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ABSTRACT

Most real systems, from acoustics to analog electronics, are
characterised by bidirectional coupling amongst elements rather
than neat, unidirectional signal flows between self-contained mod-
ules. Integrating digital processing into physical domains becomes
a significant engineering challenge when the application requires
bidirectional coupling across the physical-digital boundary rather
than separate, well-defined inputs and outputs. We introduce an
approach to hybrid analog-digital audio processing using synthetic
impedance: digitally simulated circuit elements integrated into an
otherwise analog circuit. This approach combines the physical-
ity and classic character of analog audio circuits alongside the
precision and flexibility of digital signal processing (DSP). Our
impedance synthesis system consists of a voltage-controlled cur-
rent source and a microcontroller-based DSP system. We demon-
strate our technique through modifying an iconic guitar distor-
tion pedal, the Boss DS-1, showing the ability of the synthetic
impedance to both replicate and extend the behaviour of the pedal’s
diode clipping stage. We discuss the behaviour of the synthetic
impedance in isolated laboratory conditions and in the DS-1 pedal,
highlighting the technical and creative potential of the technique as
well as its practical limitations and future extensions.

1. INTRODUCTION

Virtual analog modelling, or the digital simulation of nonlinear
analog circuits, remains a topic of considerable interest in audio
research [1} [2]. Virtual analog circuits offer practical advantages
over their physical counterparts, including cost, precision, flexi-
bility and replicability. By necessity, however, many elements
of audio systems must remain analog, including pickups, micro-
phones, loudspeakers (and their associated amplifiers), acoustic
instruments and of course the human body itself. The question
for audio system designers thus turns to where to draw the bound-
aries between physical and digital domains. In audio, boundaries
are typically drawn through directed signal flows between self-
contained units: signals flow from (low-impedance) outputs to
(high-impedance) inputs and not vice-versa. Where digital audio
processing is incorporated into analog systems, digital and ana-
log regions are typically separated by such an impedance bound-
ary which allows well-defined inputs and outputs from each re-
gion. Alternatively, digital systems can manipulate the parameters
of an analog circuit through control voltages (CVs) or digital po-
tentiometers, which are also typically unidirectional in their effect.
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More challenging is true bidirectionality, where audio-rate sig-
nals flow flexibly back and forth between digital and analog do-
mains across a single junction. Bidirectional coupling and mu-
tual influence amongst components are intrinsic properties to most
physical systems, including acoustic instruments and analog elec-
tronics [3]]. Integrating bidirectionality into different layers of au-
dio technology holds promise for tighter physical-digital integra-
tion with particular applications in musical performance, includ-
ing more intimate control of sound synthesis [4] with interfaces
supporting collocated sensing and actuation [5]. Implementing
this bidirectionality with digital systems remains a conceptual and
practical engineering challenge [6].

This paper proposes an approach to creating hybrid digital-
analog audio circuits where the relationship between domains is
intrinsically bidirectional. Drawing on research from active vibra-
tion control [7], we implement a digitally simulated analog circuit
element whose impedance is programmable using real-time digital
signal processing. One or more such elements can be incorporated
into an analog circuit, including classic guitar pedals or synthesis-
ers, as a replacement for obsolete or unreliable components or as a
form of creative modification or circuit bending [8].

The contributions of this paper include a technique for sim-
ulating analog circuit elements with digital impedance modelling
and a practical implementation of the synthetic impedance sys-
tem using an embedded digital signal processing (DSP) board. We
demonstrate an application of the synthetic impedance by replac-
ing and subsequently modifying the diode clipping stage in the
classic Boss DS-1 guitar distortion pedal. Results show that the
synthetic diodes have similar behaviour in the actual pedal as the
original diodes they replace, while being easily reprogrammable in
software. Section 2 of the paper lays the theoretical foundations,
while Section 3 details the circuits and signal processing of our
implementation. Section 4 presents a case study with the DS-1,
whose results are summarised in Section 5. Section 6 discussions
the implications, limitations and possible extensions of this work.

