and undermodulation

-
=
]
=

In most cases, RMS
and IMD can be
used interchangably
as the control
variable




A graphical look at feedback

Region of
Optimum

S Plot the peak PSK31
envelope vs audio level.

Notice that clipping occurs
for the top 1/3 in audio
level.

Define underdriving as the
bottom 1/3 in audio level.

The feedback loop in the
software attempts to find
and place the audio level in
- the middle third, tending to
e ooortion the largest signal without

Fegion

Region distortion.

o
o .
=
)
a -
=]
@
]
=
o

Audio Level (%)




A look at the PSKMeter Software

COM Port

s When PSKMeter is l_lar_éf; o
launched, it displays the
COM port it uses to connect PSK31 FIF Morstorg on COM2
to the PSKMeter hardware.

If the hardware fails to
respond, a message is
displayed.

+ Wrong COM Port

¢ No serial cable

¢ No PSKMeter hardware

¢+ PSKMeter hardware not
powered up

Audio
Level

Error Indicator

reported




A look at the PSKMeter Software

= |f the hardware
connects, the software
periodically issues a
request for waveform
sample.

= \When you are not in
transmit mode, no
signal is returned.

PSK3 BF Manitoning on COM?2

Absence of
Signal




A look at the PSKMeter Software

In transmit mode, the RF -
output iIs periodically sine wave
sampled and displayed.

The best-fit sine wave curve v
Is displayed. Variation of the N ~

signal from this sine wave is
a measure of distortion.

RMS variation from the sine |I|“‘

wave Is displayed.
IMD is displayed. R

If RMS Is small and IMD is

large, the indication

“‘SIGNAL OK” is displayed.

Your signal Is clean, and no Distortion
adjustment (automatic or RMS figure Sound

variation of

manual) IS necessa ry Fora Card Audio

Level




A look at the PSKMeter Software

If you are over-driving your
transmitter, your signal is going to
show visible evidence of
distortion.

Example: flat-topping (clipping).
The RMS will be large and the
IMD will be small.

The result is splatter, as
indicated. You are causing
interference to other portions of
the band, and your signal will not
be as copiable!

When in automatic mode, the
software will automatically reduce
the sound card’s audio level to
completely remove the splatter.

Signal
shows
“flattoping”

PSE3 BF Monitg#®ig on COM2

A warning
Is displayed

Too much
audiol




A look at the PSKMeter Software

= [f you are under-driving your
transmitter, your signal will
be weak and noisy, but not
distorted.

Because your signal is
weak, you will not be as

copiable.

When In automatic mode,
the software will
automatically increase the
sound card’s audio level,
boosting your output power
without introducing

. . A warning
dlStDl"tan- Is displayed







