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Elektor Mini-Wheelie
Selt-Balancing Robot

The Elektor Mini-Wheelie is an experimental
autonomous self-balancing robot platform.
Based on an ESP32-S3 microcontroller, the self-
balancing robot is fully programmable using the
Arduino environment and open-source libraries.
Its wireless capabilities allow it to be controlled
remotely over Wi-Fi, Bluetooth or ESP-NOW or to
communicate with a user or even another robot.

Price: €99.95
Member Price: €89.96

Y www.elektor.com/21087

Elektor Milliohmmeter
Adapter

The Elektor Milliohmmeter Adapter uses the
precision of a multimeter to measure very low
resistance values. It is an adapter that converts a
resistance into a voltage that can be measured
with a standard multimeter. The Elektor Milliohm-
meter Adapter can measure resistances below

1 mQ using a 4-wire (Kelvin) method. It is useful for
locating short circuits

on PCBs.

Price: €34.95
Member Price: €31.46

2 www.elektor.com/21147

Elektor Sand Clock for
Raspberry Pi Pico

incl. Laser Head
Upgrade

Price: €84.95
Member Price: €76.46

'Y www.elektor.com/21169

FNIRSI DSO-TC4 (3-in-1)
Oscilloscope + Transistor Tester +
Signal Generator

Price: €89.95 -_—

Member Price: €80.96

'Y www.elektor.com/21146
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Raspberry Pi Velleman Multifunctional
45 W USB-C Power Supply Precision Drill Set (162 pcs)

Price: €54.95
Price: €16.95 Member Price: €49.46

Y www.elektor.com/21165 Y www.elektor.com/21148

GCeekworm KVM-AZ Kit SEQURE T55
for Raspberry Pi 4 Smart Mini Soldering Hot Plate
(55x55 mm)

| ——— -

Price: €119.95 Price: €49.95
Member Price: €107.96 Member Price: €44.96

'Y www.elektor.com/21139 'Y www.elektor.com/21149
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PROJECT

Raspberry Pi

Standalone MIDI
ynthesizer (2

Enhancing Our Setup with Intelligence

By Brian Tristam Williams (Elektor)

In Part 1, we explored how to connect

a MIDI keyboard to a Raspberry Piand
use FluidSynth to generate sound. Now,
we'll take the project to the next level
by adding an audio DAC, automating
the setup, improving latency for live
performance, and integrating Al-driven
enhancements.

In the last part of this series [1], we achieved our first goal of getting
the Raspberry Pi 5 to output music when sent notes from a standalone
MIDI keyboard. This time, I'd like to streamline the setup so that we
don't need to have an unnecessary monitor just to hear the audio. We
want to run it headlessly.

Solving the Monitor “Problem”

The Raspberry Pi 5 and Zero series by default output audio only
via the HDMI connection to the monitor, which in turn strips it out
and sends it to speakers or a headphone jack. One option would
have been an HDMI audio extractor, but the ones | saw online were
clunky, expensive, unwieldy, required cables, and so on, so | sought
out other options.

I looked around and found several digital-to-analog converters (DACs),
from USB sound “cards” and USB pigtail adapters, to HATs such as
the HiFiBerry DAC + ADC (Figure 1), and even an Elektor DIY HAT
project by Ton Giesberts in 2017 [2].

There was one creative solution that caught my eye: The Pimoroni

Pirate Audio Headphone Amp for the Raspberry Pi [3] (Figure 2).
What | found impressively creative about it was its inclusion of a
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Figure 1: The HiFiBerry DAC + ADC has a lot of nice audio features, but no
display.

240x240-pixel display, intended to display album art, but you could
use it for many other display purposes.

It also has four buttons, which could be used to control your MP3
music playback, but again, they are GPIO-attached, so we can use
our own creativity to come up with other ways to make use of those.

Figure 2: The Pimoroni Pirate Audio Headphone
Amp for Raspberry Pi has a convenient display
and four GPIO buttons.



Finally, what impressed me was the form factor. It fits snugly over
a Raspberry Pi Zero or variants. It will of course work well with the
Raspberry Pi 5 | already started this project out on, but | couldn't resist
trying to compact this solution a little more.

The important stuff for me is underneath (Figure 3): The DAC, the
headphone amplifier, and the headphone socket.

For a first test, | did need to do the usual Raspberry Pi OS installa-
tion from [4], and then | set up the Pirate Audio application for MP3/
Spotify/SoundCloud, etc., playback just to try it out, which you can
see in my video at [5]. But, the real goal here is not MP3, but MIDI.

The Software Side

Our goal is to make the Raspberry Pi a smarter, more expressive
MIDI synth that doesn’t require manual configuration each time
and can dynamically respond to how you play. We'll implement
dynamic velocity adjustments, Al-powered chord generation, and
even real-time accompaniment using machine learning models like
Google's Magenta.

Automating the MIDI Setup

Making FluidSynth Auto-Start

Manually starting FluidSynth every time is inefficient. Let's set it to
launch on boot:

1. Create a systemd service file:
sudo nano /etc/systemd/system/fluidsynth.service

2. Add the following content:

[Unit]

Description=FluidSynth MIDI Synthesizer
After=sound.target

[Service]

ExecStart=/usr/bin/fluidsynth -a alsa -g 1
-0 synth.polyphony=64 /usr/share/sounds/sf2/
FluidR3_GM.sf2

Restart=always

[Install]
WantedBy=default.target

3. Save and exit (CTRL+X, then Y).
4, Enable and start the service:

sudo systemctl enable fluidsynth
sudo systemctl start fluidsynth

Auto-Connecting the MIDI Keyboard
Next, we need to automatically route MIDI input to FluidSynth:

1. Create a startup script:

bl

nano ~/auto_midi.sh

2. Add:

#!/bin/bash
sleep 5
aconnect 24:0 128:0

# Adjust these numbers to match your hardware

# Allow time for MIDI devices to initialize

3. Make it executable:

chmod +x ~/auto_midi.sh

4, Open crontab editor by typing this in the terminal:

crontab -e

then add this line:

@reboot /home/pi/auto_midi.sh &

Now, when you power on the Raspberry Pi, it will automatically recog-
nize and connect your MIDI keyboard to FluidSynth without any manual

intervention.

Optimizing for Real-Time Performance
Latency is critical for live performance. Here's how we can reduce it:

Use a Low-Latency Kernel:
sudo apt install linux-lowlatency
Adjust Buffer Settings in FluidSynth:

fluidsynth -a alsa -g 1 -o audio.period-size=128 -o
synth.polyphony=128 /usr/share/sounds/sf2/FluidR3_GM.sf2

Lower buffer sizes reduce latency but may cause glitches if they're
too low.