2. BACKGROUND

2.1. Modularity and Unidirectionality in Audio Systems

Modularity is a foundational principle of engineering. The design
and analysis of complex systems is greatly simplified when they
can be separated into discrete, self-contained subcomponents with
intrinsic properties that are insensitive to what they are connected
to. Components of audio systems, including synth modules and
effects units, typically exhibit an impedance bridging property [9]]
where connections are made from the low-impedance output of
one unit to the high-impedance input of the next. In the idealised
case of zero output impedance and infinite input impedance, the
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operation of each unit is entirely independent of what it is con-
nected to, with no crosstalk or loading effects (at least in cases
without feedback loops). Digital audio systems typically also adopt
this rigid distinction between inputs and outputs, reinforced by the
unidirectional behaviour of analog-to-digital and digital-to-analog
converters (ADCs and DACs) and even the design of microproces-
sors themselves, where distinctions between data inputs and out-
puts are encoded at an electrical register level [6].

The unidirectional signal flow model is a convenience, not
a necessity [6]. In RF engineering (amongst other domains),
impedance matching (rather than bridging) is commonplace to
promote maximum power transfer and minimise signal reflections.
In acoustic systems including musical instruments, vibrating struc-
tures mutually influence one another, and the behaviour of the
whole system can only be understood by analysing the interde-
pendencies of components. For example, in reed instruments, tone
production depends on mutual coupling between lip force, reed
stiffness and reflected waves in the air column of the instrument
[10], while on the guitar, the mutual coupling of strings and body
affects both the projected acoustic sound and the decay time of the
strings themselves, often in frequency-dependent ways [[11].

At a basic electrical level, all circuits involve mutual depen-
dencies between individual components rather than directed signal
flows; the entire history of virtual analog modelling has grappled
with how to efficiently deal with these (often nonlinear) relation-
ships in a computationally tractable way [12]. In many practi-
cal cases, these mutual dependencies extend across boundaries of
nominally independent devices. For example, electric guitar pick-
ups exhibit frequency-dependent impedance of tens or hundreds of
kilohms across the audio range [13]], which interacts with the finite
input impedance of most amplifiers. Confounding the input/output
distinction has been the locus of many experimental practices, in-
cluding feedback musicianship [14}|15] and the synthesisers of Pe-
ter Blasser, which introduce "sandrodes" or "androgynous" circuit
nodes functioning as both inputs and outputs and defying tradi-
tional unidirectional signal flows [16].

2.2. Analog Modelling and its Limitations

A classical method of analysing electronic circuits involves nodal
analysis in the Kirchoff domain: a system of ordinary differen-
tial equations (ODESs) can be written involving the voltage at each
node of the circuit, the currents through each component, and the
(possibly nonlinear) impedances of each circuit element. Solving
this system of ODEs becomes computationally expensive for large
circuits, and the presence of nonlinearities often requires the use of
iterative algorithms such as Newton-Raphson. In audio, even a rel-
atively simple a diode clipper circuit with an embedded low-pass
filter — the foundation of distortion pedals — requires an iterative
approximation approach to solve a nonlinear ODE [17].

Wave Digital Filters (WDFs) [18]] have proven enduringly pop-
ular for virtual analog modelling, including of nonlinearities [19];
WDFs reformulate the familiar Kirchoff variables into incident
and reflected wave variables. Classical WDFs allowed a single
nonlinearity to be simulated at the root of the WDF tree, though
more recent work has enabled the simulation of circuits with mul-
tiple nonlinearities [20} 21]]. Recent research on WDFs also fo-
cused on more efficient and/or non-iterative methods [[1} 2], includ-
ing solving the diode nonlinearity analytically with the Lambert
W function [22], or through its approximation using the Wright
Omega function [23].

Aside from these ongoing computational challenges, our work
is motivated by a conceptual conundrum in virtual analog (VA)
modelling: where does the simulation end? If a VA system is used
for performance rather than purely for analysis, then there must ex-
ist some boundary between the simulation and the analog or digital
signals connected to it. Pursuing an accurate and comprehensive
model of a complex analog system will push the designer to in-
clude more and more of that system in the simulated domain. The
natural stopping points are impedance boundaries: low-impedance
voltage sources or connections to high-impedance inputs, which
might be found within an analog device (for example, at the out-
put of an op amp) as well as at its exterior connections.

However, what if we want to digitally simulate only part of an
analog circuit, and there are no impedance boundaries separating
the part we want to simulate versus the part we want to leave in its
original form? What happens if the connection to the audio source
does not lend itself to the idealised impedance bridging situation
to begin with (e.g. for certain guitar or microphone preamplifiers)?
Does the simulation then need to extend to the instrument and even
the player? There is an opportunity for digital simulation which
can co-exist flexibly with literal analog systems.

