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This two-channel audio signal generator produces very low distortion
sinewaves as well as triangle waves, square waves, pulse trains and
noise. It has adjustable output frequency, amplitude and phase, plus
sweep and pulse modes. Control is via a rotary encoder knob and
graphical LCD screen with an intuitive graphical user interface (GUI).
It’s ideal for testing amplifiers, loudspeakers and all sorts of audio
equipment, as well as for general purpose use.

n my work bench, I find the

Omost useful test equipment

— after my multimeter — are a

signal generator and an oscilloscope.

When testing analog circuitry, I find

it very important to be able to ‘stimu-

late’ a circuit and then look to see how
it responds.

In the past, I used simple oscilla-
tors for this job, usually Wien Bridge
types due to their high performance
at low cost.

But when testing speakers, it is very
useful (in fact, almost essential) to be
able to sweep the generated tone fre-
quency. This allows multiple drivers
and crossovers to be tested.

And when testing amplifiers and
speakers, it is very handy to be able
to generate short bursts of a tone with
a silent gap. A simple oscillator can’t
easily do either of those things.

Burst tones serve a couple of pur-
poses. Firstly, when testing a power
amplifier driving a low impedance,
it can be quite stressful on heatsinks,
dummy loads and power supplies us-
ing a continuous waveform.

If you can generate, say, two cycles at
1kHz followed by a second of silence,
you can see what the amplifier does at
and near clipping and at high currents
without really stressing things.

Also, when building loudspeakers,
itisreally useful to be able to generate
tone bursts at and around the crosso-
ver point. This lets you set up a micro-
phone to measure the time delay for
the tone burst through a bass driver
and a tweeter.

68 SILICON CHIP

by Phil Prosser

This is essential if you want to ‘time-
align’ drivers in a speaker cabinet.

For some time, I used the free Au-
dacity software on my PC to do these
jobs.

But that set-up was a bit clunky, so
I set about designing a more conveni-
ent hardware device that could do all
this for me.

The device that I came up with, pre-
sented in this article, uses the same
hardware as my DSP Active Crossover/
Parametric Equaliser project that was
published in the May, June and July

2019 issues (see: siliconchip.com.au/
Series/335).

If you’ve already built that, it’s sim-
ply a matter of reprogramming the mi-
crocontroller to perform these wave-
form direct digital synthesis (DDS)
functions.

If building it from scratch, you can
build it as described in those earlier
articles, although you only need one of
the stereo digital-to-analog converter
(DAC) boards (not two) and you don’t
need the analog-to-digital converter
(ADC) board at all.
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Fig.1: the powerful 32-bit PIC processor on the DSP CPU board generates a
stereo digital audio signal which is routed to the DAC board (at upper right)
through the central power supply/signal routing module (upper centre). The
DAC board (upper right) converts the audio data into two analog output
signals. It’s all controlled via an LCD screen, one knob and two buttons.
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Fhase offset:

The May 2019 article gave an over-
view of the hardware and then de-
scribed how all the separate boards
worked, except for the CPU control
board and the front panel controls.

Those were covered in June 2019,
along with the PCB assembly details.

The July 2019 article gave program-
ming and final assembly instructions,
along with usage instructions that are
not directly relevant to this project, as
the software is different. However, if
you have seen that, the user interface
of this new software will be familiar
to you.

Those were long and detailed ar-
ticles so we won’t reproduce all that
information here.

We’ll just give a quick overview of
how the hardware works and then
jump into describing the new software.

The hardware

There are four PCBs involved in
this project, and the basic arrange-
ment is shown in Fig.1: first is the CPU

Oulput channels:
Culput waveforms:
Output frequency:
Output amplitude:
Frequency sweeps:
Pulse modulation:

Distortion performance:

Features & specifications
Two, fully independent
sine, triangle, square, pulse (1-99%), noise
0.1Hz to 20kHz in 0.1Hz steps
-123dBV to +5dBV
linear or log, phase-continuous

0-360° per channel in 1° steps

board which hosts the powerful PIC-
32MZ2048 32-bit processor, a couple
of regulators and a crystal to provide
an accurate clock source.