Figure 3: On the underside of the Pirate Audio board is a high-quality DAC
based on a Texas Instruments PCM5100A DAC and a PAM8908 headphone
amplifier.
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Listing 1: velocity.py.

import rtmidi
import numpy as np

midi_in = rtmidi.MidiIn()
midi_out = rtmidi.MidiOut()
midi_in.open_port(0)
midi_out.open_port(1l)

velocity_history = []

def smooth_velocity(velocity, factor=0.2):
velocity_history.append(velocity)
if len(velocity_history) > 10:
velocity_history.pop(0)
return int((1 - factor) * velocity + factor x np.mean(velocity_history))

while True:
msg = midi_in.get_message()
if msg:
note, velocity = msg[0][1], msg[0][2]
new_velocity = smooth_velocity(velocity)
midi_out.send_message([msg[0][0], note, new_velocity])

Listing 2: chords.py.

import rtmidi
import random

chords = {
'C': [0, 4, 7],
'G': [0, 4, 7],
'D': [0, 3, 7],
'A': [0, 4, T]

midi_in = rtmidi.MidiIn()
midi_out = rtmidi.MidiOut()
midi_in.open_port(0)
midi_out.open_port(1l)

while True:
msg = midi_in.get_message()
if msg:
note, velocity = msg[0][1], msg[0][2]
key = random.choice(list(chords.keys()))
for dinterval in chords[key]:
midi_out.send_message([msg[0][0], note + interval, velocity])
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Trying Out Intelligent Enhancements
Let's try two experiments. You can download the Python scripts for
them at [6].

1. Dynamic Velocity Adjustment
A rigid velocity response makes MIDI playing feel robotic. Let's dynam-
ically adjust velocity based on past inputs, creating a more human feel.

The Python script is shown in Listing 1. It uses the rtmidi library to
process MIDI messages in real time, applying velocity smoothing
before sending them to an output device. It begins by initializing a
MIDI input and output interface, each connected to a specific port.

To reduce abrupt changes in velocity, the script maintains a history of
the last ten velocity values. When a new MIDI message is received, the
velocity is blended with the average of recent values using a smooth-
ing factor. This creates a more natural transition between notes rather
than sharp spikes or drops in intensity.

A continuous loop listens for incoming MIDI messages. When a note is
played, the script extracts its velocity, applies the smoothing function,
and sends the modified message to the MIDI output.

2. Scripted Chord Generator

Instead of playing a static harmony, the script in Listing 2 transforms
single MIDI notes into randomly selected chords. It defines a set of
chords as note intervals and listens for incoming MIDI messages.
When a note is played, the script picks a random chord and sends the
original note along with additional notes based on the chosen chord’s
intervals. This creates a dynamic, harmonized effect where each key
press generates a different chord.

By automating MIDI setup and optimizing latency, we've transformed
our Raspberry Pi MIDI synth into an intelligent, dynamic instrument. It's
not Al up to now, but it creates a more musically “intelligent” accom-
paniment system.

== WEB LINKS

bl

With Al tools at our disposal, including training our own models, we
can now explore real-time melody prediction, Al-assisted improvisa-
tion, and interactive generative music systems — we have only reached
the tip of the iceberg. Let's start digging in the next installment! I
240714-B-01

Questions or Comments?

We'd love to hear about how you are using Al and how it has affected
you over the past two years. If you have questions or comments,
email me at brianwilliams@elektor.com. You can also catch me on
Elektor Engineering Insights each month on YouTube, and you can
find me @briantw on X.

% Related Products

> Pimoroni Pirate Audio Headphone Amp for Raspberry Pi
www.elektor.com/20168

> HiFiBerry DAC+ ADC
www.elektor.com/18948

> 1QaudIO Pi-DAC+ (for Raspberry Pi)
www.elektor.com/19539
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1] Brian Tristam Williams, “Raspberry Pi Standalone MIDI Synthesizer (1), Elektor 3-4/2025: https://elektormagazine.com/240714-01
2] Ton Giesberts, “Audio DAC for Raspberry Pi," Elektor 7-8/2017: https://elektormagazine.com/magazine/elektor-201707/40496

3] Pirate Audio: Headphone Amp for Raspberry Pi: https://shop.pimoroni.com/products/pirate-audio-headphone-amp

4] Raspberry Pi OS — Download and Installation: https://raspberrypi.com/software

5] Unboxing the Pimoroni Pirate Audio Headphone Amp for the Raspberry Pi, Elektor TV: https://youtu.be/5rnQldmviRg

6] GitHub repository for these experiments: https://github.com/briantw/pi-midi
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Tips & Tvicks, Best Practices and
other Useful Inbormation

Nortonized Wien
Bridge Oscillator

Small Changes Yield Significant Improvements

By Alain Delahodde (France)

Analog enthusiasts are likely familiar with the
term Wien bridge, a fundamental electronic circuit
also known as an RC generator or Wien-Robinson
oscillator. Even such a standard circuit can be
optimized, as this article demonstrates.

The classic Wien bridge oscillator is based on the half
bridge in Figure 1, which combines series and parallel
resistors and capacitors.

With two identical resistors and capacitors, the transfer
function of the half bridge is

whereZ=1/jCw,

@

> L —(O

240008-004

Figure 1: Half Bridge.
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If R Cw=1,then we get R2 + Z2 = 0 and

s 1
e 3

Adding an opamp results in a complete, but idealized,
Wien bridge oscillator (Figure 2). An amplifier with a gain
of 3, as in Figure 2, will yield a transfer function value of
1, causing the circuit to oscillate.

Nortonizing

A drawback of the standard configuration is that the upper
capacitor lacks a connection to ground, which is incon-
venient for a variable oscillator because the dual variable
capacitor's frame can't be grounded. Good insulators
and plastic or nylon gears are needed to manipulate the
variable capacitor, and it's necessary to compensate for
the parasitic capacitance between the frame and the bulk.

Using the Norton transform, series components become

parallel, currents become voltages, and vice versa. This
transformation is applied in Figure 3. The result is

R 2RA

240008-019

Figure 2: Adding an opamp to a Wien bridge results in an
(idealized) Wien bridge oscillator.



240008-006

andif R C w =1it gets

I 1
I 3

The main advantage of this configuration is that both
capacitors are now grounded, allowing the dual variable
capacitor's frame to be connected to the bulk.

A first and simple setup to confirm this concept is shown
in Figure 4. The amplifier IC in this circuit is an OTA
(operational transconductance amplifier) of type CA3080.
It “reads” the output current I through the horizontal
resistor and injects |, at the entrance. This setup operates
from 15 to 250 kHz, but adjusting |5 requires the ampli-
tude to be in the range of a few tenths of millivolts to
avoid distortion.

Improvements and Variants

The following setup in Figure 5 uses only a part of the
voltage over the horizontal resistor, reducing distortion
and allowing a higher output amplitude of several volts.
With a £5 V power supply, the circuit delivers a constant
4 Vppoutput signal with low distortions in the range of 15
to 250 kHz. For IC1, the same OTA as in Figure 4 is used.
IC2 is a buffer to achieve a low-impedance output, and

IaBC

Figure 3: Applying Norton transformation to a Wien bridge allows both capacitors to be

grounded.

240008-007

IC3 controls |ygc Vvia the function I, = 3 x I, serving as
feedback control for the output amplitude.