2.3. Synthetic Impedance

One approach to integrating digital and analog systems is to cre-
ate a digital facsimile of an analog component, which can then
be integrated into a circuit similarly to the original. This idea
is commonly known as synthetic impedance (or admittance [7]),
and it can be found in many domains including acoustics [24]
and meta-materials [25]. In electronics, a synthetic impedance
involves a voltage-controlled current source (VCCS) designed to
emulate an arbitrary two-terminal circuit element by establishing
an arbitrary relationship between input voltage and output current.
Research on driving-point impedance as a function of frequency
dates back to the early 20th century, with Foster’s Reactance theo-
rem [26]], and Brune’s synthesis of arbitrary two-terminal networks
with frequency-dependent impedance [27].

More recently, digital impedance synthesis has been gaining
traction in instrumentation engineering, material science and vi-
bration control. This approach uses a DSP unit alongside a cur-
rent source to simulate circuit components, which can be linear or
nonlinear, as well as static or time-varying. Fluke Corporation
patented a programmable impedance synthesiser circuit to sup-
port calibration processes that previously relied on discrete, well-
characterised reference components [28]]. Fleming et al. [7] intro-
duced a synthetic impedance circuit for piezoelectric shunt damp-
ing in electro-acoustic absorbers. Their approach was based on the
principle that precise tuning of the electrical resonance frequency
of electro-acoustic absorbers to match that of the host structure can
effectively mitigate structural vibrations.

Subsequent research expanded on Fleming’s approach by shift-
ing signal processing to standalone embedded devices. Pliva et
al. implemented digital impedance synthesis using an FPGA [29],
which had limited sampling resolution and accuracy. Matten et al.
[30] further enhanced digital synthetic impedance by improving
circuit precision and algorithms for piezoelectric shunting, with
experimental validation. Necdsek et al. [31] used an ARM Cortex-
MA4F microcontroller with 18-bit Successive Approximation Reg-
ister (SAR) converters to enhance resolution and minimise pipeline
delay. More recent work began to explore nonlinear impedance
synthesis [32,133].
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Figure 1: Synthetic impedance schematic, implemented as a voltage-controlled current source. Digital signal processing, ADC and DAC
use a STM32H750 microcontroller;, op amps powered from 12V provide buffering and level shifting to cover a =10V range of input
signals. Precision in component values is important to achieving good performance.

3. SYNTHETIC IMPEDANCE IMPLEMENTATION

We implement a two-terminal simulated analog circuit element
which takes the form of a programmable voltage-controlled cur-
rent source (VCCS; Section 23). By changing the relationship
between voltage and current, different circuit elements can be sim-
ulated including arbitrary combinations of resistors, capacitors and
inductors, as well as nonlinear elements such as diodes.

3.1. Hardware

Figure [T] shows a schematic of the synthetic impedance element,
derived from a classic analog gyrator topology. The centre of
the circuit is a real-time digital signal processor based on an
STM32H750 microcontroller, which includes an ARM Cortex-M7
processor, a 16-bit SAR ADC and a 12-bit DAC.

The behaviour of this circuit as a controllable current source
depends on the output voltage V,,+ and resistor Rout:

Vti_out

Iin -
Rout

ey

The effective input voltage range for the synthetic impedance
element is 10V. The unity gain buffer U1A ensures /;, depends
only on Vi, with no other input current. The summing amplifier
U1B implements a level shifter to map this input voltage range to
the 0-3.3V range of the ADC. Resistor R7 and diodes D2-D3 pro-
vide input voltage protection for the ADC. The summing ampli-
fier U2B implements a level shifter to map from the DAC’s output
range of 0-3.3V back to the full range of +10V.

For best performance, the two level shifters must be precisely
calibrated in gain and offset so that together they exhibit unity gain
and zero offset voltage from input to output, and so that OV at the
input of the synthetic impedance corresponds exactly to the mid-
point of the ADC range. Note that since UIB and U2B are invert-
ing amplifiers, the voltages seen by the DSP are inverted compared
to the input terminal of the circuit element.

Our implementation assumes that one of the two terminals of
the synthetic impedance is connected to ground, though the cir-
cuit could be extended with a differential input stage and a second
output to allow for simulation of floating impedance elements.