This connects to a power supply and
signal routing board which derives the
DC supplies required to power the var-
ious other boards from a 9V AC plug-
pack or transformer.

Digital audio signals from the CPU
are routed through this central board
to a stereo DAC board which provides
the two analog outputs via onboard
RCA connectors.

The fourth board is a front panel
control board with a rotary encoder
(which may have an integral pushbut-
ton) and one or two separate buttons.
The CPU board drives the graphical
LCD module directly.

Fig.1 only differs from Fig.3 on page
28 of the May 2019 issue, which shows
the DSP Active Crossover/Parametric
Equaliser configuration, in that we’ve
removed the unnecessary ADC input
board and the second stereo DAC out-

1-1000 cycles on, 1-1000 cycles off, zero cross swihing

below -100dBc (0.001%) — often well below (see Taule\)

put board. Otherwise construction is
identical.

Principle of operation

In case you aren’t already familiar
with how a DDS works, we’ll give a
quick description and describe why
they are so much more useful than ba-
sic oscillators. We had a detailed de-
scription of DDS operation on pages
23 & 24 of the April 2017 issue, in an
article on modules based around the
AD9833 DDS chip. If you have that
issue, you may wish to (re-)read that
article now.

Direct digital synthesis is a process
for mathematically generating a wave-
form. The system comprises a clock
source, a ‘phase accumulator’ and a
lookup table that determines what
analog output is generated at any given
time. Fig.2 shows this configuration.

The clock source runs at a high fre-
quency compared to the output wave-
form frequency; the clock frequency is
often hundreds of times more than the

Reproduced from the DSP Signal Processor project in our May, June and July 2019 issues, here are the four main PC
boards used in this DDS Signal Generator. Top left is the main CPU board, bottom
left the power supply board, top right is the digital to analog (DAC) board
while bottom right is the front panel board. Not shown =
here is the graphical LCD module nor
the AC transformer.
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Fig.2: the basic configuration of

a direct digital synthesiser. The
phase increment value (chosen

for a specific output frequency) is
added to the phase accumulator on
each pulse from the clock source.
The accumulator is then used to
index a waveform lookup table,
and the values looked up feed the
DAC to producing a varying analog
waveform at the output. Its shape
is determined by the values in the
lookup table.
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REGISTER ADDER WAVEFORM
+ ACCUMULATOR LOOKUP
REGISTER SAMPLE ANALOG
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FREQUENCY MASTER CLOCK
PROGRAMMING INPUT ©2019

waveform frequency. On each clock
cycle, the DDS system adds the phase
increment to the phase accumulator.
The lookup table can hold any wave-
form, though conventionally it would
be a sinewave or something similar.

As the content of the phase accu-
mulator increases in value, the system
‘steps through’ the table, feeding sub-
sequent values in this table through to
the output, reconstructing the wave-
form stored within. The rate at which
it steps through the table (determined
by the phase increment) determines
the frequency of this reconstructed
waveform, ie, how many times it runs
through the table each second.

For example, if the clock frequen-
cy is 48kHz and you want an out-
put frequency of 4800Hz, then you
would need to produce one full sine-
wave every 10 clock cycles. Thus the
phase increment needs to be 1/10th
of the maximum phase value (equiv-
alent to 36°).

If instead, you want to produce a
1Hz output with the same clock fre-
quency, the phase increment needs to
be 1/48,000th of the size of the phase
accumulator (0.0075°). You can see
then that for good low-frequency per-
formance, a high-resolution phase ac-
cumulator is desirable. The PIC Micro-
controller has a natural word size of
32 bits. That’s suitable for moderate
clock frequencies (up to a few MHz).