Figure 6 shows that the OTA can be replaced by a current
generator using a simple opamp. Applied to the previous
setup in Figure 5, this leads to a very similar design, but
with better performance. With

39k

Ca C
16...250p

1 15k|

®

3

on o
in
10n
Ic2
R b Ic3

3M3

1N4148

240008-008

A

Figure 4: A Nortonized
adjustable Wien bridge
with the help of an OTA.

|

Figure 5: Improved
Nortonized Wien
bridge with amplitude
stabilization.
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Figure 6: This circuit I p
around an opamp can
replace an OTA.

e
> v and R / 3. Figure 8 shows that lowering the range by a

+

v
i factor of 10 is possible by modifying only two resistors: In
zaooner00s the middle circuit the 0 Q resistor from the left circuit is
changedto 9 X R/ 4, and the left R then changes to 10 R.
The right circuit shows that the middle one is functionally
identical to the standard way of using 10 R to reduce the
frequency by a factor of 10. This variety of Wien bridge

Ra oscillator allows for the use of a dual variable capacitor

|_|'330QI Lamp with its frame connected to common ground, making it

icL,” ® \\C2 ouT more convenient to create a multi-decade sine generator.
TLO72 —)

+ The final circuit in Figure 9 shows how to create quadra-
ture outputs by adding two more opamps. The numbers
in front of some Ry resistors indicate a ratio. A value of
10 kQ is a good choice for Ry A quad opamp such as the

c2| M TLO74 is sufficient for this circuit. |4
30p 240008-01
240008-010
A it's clear that I, will be equal to 3x I if p = R/3. This

further improvement results in the circuit of Figure 7. With

Fi 7 d
lgure 7:improve R =39 kQ (R/3 = 13 kQ) and the same variable capac- ~ About the Author

nortonized Wien bridge

without OTA, with itor, the circuit covers a 1:10 range from 15 to 150 kHz. Alain Delahodde is an electronic engineer (Ecole
trimming capacitors. Powered by £12 V, the amplitude is 15 V,, (= 5 Veg). Two de l'air and Supélec) who served in the French Air
trimming capacitors of 30 pF are added to each half of Force, specializing in radar Air Defense Systems
the dual variable capacitor to limit the frequency range and Electronic Warfare. After retiring, he joined Air
and equalize the output amplitude over frequency. The France for French AWACS maintenance. A lifelong
output signal amplitude is stabilized by a small tungsten fan of electronic design, he enjoys finding innova-
lamp (12 V / 20 mA), which acts as temperature and tive solutions in metrology and measuring apparatus.
therefore voltage dependent resistor. In a balanced state, Influenced by publications such as Radio Plans, Le
its resistance is equal to R, = 330 Q. Haut-Parleur, Electronique Pratique, and Elektor, he

values both digital and analog electronics.
The frequency range depends on the three resistors, 2 x R

R c c
" T
Figure 8: There are (at L

least) two equivalent 240008-011
ways to reduce the
frequency by factor 10.
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Lamp

Figure 9: A Nortonized

—SIN SIN
25Rx Wien bridge with
Rx 6 Ry RI3 quadrature outputs.
RX
Rx - |I |I <4

Ca Ch
Ry R

&
240008-012 ;

Questions or Comments?
Do you have technical questions or comments about @ Related Products

this article? Please contact the Elektor editorial team

at editor@elektor.com. > OWON HDS307S (3-in-1) 2-ch Oscilloscope

(70 MHz) + Multimeter + Signal Generator
www.elektor.com/20880
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elektor.com
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Great service. Excellent procuot at a good price

Nice store, f i " Excallont product at a good price with fast trouble fraa deiivery.
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Great service
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MICROCONTROLLERS

Putting a

to the Test

The CH32V003 RISC-V Microcontroller and
MounRiver Studio in Practice

By Tam Hanna (Hungary)

The open-source RISC-V ISA and
ever-dropping manufacturing costs
make a lot of innovation possible. WCH
offers a well-equipped 32-bit controller
ataunit price of $0.10. But what is it
like to work with the controller and the
associated MounRiver Studio IDE?
We put it to the test.

The demands of users are growing constantly, while inflation and
the economic crisis are causing disposable income to shrink. If you
can save costs on the bill of materials by using cheaper parts, you
give your product a valuable competitive advantage.

There is no question that you can always find microcontrollers
based on the once popular 8051 architecture, for example, for well
under a euro/dollar on notorious mail-order platforms. The disad-
vantage of these offers, however, is that the chips are often not
available in unlimited quantities — once a redesign is required,
all the cost benefits will go out the window. Furthermore, it has
always been said that really cheap chips are not particularly easy
to be programmed.

With the availability of the open-source RISC-V architecture, more
powerful controllers can now be realized at low cost because the
license fees for ARM are no longer applicable. In addition, the struc-
tures in the high-end sector are becoming smaller and smaller,
which creates space in fabs.
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Figure 1: The block diagram provides information about the included
peripherals. (Source: WCH)

With the CH32V003, WCH offers a very powerful 32-bit microcon-
troller, which nevertheless costs only 10 US cents per unit. Since
the chip can also be programmed with a — very convenient — IDE
and a more or less fully-fledged C dialect and comes with a lot of
peripherals (Figure 1), this should be enough to motivate us —
and you — to experiment with it.

Buying an Evaluation Board, Setting Up the IDE

It haslong been known that the Chinese semiconductor industry is
relatively indifferent to Western markets. As a result, the in-house
development tools are all too often either not available to Western
developers at all or only available very late. In the case of WCH, the
situation is better in that the company is open to working with
Western customers, at least in principle.

The first step is to order hardware — the author recommends using
the American hardware provider Tindie. In addition to the evalu-
ation board provided under [1], make sure you also purchase the
debugger device provided under [2]. Once it has been delivered by



Figure 2: The evaluation board with pins soldered on...

Figure 3:...and the associated debugging device.

mail (which took a good three weeks to Hungary), you will have the
hardware shown in Figure 2 and Figure 3 in place.

Due to the well-known problems with the pick-and-place process-
ability of the various connectors, some manual work is required in
the case of this hardware. However, with a pin spacing of 2.54 mm,
soldering the connector strips is a task that can be easily accom-
plished with simple tools. It is important to note that the plug on
the programming device is not protected against polarity reversal.
The author used a leftover socket strip to connect the two boards
together (Figure 4).

In terms of the actual development environment, WCH supports
Windows, Mac OS, and Linux equally; the actual tool is an IDE that
WCH obtains from MounRiver.

Figure 4: The controller board and the
programmer/debugger are connected
via a socket.

For reasons of convenience, the author will use Windows 10 in the
following steps. Open [3] to download the file MounRiver Studio
Setup_V192.zip. Then unzip the archive to a conveniently acces-
sible location on the file system and start the installation wizard
— the author chose the folder C:\MounRiver as the location for
the following steps.

For some time now, MounRiver has also offered a variant based on
Visual Studio Code (MRS2). For reasons of convenience though,
the author uses the Eclipse-based version of the IDE in the follow-
ing steps.

Problems? Downgrade!

In the author’s tests, the older version V183 of MounRiver Studio
proved to be more stable in some cases. If you have problems
with the latest version, you can download the older version at
https.//tinyurl.com/MounRiver-Setup-zip.