Also, to make the software simple,
you want to use numbers in the DDS
that the processor can divide easily.
Using 32 bits makes things easy, since
dividing by powers-of-two is very easy
and fast (it can be done with simple
shift/bit masking operations).

So we have a phase accumulator
that is used to look up the waveform.
For high precision, we need the sine-
wave to be very accurate. The limited
memory in the PIC makes this a little
tricky, as the largest practical sine-
wave table is around 4096 entries long.

That’s quite good, but not good enough
for extremely low distortion.

The configuration of a basic DDS us-
ing a 4096-entry (12-bit) table is shown
in Fig.3. This works reasonably well
but, as shown, there are rounding er-
rors in the values produced which
makes it not quite a pure sinewave.

To solve this, we use the top 12 bits
of the 32-bit accumulator to look up
values from the 4096 entry (212) table,
with the remaining (bottom) 20 bits de-
termining where the current point in
the waveform falls between samples in
the table. This value can then be used
to linearly interpolate between the two
nearest (adjacent) entries in the table,
to emulate having a much larger table.

The error in the resultant sinewave
is vanishingly small. So the DDS con-
figuration is now as shown in Fig.4.
It’s just a little more complicated than
the one shown in Fig.3 and the extra
calculations are well within the capa-
bilities of a PIC32. The result is now
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Fig.3: here’s how the contents of a 32-bit accumulator are
used to index values in a 4096-entry (12-bit) lookup table.
The bottom 20 bits are ignored (although they are still
needed to achieve the correct output frequency) while the
top 12 bits are used directly as the table index value. This
results in an output waveform with an accurate frequency
but varying amplitude errors, leading to increased (but not
necessarily excessive) waveform distortion.
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negligible.

Fig.4: by adding a little extra complexity to the table

lookup scheme, we can dramatically reduce the waveform
distortion. The table lookup now retrieves the current and
next values, and the bottom 20 bits of the accumulator are
no longer ignored. Instead, they are multiplied with the
difference between the two values from the table, to produce
an error correction term which means that the values fed to
the DAC are linearly interpolated between the table values.
This reduces the instantaneous output amplitude errors to

a tiny fraction of full-scale, and they essentially become
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very close to a perfect sinewave at just
about any frequency.

The DDS needs to do all these sums
and interpolations 48,000 times a sec-
ond. But this is what computer chips
arereally good at. The netresult is that
the data fed into the DAC is correct to
within 1-2 least significant bits.

Without interpolation, spurs in
the output are between -70dBc and
-80dBc, which makes sense as the er-
rors are about 1/4096 of the full am-
plitude (20 x logio (4096) = 72dB).
Fig.5 shows the frequency spectrum
of the output without interpolation,
and Fig.6 shows the same output with
interpolation.

The DDS running without interpo-
lation gives a creditable performance;
those spurs (they are not harmonics) at
-75dBc are around 0.02% of the wave-
form amplitude. For the version with
interpolation, the largest signal by far
is the hum being picked up by the test
set at -100dBc or about 0.001% of the
amplitude, with the distortion prod-
ucts being 1/10th of this or around
0.0001%!

So with interpolation, we can get a
result close to the limits of the DAC’s
performance.

Along with getting the correct am-
plitude values to the DAC, we need to
send them at the right time. Jitter in
the clock which determines when data
is sent to the DAC can also distort the
resulting waveform. So we set up the
PIC32MZ and the SPIport going to the
DAC so that the notional DAC clock
is an integral fraction of the PIC32MZ
system clock of 252MHz.

By choosing the DAC clock this way,
there is no jitter or error on the tim-
ing of the DAC signals. This is criti-
cal in all the clocks, phases and preci-
sions being controlled. It does result
in a rather unusual DAC clock rate of
49,218 samples per second, but that

Screen 1: this screen lets you set the output frequency of
the currently selected channel.
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This table shows
how the Signal
Generator’s sine-

Frequency | Amplitude | Amplitude
(on DDS) | (Measured)

Harmonics

wave performance 1 10HZ Od BV OdBV '1 05d BC (0000560/0)

va:iest‘gith the 110Hz -3dBV -3dBV -116dBc (0.00016%)

output frequency

and amplitude. 1kHz 0dBV 0dBV -104dBc (0.00063%)

You can see that 1kHz -6dBV -6dBV -113dBc (0.00022%)

the harmonics 1kHz -10dBV | -10dBV | -109dBc (0.00035%)

are very low, only

increasing to a 1 kHZ '20d BV '20d BV '1 03d BC (000071 D/0)

si%niﬁflf:nt letvelt 1kHz -30dBV -30dBV | Approx -90dBc (0.003%)

when e outpu

amplitude is P TkHz -50dBV | -50dBV | Approx -70dBc (0.03%)

below -20dBV. 1kHz -80dBV -80dBV Approx -40dBc (1%)
2kHz -3dBV -3dBV -116dBc (0.00016%)
5kHz -3dBV -3.1dBV -116dBc (0.00016%)

Table 1 - measured performance with various sinewaves

doesn’treally matter, except to slightly
complicate our phase increment cal-
culations.

The PIC32MZ can generate a very
accurate 48,000kHz clock, but this
uses a ‘trim’ on the DAC clock, which
introduces jitter. We don’t want that!

Construction & programming

As mentioned earlier, the construc-
tion steps were detailed in the June &
July 2019 articles on the DSP Active
Crossover. My only suggested change,
other than leaving out the redundant
second DAC board and the ADC board,
is that you may wish to mount the DAC
board with its two output RCA sockets
coming through the front panel, rather
than the rear. That makes it more prac-
tical to use as a test instrument.

The software for this project, both as
a compiled HEX file and an MPLAB X
IDE C project, can be downloaded from
the SILICON CHIP website. You can then
upload that HEX file to the PIC32MZ
chip using the procedure described
on pages 87-88 of the July 2019 issue.

You can use that same procedure to
reflash a DSP Active Crossover so that

Screen 2: here, you can change the size of the frequency

it can perform the DDS role outlined
here. There is absolutely nothing stop-
ping you from flashing it back to the
Active Crossover / Parametric Equal-
iser firmware when you have finished
with that.

Remember that these chips eventu-
ally do wear out if you keep reflash-
ing them, but given the PIC32MZ’s
specification of a minimum of 10,000
erase cycles, you're unlikely to wear
it out this way.

User interface

When the unit is first powered on,
you can cycle through the following
four main screens using the rotary
encoder:

¢ Load settings

* Save settings

e Channel 1 options

e Channel 2 options

Once you've selected one of the
channels, by pressing the Select but-
ton or pushing the rotary encoder, it
jumps to the output frequency setting
screen (see Screen 1).

Turning the dial does the obvious
thing, ie, increments and decrements

steps in the previous screen.
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5: to prove the advantages of the linear interpolation
scheme, here is a spectrum analysis (FFT) of the output of the
unit using just the basic 12-bit lookup scheme shown in Fig.3
(ie, no linear interpolation). You can see that there are a large
number of spurious signals at various frequencies present in
the waveform, although most of them are not harmonics of
the output sinewave. This leads to a distortion level of around
0.02% (the level shown in the screengrab is not accurate).
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Fig.6: this is a spectrum analysis of exactly the same signal
as in Fig.5, but this time, with linear interpolation. You
can see that there is a lot less noise in the signal, and the
actual harmonics are now visible, along with some mains
interference at 50Hz, 100Hz and related frequencies.

the frequency. The Exit button returns to the channel se-
lection screen, and the Enter button advances to the next
menu page.

As you change frequency, if you turn the dial continu-
ously for about a second or so, the step size increases by a
factor of 10, allowing you to use both fine and larger fre-
quency steps from the one screen.