The first start of MounRiver takes a little longer because the IDE
registers the various drivers for the different command devices
with the operating system. After the work is done, you will see the
start screen shown in Figure 5.

Figure 5: MounRiver is
ready for action!
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Figure 6: Selecting the controller type.

Creating a Project Skeleton

After the successful start of MounRiver, we click on the button
New MounRiver Project. The IDE responds by displaying the project
selection wizard shown in Figure 6.

Since we are using a controller of the type CH32V003F4P6 here,
it is recommended that you select the appropriate template. We
accept the remaining settings exactly as they are and then click
Finish to prompt the system to create the solution. Your efforts will
be rewarded by the appearance of a new project skeleton that you
can explore as usual in Eclipse.

When providing the various libraries, WCH follows the ST and
GigaDevice example: Each project skeleton is given its own comple-
ment of hardware drivers. These can therefore be conveniently
analyzed using the tracking functions included in Eclipse, which,
in conjunction with the datasheet, helps with familiarization.

By default, MounRiver generates a comparatively extensive example
project skeleton that receives the incoming signals at pin PDs,
inverts them and then outputs them to PD6. In both cases, the
example uses the onboard hardware UART.

The next step is to perform an initial startup. Connect the control
unit and the circuit board as shown in Figure 4. If you solder sockets
onto the bottom side, you can avoid fiddling around with jumper
wires, which can sometimes be quite a hassle, especially when
debugger connections are set for fast operation.

USB Via Jumper Wires

The author is aware of attempts to route for example USB 2.0
via jumper wires. What may work “experimentally” can quickly
become an additional (and avoidable) source of faults, especially
in an EMI-prone laboratory.
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Figure 7: The target was successfully recognized.

Inany case, the light labeled PWR should then light up — provided
that the board is in a virgin state.

The first step is to set up a small debug test. To do this, click on the
line to the left of the RCC_APB2PeriphClockCmd command to set a
breakpoint. In the next step, click on the down arrow next to the
configuration icon to open the configuration manager (Figure 7).
Then click on the Query button in the Target Mode section to make
sure that the correct debug tool (WCH-LinkRV) is being used. Finally,
click on Apply and Close.

For the actual program execution, we click on the Debug option in
the next step. We are then notified of the absence of a binary file.
To fix this problem, it is sufficient to initiate a recompilation via
Project - Build Project. As with many other embedded systems, the
first run takes a little longer because the various hardware drivers
also need to be passed through the compiler.

In the next step, we open the debugger configuration management
and, as shown in Figure 8, decide on a variant that is suitable for our
core. Then, click the Debug button to tell the program to start. After
the start, you will initially find yourselfin the function handle_reset.
Note that a “convenience” breakpoint has been set before the first
instruction, a practice you might be familiar with from STM32. After
that, you will find yourself in the expected method, where you can
manipulate the various values in the controller.

Experiments with Peripheral Devices

In the following steps, we will connect the WCH controller to a
potentiometer and use its setting to control an LED. The first task
is to get the ADC of the chip up and running.

To do this, we switch to the .c file, where we call a group of initial-
ization methods:



int main(void)
{
ul6é adc_val;

NVIC_PriorityGroupConfig(NVIC_PriorityGroup_2);
Delay_Init();

USART_Printf_Init(115200);
printf("SystemClk:%d\r\n",SystemCoreClock) ;

ADC_Function_Init();

Calling the USART_Printf_Init method ensuresthatthe printf
output is sent via the internal UART - this is important because it
means you can capture it with a logic analyzer. The ADC_Function_
Init function is responsible for the actual configuration of the
ADC; we will take a closer look at this in a moment.

But before we do that, let’s take a look at the actual application
code, which — asis usually the case —is located in an endless loop:

while(1)

{
ADC_SoftwareStartConvCmd (ADC1, ENABLE);
while(!ADC_GetFlagStatus(ADC1l, ADC_FLAG_EOC));
adc_val = ADC_GetConversionValue(ADCl1);
Delay_Ms(500);
printf("val:%04d\r\n", adc_val);
Delay_Ms(2);

Our first task is to call the method ADC_SoftwareStartConvCmd
to prompt the ADC to start a new conversion. As with almost all
microcontrollers, the conversion does not happen instantaneously.
For this reason, we check the value of the ADC_FLAG_EOC bit — the
while loop only returns when the ADC indicates the end of the
conversion by setting this flag.

AﬂffthataﬂthatmStﬂlnﬁsﬂngisaCaﬂtoADC_GetConversionValue
to write the value to a variable. The specification given in the data
sheet (see Figure 9) states that the value range goes from o to 21°.

For aninitial function test, it is then recommended to place a break-
point at the second belay command and to harvest the value in

Figure 8:
This configuration leads
to the debugger.

the variable using the debugger that has just been introduced.

Next, we will turn to the actual configuration of the ADC. WCH
has opted for an interesting approach here. The individual periph-
eral devices to be initialized are almost always described using an
InitTypeDef class:

void ADC_Function_Init(void)

{
ADC_InitTypeDef ADC_InitStructure = {0};
GPIO_InitTypeDef GPIO_InitStructure = {0};

In the interest of lower energy consumption, the CH32V003
also features clock gating, which is why we call the
RCC_APB2PeriphClockCmd method in the next step to ensure
that the microcontroller’s required peripherals have access to the
clock signal:

RCC_APB2PeriphClockCmd (RCC_APB2Periph_GPIOC |
RCC_APB2Periph_GPIOD, ENABLE);

RCC_APB2PeriphClockCmd (RCC_APB2Periph_ADC1, ENABLE);

RCC_ADCCLKConfig(RCC_PCLK2_Div8);

In the next step, we need to configure the GPIO pin as an input. This
is done by parameterizing the GPI0_InitTypeDef object, whichis
then passed to the GPT0_Init method:

//PC4
GPIO_InitStructure.GPIO_Pin = GPIO_Pin_4;

GPIO_InitStructure.GPIO_Mode = GPIO_Mode_AIN;
GPIO_Init(GPIOC, &GPIO_InitStructure);

Figure 9: The AD converters have a resolution of 10 bits.
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Initializing the ADC is a bit more complicated because modern
microcontrollers usually offer dozens of different ways to control
clock sources and conversion triggers. The configuration shown
here represents the bare minimum:

ADC_DeInit(ADC1);
ADC_InitStructure.ADC_Mode = ADC_Mode_Independent;
ADC_InitStructure.ADC_ScanConvMode = DISABLE;
ADC_InitStructure.ADC_ContinuousConvMode = ENABLE;
ADC_InitStructure.ADC_ExternalTrigConv =
ADC_ExternalTrigConv_None;
ADC_InitStructure.ADC_DataAlign =
ADC_DataAlign_Right;
ADC_InitStructure.ADC_NbrOfChannel = 1;
ADC_Init(ADC1l, &ADC_InitStructure);

ADC_RegularChannelConfig(ADC1, ADC_Channel_2,

1, ADC_SampleTime_241Cycles);
ADC_Calibration_Vol(ADC1, ADC_CALVOL_50PERCENT);
ADC_Cmd (ADC1, ENABLE);

Last but not least, the methods ADC_ResetCalibration(ADC1)
and ADC_StartCalibration(ADC1) are called to initiate a software
calibration of the ADC. This is an algorithmic procedure that seeks
to correct hardware imperfections through numerical processes:

ADC_ResetCalibration(ADC1);

while (ADC_GetResetCalibrationStatus(ADC1));
ADC_StartCalibration(ADC1);
while(ADC_GetCalibrationStatus(ADC1));

If you connect the input pin — perhaps via a small series resis-
tor for safety reasons — to a 10 kQ) potentiometer connected to 0
and 3.3V, you can execute the program at this point and enjoy the
values appearing in the variable.

In the next step, we have to work out how to control the LED. To
do this, we initialize another GPIO pin:

void GPIO_Function_Init(void)

{
GPIO_InitTypeDef GPIO_InitStructure = {0};
RCC_APB2PeriphClockCmd (RCC_APB2Periph_GPIOD, ENABLE);
GPIO_InitStructure.GPIO_Pin = GPIO_Pin_7;
GPIO_InitStructure.GPIO_Mode = GPIO_Mode_Out_PP;
GPIO_InitStructure.GPIO_Speed = GPIO_Speed_50MHz;
GPIO_Init(GPIOD, &GPIO_InitStructure);

}

The most important difference to the above is that we now set
the mode to GPI0_Mode_out_PP and configure the pin as a
digital output. Similarly to STM32, it is also possible to adjust the
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“maximum edge steepness” using the GPI0_Speed attribute —a
measure that is not absolutely necessary here due to the maximum
clock rate.

The next step could be to instruct the LED to flash according to
the following scheme:

while(1)
{
printf("val:%04d\r\n", adc_val);
Delay_Ms(2);
GPIO_WriteBit(GPIOD, GPIO_Pin_7,
(i == 0) ? (i = Bit_SET)
(i = Bit_RESET));

What is particularly interesting here is that the GPT0_WriteBit
method relies on a ternary operator to determine the actual value
to be written to the pin transceiver. In the first step, a comparison
is made to see whether the value of variable i is zero. Ifitis, an
assignment is carried out depending on the respective value. When
the program is executed, the LED flashes periodically.

As a final small demo, let’s implement a primitive pulse width
modulation. It is a fact that almost all modern microcontrollers
come with extensive PWM hardware — but getting it up and
running requires studying the datasheet. At this point, we will
therefore simply use the software PWM:

while(1)
{

ADC_SoftwareStartConvCmd (ADC1, ENABLE);
while(!ADC_GetFlagStatus(ADC1l, ADC_FLAG_EOC));
adc_val = ADC_GetConversionValue(ADC1);
//Delay_Ms (500) ;

printf("val:%04d\r\n", adc_val);

Delay_Ms(2);

for (int outer=0;outer<l0;outer++)

{
for(int inner = 0; inner<1024;inner++)
{
if(inner<adc_val)
GPIO_WriteBit(GPIOD,
GPIO_Pin_7, Bit_SET);
else
GPIO_WriteBit(GPIOD,
GPIO_Pin_7, Bit_RESET);
3
3

As the final step, we execute the program again. Now the brightness
of the red LED can be adjusted using the potentiometer.



Documentation

It is out of the question to describe a microcontroller in full in a
technical article. Although WCH focuses its in-house resources
on the domestic market, the documentation department is also
willing to respond to Western developers — field engineers are
happy to answer questions in English in the manufacturer forum.

Those who want to search for resources on their own initiative
will find what they need in the first step in the GitHub repository
provided at [4]. As shown in Figure 10, the subfolder [5] contains
a collection of examples that developers can choose from as they
please.

A nice fact that usually cannot be taken for granted with Chinese
microcontrollers is that complete English-language documenta-
tion is provided. The datasheet can be found at [6].

Procuring the Controller

At the time of writing, a search for the string CH32V003F4P6 in
a component search engine returns almost no results. On AliEx-
press, WCH now offers packages of 50 of the various controllers,
which — after taking shipping costs and customs into account —
cost around €0.30 each when they arrive at the author’s laboratory
in Budapest.

In practice, it is more advisable to leave the procurement of the
controller in quantities to the manufacturer. If the manufacturer
isin Asia, it is usually easy to procure the controllers from WCH,
which are generally always available from stock.

Ifthis is not feasible, WCH is very cooperative even with the small-
est customers. Visit the URL of the respective chip family [7] and
scroll down to contact the controller manufacturer’s sales team,
which is generally very responsive.

A Chip to Be Aware Of

There is no question that chips such as STM32 and ESP32 are very
easy to program. However, if you take a look at the BOM, you will
quickly realize that the chips are anything but inexpensive, proba-
bly also due to the large die size.

The controller presented here may not be able to keep up with its
established competitors in terms of “ease of use,” but it is many

== WEB LINKS

Figure 10: Comprehensive code examples accompany the core.

times cheaper. For this reason alone, it is a chip worth knowing
about, especially if you are considering a larger series. 14
Translated by J6rg Starkmuth — 250042-01

Questions or Comments?

Do you have questions or comments about this article? Email
the author at tamhan@tamoggemon.com, or contact Elektor at
editor@elektor.com.
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PROJECT

An FPGA-Based

with Equalizer (2)

Adding Volume Control, Advanced Mixing, and a Web Interface

By Dr. Christian N6ding (Germany)

We continue our series on creating an
FPGA-based audio player with equalizer
functionality. Here, we'll implement
advanced audio processing features like
equalization, dynamic compression, and
crossover filtering, as well as a web interface
to control it all.

In the first part [1] we covered the basics: preparing the toolchain,
setting up the hardware, and introducing audio signal processing
concepts. Now it's time to tackle the actual signal processing part
and finish the project!

The most basic audio processing that needs to be implemented now
is a volume control of the individual channels. This can be done using
one or more of the 9 x 9 bit DSP multiplicators of the FPGA, to perform
a signed integer multiplication with the signal. To reduce the number
of used DSP multiplicators, | used an unsigned 8-bit volume signal
between 0 and 255. After the multiplication, we can divide by 128
simply by shifting the result 7 bits to the right (without using any kind
of DSP slices within the FPGA) to achieve a volume control between
0 % and 200 %, which allows both to attenuate strong audio signals
and to amplify low-level audio signals.

From Volume Control to Mixing

There's only a small step between a simple volume control and a mixer.
To mix different audio sources together, the process works just like
on an analog mixing console, where each input channel has its own
volume potentiometer. The user selects the desired volume level for
each input signal, and then all the signals are added together to produce
an output signal. This means the volume control block described in
the previous paragraph can be reused. In our case, each audio input
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signal is actually controlled by two volume signals: one for the left
channel and one for the right. This allows for precise adjustment not
only of the mix but also of the stereo balance.