This is one of a few data entry screens that are ‘sticky’;
if you leave the controls untouched for a long while, the
interface will remain on this screen, rather than reverting
to the initial screen. The reasoning here is that if you are
fine-tuning a speaker or a filter, you may need to make the
occasional frequency adjustment and it would be annoying
to have to go through the menus again each time.

If you press the select button/knob on the frequency set-
ting screen, it takes you to a step adjustment screen (Screen
2), which lets you increase the base step size from 0.1Hz
to 1Hz, 10Hz or 100Hz. This may be useful if you are mak-
ing lots of rapid changes to the output frequency and don'’t
need to be extremely precise.

The behaviour of the Exit button on this screen is differ-
ent; exiting from this screen takes you back to the previ-
ous frequency setting screen, rather than the initial screen.
Pressing Enter on this screen takes you to the output level
adjustment screen (Screen 3).

Screen 3: the next screen lets you set the output level from
-123dBV (0.7mV RMS) to +5dBV (1.78V RMS) in steps of
0.1dBV.
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The output level is set in dB Volts (dBV). 0dBV = 1V
RMS, -20dBV = 0.1V RMS, -40dBV = 0.01V RMS etc. The
resolution is 0.1dB, which is quite a small step. As you ro-
tate the control, if you rotate for more than a second or so,
the increment size increases (as with the frequency adjust-
ment), allowing you to make larger changes in output level
reasonably quickly.

The output range goes from +5dB Volts (1.78V RMS) to
-123dB Volts (0.7mV RMS), but note that -123dB Volts is
essentially the noise floor of the DAC. The Exit button takes
you back to the main screen, while pressing Enter takes you
to the waveform selection menu (Screen 4).

On this page, rotating the encoder cycles through the
various waveform types, including Sine, Triangle, Square,
Pulse and Noise. If you select Pulse, a secondary menu pops
up, allowing you to set the duty cycle in 1% increments.

Having chosen a new waveform, press Select to reprogram
the waveform lookup table and change the output signal.
This also takes you to the next screen, which is the sweep

Screen 4: as you rotate the knob on the waveform selection
screen, you can select Sine, Triangle, Square or Pulse. For
Pulse, you can set the duty cycle from 1% to 99%.
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Fig.7: an exampie output waveform from the unit in sweep
mode (blue trace). It is sweeping from a high frequency
down to a low frequency.

o v o I

e B i o I R B

g i

Fig.8: a sample pulse train output, with five pulses on
(at 1kHz), followed by five pulses off. This sequence then
repeats endlessly.

selection menu (Screen 5). As usual, pressing Exit will take
you back to the channel selection menu.

Sweeping and pulses

Sweep options include None, Linear and Log (logarith-
mic). Logarithmic sweeps (actually exponential) are very
useful for wideband tests and audio testing. Your ear is
much better ‘tuned’ to a logarithmic sweep than linear, giv-
ing the sense of a constant rate of pitch increase or decrease.

The frequency at which the sweep starts is the frequency
set on the main frequency menu. Having chosen the sweep
type, you can then adjust the sweep end frequency. This
may be above or below this start frequency.

This allows sweeps upward and downward without com-
plicating the interface.

A sweep is implemented by the DDS frequency being
changed in 4096 steps throughout the sweep. Without get-
ting into too much detail, the sweep involved repeatedly
changing the phase increment value.

This has the benefit of the output phase from the DDS
always being continuous (ie, no phase ‘jumps’). A sample
of the sinewave output in sweep mode is shown in Fig.7.