With our reusable multiplication process in VHDL, we can create
a multi-channel audio mixer simply by sequentially using the same
multiplicator unit for all audio signals. As the clock of the FPGA with
at least 100 MHz is around 2000 times faster than the audio clock with
48 kHz, a lot of sequential multiplications are no problem, and the
latency is around 200 ns for this block. In total, there are 22 channels:
2 channels from an external ADC, 2 from an SD Card, 2 from the S/
PDIF input and 16 from the UltraNet input. Each of the 22 mono audio
samples is fed into an audio mixing block, where it is multiplied with
its corresponding 8-bit volume factors.

The first seven bits of each volume factor are used to control the
volume of the corresponding input signal between - dBgg (0%) and
0 dBgg (100%). Using the last bit allows an additional volume gain
of +6 dBgg (200%) to boost weak input signals. As all samples are
processed as signed integers, the resulting 44 channels (22 for the
left and 22 for the right) are summed using a simple addition. In case
the multiple 24-bit input signals contain high volumes (which would
result in clipping and digital distortion in the sum), the output signal
is processed on 36 bits to avoid clipping.

Digital or Analog?

What good is the best logic if we don't hear anything yet? So, we must
find a solution to connect some speakers to our new audio mixer. If
you have an Audio-Video Receiver (AVR) in your home-cinema, you
can use its TOSLINK input. From the website ackspace.nl [2], | found
an implementation in VHDL of an S/PDIF transmitter which outputs
differential Manchester-encoded AES/EBU signals, directly fed with
our 24-bit logic vectors. But in case the system driving your speakers
only has analog inputs, we must find another solution.

PWM is the tool of choice for most things, but for an audio signal
we would get an unsatisfactory result: at modulation frequencies



Listing 1: Computing coefficients for a peak filter.

double V = pow(10.0, fabs(gain)/20.0);

double K = tan(PI * frequency/48000);
L doubl 5 ill i to bo
around 48 kHz, the resolution is reduced to only a ouble norm; // we will normalize to
. \ . double coeff_a[3];
few bits. To overcome this, the triangle generator
double coeff_b[3];

needed for PWM generation would need to run at
about 805 GHz! We took some effort to keep audio
samples at 24-bit - we are not prepared to give that up

norm = 1.0 /

if (gain >= 0) { // coeffs for positive gain-values

(1.0 + 1.0/Q * K+ K x K); // norm = 1/b0

now. An external 1S DAC could be a solution; ICs like Coe:‘a[? i ;150: \é/f ; f Jlr g **K> ) rjorm;
the PCM5102A for example are available for under 5 €. Coeff‘a[; B (i 5 _(V ‘K +.K)* Knozm’ )
While reading audio articles, however, one term kept coeff_al2] = (1. /Q o ) * norm;
appearing repeatedly: Direct Stream Digital (DSD) coeff_b[0] = 1.0; // normalizing to b0 reduces to 5 coeffs
If the articles are to be believed, DSD is supposed coeff_bl1] = coeff_al1];
coeff_b[2] = (1.0 - 1.0/Q * K + K x K) *x norm;

to have extraordinary audio qualities. DSD is using a
Pulse Density Modulation (PDM). While PCM audio
transmits clocked audio samples, PDM transmits a

telse{ // coeffs for negative
norm = 1.0 /

gain-values

(1.0 + V/Q x K+ K x K); // norm = 1/b0

continuous audio stream coeff_a[®] = (1.0 + 1.6/Q * K + K x K) * norm;
' coeff_a[l] = 2.0 * (K x K - 1.0) * norm;
. . . ff_a[2] = (1.0 - 1.0 K+ Kx* K 3
For this, PDM uses a high-frequency base-clock in coeff_al2] ( /Q *, _+ * K) x norm;
the range of several MHz. For 48 kHz audio we can coeff_b[0] = 1.0; // normalizing to b0 reduces to 5 coeffs
L ff_b[1] = coeff_a[1];
use 100x oversampling with 4.8 MHz, a frequency an coeff_bl1] = coeff_alll;
coeff_b[2] = (1.0 - V/Q * K + K x K) *x norm;

FPGA can deal with easily. From [3] we can get a PDM
modulator in VHDL which takes a logic-vector with
a 24-bit signed audio sample and a clock signal. As
output, we will get a pulse-density modulated signal.
The charm of this solution is the easy conversion to a real analog
signal: a simple low-pass filter. Using the cut-off frequency of 48 kHz
and choosing a resistance of 10 kQ as a target, we can calculate the
capacitance with the following equation:

1 1
C'“P_Z-n-R-fC_Z-n-lokQ-48kHz

~ 330pF

330 pF is a standard value for ceramic capacitors. From now on, our
Arduino board can generate one or more nice and clean audio signals,
and that for a couple of cents instead of the price for an 12S DAC.
Wonderful!

More Bass!

If your audio file or the live input of the ADC sounds a bit flat, you might
want to add some equalizing functions. As our FPGA has thousands
of spare logic elements, we can add a parametric equalizer. A quick
search on the Internet reveals that IIR filters are quite universal. The
lIR equation uses a few coefficients, needs a storage for previous input
and output samples and uses mainly multiplications:

y[n] = bio(ao “x[0] + ay - x[=1] + az - x[=2] = by - y[=1] = by - y[-2])

A diagram explaining the coefficient in brackets on the right is given
in Figure 1. The division by b, can be moved to the microcontroller
by dividing all other coefficients by b, Two or more of these filters
can be put in series so that we are able to adjust our audio-sample at
several frequencies. With the 6 coefficients a, and b, we can control
the behavior of the filter. The online tool “Biquad calculator v3" [4] next
to the Audio EQ Cookbook [5] can be used to calculate all coefficients
to form a low-pass, high-pass, peak or shelf filter with a single differ-
ence equation. Calculating a general Peak-EQ with frequency, quality

factor and gain control, the microcontroller calculates the coefficients,
as shown in Listing 1.

As by equals 1, there are 5 remaining coefficients (most of them are
far below 1.0) to be transmitted to the FPGA by UART. There we must
calculate the equation in real time for each audio sample. But wait:
our FPGA has no floating-point unit and cannot compute that with
the required resolution... so we must think around the corner and
use a simpler math. A solution is to multiplicate all coefficients with
numbers in base 2, do some integer multiplication in the FPGA and
divide using bit shifting at the end - the so called fixed-point arith-
metic. For conventional parametric equalizers it is sufficient to use
Q30 numbers [6], meaning we have 30 bits reserved for the fractional
part leaving two bits for the integer part. So, multiplying with 230 =
1,073,741,824 will do the job

The Cyclone 10CL016 on the Arduino Vidor 4000 is a quite small FPGA
with only 112 9x9 bit DSP multiplicators. As each IIR filter needs a muilti-
plication of our 24 to 36-bit audio signal with five 32-bit coefficients, our
DSP slices in the FPGA would not be sufficient for multiple equalizers.

)
x[0] y[0]
x[-1] y[-1]
4, 'bz
x[-2] > < yl-2]

Figure 1: lIR-filtering (right hand term of equation 2) explained visually.
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Following the volume control of the audio signal previously in this
article, we can reuse a single multiplication process several times
to save DSP slices. Using a pipelined VHDL structure we can multi-
ply the coefficients using the same multiplication process five times.
Again, as the FPGA is using a 100-MHz clock, each IIR filter is calcu-
lated within 130 ns here, while a new audio sample is received after
20.83 ps — we have plenty of time.

The calculation then is straightforward: looking at the equation of the
lIR filter, we calculate a fixed-point multiplication of the feedforward
signals (i.e, multiplying the incoming signals “x” with the "a" coeffi-
cients), shift 30 bits to left, build the sum, calculate multiplication of
feedback signals, (i.e.,, multiplying the output signals "y" with the "b"
coefficients), shift 30 bits to right and subtract the signals. After thirteen
clock cycles, we obtain the result of the IR filter, and we can reset the
sequence. This means, each filter adds another 130 ns to the signal.
In the final project, our Cyclone 10 has enough free logic elements
for up to five stereo EQs.

Let’s Rumble

As a trumpet player in a big band, | like some good and low bass. So, |
pondered how to integrate a subwoofer to the system. | was aware of
several kind of crossover filters, and Elektor had already shown some
great active audio crossover filters in the past. Up to now, we have
a great audio device, which means, we shouldn't make any conces-
sions, right? A 4th-order Linkwitz-Riley crossover with a 24 dB/octave
slope to separate signals between subwoofers and tweeters should
be good enough for my expectations. The main advantages of such
sharp filters are a 360° phase shift to stay in phase and the absence
of any frequency boost at the crossover point - after all, we want to
do the equalizing intentionally via our fresh PEQ section.

The calculation at the FPGA side follows the calculation for the IIR
filter, except that the number of coefficients has been doubled: five
coefficients for feedforward and five for the feedback signals. We also
need to increase the accuracy of our fixed-point calculation for this kind
of filter to at least Q35, to allow crossover-frequencies below 100 Hz.

Figure 2: Frequency response of different filter settings.

110 May & June 2025 www.elektormagazine.com

As Q35 is above typical 32-bit values, we must use a 64-bit signed
integer within the Arduino code as well. I'm using a 64-bit union type
for dual use as double and 64-bit signed integer directly (Listing 2).

To test the implemented filters, | measured the input-output-charac-
teristics with a Bode 100 Vector Network Analyzer using different EQ
settings. The analyzer generates a frequency sweep over a desired
range. Here, | took frequencies between 10 Hz up to 100 kHz. As we
are using an audio sample rate of 48 kHz, we do not expect any signal
above 24 kHz and that's exactly what we can see in Figure 2.

The graph also shows the effect of peak, bandpass and notch filters as
well as high-pass and a Low-Shelf-Filter with different gains. As you
can see, we can achieve the desired frequency responses. In general,
we get a signal-to-noise ratio of at least 60 dB which is quite good,
but I could spend some more effort on the analog part of the circuit.
On the other hand, we can also get some noise under control digitally.

Getting Dynamics and Noise Under Control

Static audio mixing is one thing, but what if your source has some
surprising loud pops and hisses? To get these nasty things under
control, dynamic compressors and noise gates have been developed
in the past. The basic function of a compressor is to reduce the volume
when a threshold value is exceeded. So, we need something to compute
and control the gain, as well as a time-controller for adjusting attack
and release. The calculation for the gain looks like this:

|sample| — threshold
ratio
|sample|

+ threshold

gainmrget =

For implementing in VHDL, we must consider that we need two
divisions. Unfortunately, divisions require lot of logic if we just use the
"/" operator. To fit a three-way audio compressor into the remaining
logic elements, | used a simple bit-shifting for calculating the ratio in
fixed base 2 steps (2:1, 411, 81, etc.) and for a better audio performance
an SRT division algorithm (or Radix 2 division) [7] for the calculation of
the gain itself. The final compressor takes 1244 LEs and 4 multipliers.



Listing 2: Computing coefficients for a Linkwitz-Riley filter.

double wc = 2.0 * PI * frequency;

double wc2 = wc * wc;

double wc3 = wc2 * wc;

double wc4 = wc2 * wc2;

double k = wc / tan(PI * (frequency/48000));
double k2 = k * k;

double k3 = k2 x k;

double k4 = k2 x k2;

double sq_tmpl = sqrt(2.0) * wec3 * k;

double sq_tmp2 = sqrt(2.0) * wc * k3;

double a_tmp = 4.0 * wc2 * k2 + 2.0 x sq_tmpl + k4 + 2.0 * sq_tmp2 + wc4;

union_64b coeff_a[5];

union_64b coeff_b[5];

if (isHighpass) {
// coefficients for HighPass-Filter
coeff_a[0].d = k4 / a_tmp;

coeff_a[l].d = -4.0 * k4 / a_tmp;
coeff_a[2].d = 6.0 * k4 / a_tmp;
coeff_a[3].d = a[l].d;
coeff_a[4].d = a[0].d;

telse{

// coefficients for LowPass-Filter

coeff_a[0].d = wcd / a_tmp;
coeff_a[l].d = 4.0 * wc4 / a_tmp;
coeff_a[2].d = 6.0 * wc4 / a_tmp;
coeff_a[3].d = a[l].d;
coeff_a[4].d = a[0].d;
}
coeff_b[1].d = (4.0 *x (wc4 + sq_tmpl - k4 - sq_tmp2)) / a_tmp;
coeff_b[2].d = (6.0 *x wc4d - 8.0 *x wc2 * k2 + 6.0 * k4) / a_tmp;
coeff_b[3].d = (4.0 *x (wc4 - sq_tmpl + sq_tmp2 - k4)) / a_tmp;
coeff_b[4].d = (k4 - 2.0 * sq_tmpl + wc4d - 2.0 * sq_tmp2 + 4.0 *x wc2 * k2) / a_tmp;

// convert to Q35-format

for (int i=0; i<5; i++) {
coeff_a[i].s64 = coeff_a[i].d *x 34359738367;
coeff_b[i].s64 = coeff_b[i].d * 34359738367;

Now, when a signal has a level above the threshold, the gain-com-
puter will reduce the gain depending on the amount of overshoot and
the selected ratio. The attack and release timing is realized via a first
order low-pass filter with a switched coefficient a depending on the
current state (attack = a, or release = ag ):

gain[n] = (ax . gain[n - 1]) + (1 - ax) . gaintarget

The switching between the coefficients and the general control of
the effect is done using a small state machine with only five states:
s_Idle, s_Attack, s_Active, s_Hold and s_Release. While attacking
and releasing is done using the low-pass filter, for the hold a simple
counter with precalculated number of audio samples based on the
audio sample rate is used.

In the end, a noise gate is very similar, as it has an almost identical

structure. Only the direction for comparing the signals and the gain
is different: gaing,seq = 0% ... 90% for a closed gate and gain,peneq
=100% when opened. The timing for attacking and releasing the
gate can be done using the same low-pass filter approach as the
compression.