Having adjusted the end frequency and pressed Select,
you can then adjust the sweep time from 0.1 seconds to 60
seconds in 0.1-second steps using the knob. Press Select

Screen 5: you can disable sweeping, or have a linear or log
(exponential) sweep. If enabled, you set the end frequency and
sweep time in the next couple of screens (the start frequency is
the channel’s set frequency). It can sweep up or down.
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Screen 6: the unit can be set to produce a continuous
waveform or a pulse train. With a pulse train, you can have
1-1000 pulses followed by 1-1000 gaps. Each pulse or gap is
the set waveform period (the reciprocal of the frequency),
eg, 1ms for 1kHz, 10ms for 100Hz etc.
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Many years ago, long before

u‘\\\\the days of smartphones

and computers, even be-

TD fore the days of television,
”T”RF it was considered a ‘rite
TH[F of passage” for dads to sit

down with the their sons (or
daughters)andhelpthemastheybuilttheirownradioreceiver.

FM? Not on your life - no such thing! DAB+? Hadn't been in-
vented yet!

No, it was all good, old reliable AM Radio.

Imagine the thrill of listening in to radio stations hundreds,
perhapsthousands of miles away...maybe even overseas!

The beauty of it all was that they were building something
that actually worked, something theyd be proud to show
theirfriends, totheirschoolteachers, totheir grandparents!

Enjoy those days once again
as they build the SiLCON CHIP
super-7 AM Radio

See the articles in
November & December 2017
SILICON CHIP
(www.siliconchip.com.au

/series/321)

PCB & Case
available from the
SILICON CHIP
Online Shop

e Covers the entire AM radio broadcast band.
¢ Has on-hoard speaker ... or use with headphones.

o SAFE! - power from on-hoard hattery or plug-pack.

o Everything is built on a single, glossy black PCB.

¢ All components readily available at normal parts suppliers.
¢ Full instructions in the articles including alignment.

o Superh see-through case available to really finish it off!

IT LOGKES S0 G000 THEIR FRIENDS
WONRT BELIEVE THEY BUILT ITI
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again to move onto the next screen, or Exit to go back to the
main selection screen.

The next screen configures pulse train mode (Screen 6).
The pulse train can be set to off or on. If you turn pulses
on, you need to set the number of pulses on and off for
the train. Both can have values of 1-1000 pulses. So with
a 1kHz tone, you could have a single 1kHz cycle followed
by one second of silence.

As noted earlier, this is very handy for high power am-
plifier testing (especially stability testing into very nasty or
low impedances), and for testing loudspeaker driver phase
centres. Fig.8 shows an example of the output using the
pulse mode, with a 1kHz waveform set for five pulses on
and five pulses off.

Pressing Select after the last pulse mode screen takes you
to the phase shift screen (Screen 7), which allows you to
change the relative phase between the two output chan-
nels. This only really makes sense where both channels
are set to identical frequencies. This is particularly handy
when you want to use one channel to trigger an oscillo-
scope. The phase shift lets you move the waveform of the
second channel on the oscilloscope screen.

Conclusion

All the PCBs to build this project are already availa-
ble from the SILICON CHIP ONLINE SHOP. As we mentioned
earlier, they were also used in the DSP Active Crossover/
Parametric Equaliser project. They are coded 01106192-
01106196. We can also supply a PIC32MZ microcontrol-
ler pre-programmed with the software for either project.

Many of the parts are SMDs, some of them fine-pitched,
so this is not an ideal project for beginners.

But you will get a test instrument with excellent perfor-
mance, that can carry out many important audio tests, es-
pecially for hifi gear.

You could even combine this Signal Generator with a
high-quality ADC connected to a computer, feeding into
spectrum analysis software, as an audio analyser capable
of measuring distortion in devices like amplifiers, preamp-
lifiers and filters, down to very low levels.

It can also be used in conjunction with our High-Reso-
lution Audio Millivoltmeter project, published in the Oc-
tober 2019 issue (siliconchip.com.au/Article/12018), for
making signal-to-noise ratio measurements.

That would be a great way to make and save frequency
response plots, with the Signal Generator in sweep mode
and the Millivoltmeter connected to a USB port, for logging
the results, which could then be fed to a plotting program.
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Screen 7: finally, if you wish you can set a phase offset
between the two channels, although this only makes sense
if they are set to the same frequency. se
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