Final FPGA Structure and Practical Build

The FPGA has its desired structure to handle all kind of different digital
audio data in real time. Handling data with logic vectors should avoid
problems with slightly different clock rates if all systems are using
48 kHz as sample rate. Certainly, this is far from a final product you
would buy for a professional event, but it is a solid opener into this world.
Figure 3 shows the final structure with all implemented blocks for
conversion, volume control and equalization. Within Quartus you can
add or remove single functions within the graphical interface of the
block diagram. Depending on your machine the synthesizing process
will take between 3 to 8 minutes until a new bitstream file is created.
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Figure 3: Overview of the
whole FPGA-structure.

Figure 4: The test setup. Here a small S/PDIF-to-Analog converter was used
to make the output audible.

For testing, all the modules (S/PDIF converter, ADC and the Arduino
Vidor 4000) were connected together using jumper wires. A picture
of the setup is shown in Figure 4.

(Mobile) Controlling

Now that the FPGA is doing its job, we can get back to the NINA W102
module again. First, we must find a solution to update the firmware
of the ESP32 chip inside the module. Luckily, ESP32 chips have a
serial bootloader that can be activated using a special GPIO together
with the RESET signal. The FPGA tunnels these pins to the SAMD21,
that parses incoming ASCII commands from the USB connection.
Commands starting with samd will be processed by the SAMD. All other
commands will be passed to the ESP32/NINA. With this command
structure, this system can be reused for your own projects quite easily.
Sending the following command triggers the bootloader of the ESP32
and passes all USB-communication through the FPGA to the ESP32:

samd:update:nina

From now on, we can use the usual Arduino toolchain for the ESP32
or the Python script esptool.py directly to upload new code to the
ESP32 controller. A press on the reset button of the MKR board or a

power cycle terminates the upload mode.

The implemented webserver (see part 1[1]) offers several functions
to control the whole system (see Figure 5). Next to general playback
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controls you can change the mode and parameters for all five PEQs,
the crossover and the dynamic processing in real time. A nice feature:
a JavaScript function calculates the frequency response and shows
the current state of the five PEQs connected in series in one diagram.
One disadvantage of the NINA W102 is the relatively small 2 MB of
Flash memory available, where 1.9 MB are reserved for the application
and 190 kB for SPIFFS (using the "Minimal” ESP32 partition scheme).
Thus, we cannot use the internal flash for storage, but we must load
all files from an SD-card. Unfortunately, there is no SD card holder on
the Arduino Vidor 4000. | used an old MicroSD card adapter that | had
and soldered wires to it, as you can see in the Figure 4.

A function within the JavaScript file src/ajxrfrsh.js is polling update-data
from the ESP32 by calling the page /json. The C-code is then collect-
ing all information and will return the data to the client in JSON-format
which will be parsed and put to the individual HTML-elements using
document.getElementById().On loading the main-page two other
functions are called: loadTitles() and initEQ(). LoadTitles()
from the file src/player.js calls the page /toc that instructs the ESP32
to call the internal C function SD_getT0C () that crawls through the
SD card and collects all playable audio files (the file formats currently
supported are MP3 and WAV) and sends the titles together with their
size back to the client device. initEQ() from src/eq.s finally creates
the canvas for the EQ diagram using the component Plot 1y from
the file src/plotly.js. On each change of one of the EQ parameters,
the functions setPEQ() and updateEQ() are called to send values
to the ESP32 and update the EQ response diagram.

As we have three devices that allow bidirectional communication, |
have implemented some command-interpreter to the system; so it is
also possible to control the device from a simple terminal program
on a PC or another microcontroller. In normal mode, all ASClI-based
commands sent from a computer to the SAMD21 will be forwarded
to the ESP32. There are commands for mixing and playback, and
configuring the parameters like volume and filter coefficients. See the
Command Overview text frame.

Full-featured Digital Audio Mixing Console

The final device is impressive: it mixes multiple channels of 24-bit
digital audio with a 5-band parametric stereo equalizer, a noise gate,
dynamic compression, and an LR24 crossover for a 2.1 speaker-system
with analog and digital output — everything on a PCB of only 20 cm?



of surface area! Dealing with audio and an FPGA is a great opportu-
nity to get in touch with digital signal processing in general, having fun
at the same time as you can hear the results directly while learning.

Command Overview

In normal mode, all ASCll-based commands sent from a
computer to the SAMD21 will be forwarded to the ESP32.

But if you prefix with samd :, the device will try to interpret the
command itself.

Here is a selection of the most important commands for mixing
and playback, executed by the ESP32 of the NINA SoC:

> Play a desired file:
player:file@filename.mp3

> Play a desired network-stream:
player:stream@http://stream.m3u

> Play/pause/stop current file (or stream):
player:play / ..:pause / ..:stop

> Request current file:
player:currentfile?

> Request current position:
player:position?

> Set the main or subwoofer volume between -140 dB and +6 dB:
mixer:volume:main@-12
mixer:volume:sub@-5.8

Figure 5: Web interface
with player-controls and
equalizer.

In the process, | learned that dealing with fixed-point integers entails

the problem that your data can clip. That led me to the solution: the

audio mixer should be processing the audio internally on 36 bits, while

> Set volume of channel 4 between -140 dB and +6 dB:
mixer:volume:ch4@-8.5

> Set balance of channel 6 between left (0), center (50) and
right (100):
mixer:balance:ch6@25

> Set PEQ #2 to type “Peak” at 250 Hz with Quality 2.1 and a
gain of +19.2 dB:
mixer:eq:peq2@l,250,2.1,19.2

> Set the low or high-pass to 95 Hz:
mixer:eq: lp@95
mixer:eq:hp@95

> Set the noise-gate to -60 dB with 30 dB range:
mixer:gatel@-60,40,10,50,258

> Set the compressor 2 to -20 dB, ratio 4:1, +6 dB makeup:
mixer:comp2@-20,4,6,10,10,151

There are more commands for controlling the player position,
the Wi-Fi configuration, or other parts of the system. Have a look

into the file Communication.ino within the NINA sketch folder, or

see the documentation itself [11].
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Figure 6: Overview of an alternate design using 36-bit vectors.

keeping 9-bit DSP-multiplicators in mind. Of course, this would use
much more logic. An overview of this alternate design using 36-bit
vectors is shown in Figure 6.

At the end, 94% of the available logic elements are used, leaving 854
LEs available for some more stuff. The achieved experiences regarding
filters can easily be transferred to video or other types of signal-process-
ing. But the best thing is the simple, frustration-free, and expandable
realization using the Arduino MKR-boards to get a full-featured digital
audio mixing console in HD-quality. You can find the whole project with
all sources on Github [8]. This FPGA-based audio player can serve as a
basis for other follow-up projects. For example, together with students
of the University of Kassel we built a fully digital Class-D amplifier [9].
| also made a DIY expansion card for the Behringer X32, adding 32
extra channels to create a 64-channel mixing console [10]. These two
projects build on the concepts covered here and showcase the versa-
tility of this FPGA audio platform for advanced audio applications. I«

230632-B-01

Questions or Comments?

Do you have questions or comments about this article? Feel free
to contact the author at christian@noeding-online.de, or contact
Elektor at editor@elektor.com.
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