3.2. Signal Processing

The firmware of the STM32H750 implements an unbuffered
(single-sample) real-time DSP system operating at a sample rate
of 70kHz. Samples are processed in floating point, with volts as
units (i.e. taking a range of -10 to 10).

The DSP system implements an admittance function Y (s) =
I(s)/V (s), which for linear circuit elements can be implemented
using IIR filters transformed from continuous to discrete time us-
ing a bilinear transform with pre-warping. Given a discrete-time
current #;,, [n] corresponding to Equation|l] the signal to the DAC
(in volts) is calculated as:

vpac[n] = vapc[n] — Routt[n] )

The signal vpac/[n] is then renormalised from a £10V range
to the full output range of the DAC (0-4095 for a 12-bit DAC).

3.3. Calibration and Performance

With the built-in ADC and DAC on the STM32H750 and a 70kHz
sample rate, the system exhibits an end-to-end latency of 11us (in-
cluding settling time of the ADC and DAC). Since latency corre-
sponds to a linear phase shift with respect to frequency and Rous
provides a feedback path from output back to input, this digital
processing latency places constraints on the usable bandwidth if
the system is to remain stable.

There are two approaches to bandwidth limiting for stability.
A capacitor can be placed across the terminals of the synthetic
impedance, attenuating the gain Vi, / Vo at high frequencies. Ad-
ditionally, a first-order IIR low-pass filter can be incorporated into
the DSP routine with a cutoff above the frequency range of interest
for the input signal. This will contribute its own phase lag of 45°
at the cutoff frequency, so its cutoff should be chosen carefully.

4. CASE STUDY

4.1. Boss DS-1 Distortion Pedal

The Boss DS-lEI, made by Roland and first introduced in 1978,
is a classic distortion pedal known for its signature hard-clipping

IBOSS DS-1 Distortion, https://www.boss.info/global/
products/ds—1/, accessed: 2025-06-13
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Figure 2: Clipping and tone stages of the Boss DS-1 (2006 version), based on [34|]. Diode pair D4/D5 is replaced with a synthetic

impedance element in our experiments.

sound. As Boss’s first distortion pedal, it delivers a sharp, high-
gain tone commonly used across several decades of rock and metal
music. The DS-1 has been previously studied as a reference circuit
in non-linear distortion modelling [17].

Over its lifespan, the Boss DS-1 has evolved through several
revisions which have been reverse engineered and extensively doc-
umented by hobbyists [34]. Each revision has distinct sonic char-
acteristics, but all of them contain a central hard clipping stage
with two anti-parallel silicon diodes driven by an op amp (Fig-
ure [2), discussed further in the next section. The DIY electronics
community has developed a number of popular modifications to
the DS-1 circuit, including reconfigurations of the diode clipping
stage such as those by Brett Miller and Robert Keeley [34].

4.2. Clipping Stage Analysis

Our case study focuses on the 2006 version of the DS-1 circuit
(documented in [34]]). The clipping stage and tone control is shown
in Figure 2] Since gain stage IC1B provides a low-impedance out-
put, any other components connected to its inputs or outputs will
have minimal effect on the clipping stage. Similarly, emitter fol-
lower Q3 provides reasonable isolation between the clipping stage
and the subsequent components at the output stage of the pedal.

Within the clipping stage and tone control, there is consid-
erable interdependence between components. Silicon diodes D4-
D5 (1N4148) provide the main source of nonlinear distortion by
shunting the signal to an AC ground point (4.5V). Their clipping
behaviour depends on series resistor R14 and low-pass filtering ca-
pacitor C10. The mutual dependencies of these four components
have been previously analysed by Yeh et al. [35]. The behaviour
of this portion of the circuit will also be influenced by any series
resistance or non-idealities in DC blocking electrolytic capacitor
C9, the RC network in the tone and level controls and any current
limiting or other non-idealities of op-amp IC1B. If any compo-
nents in this stage of the circuit exhibit nonlinear behaviour, then a
fully digital simulation of this circuit requires solving for multiple
nonlinearities, a notoriously challenging task [21].

Leaving aside the interdependence between components, anti-
parallel diodes D4 and D5 can be modelled in the Kirchoff domain
using the Shockley ideal diode model:

VD _ VD
I=1Is(emvr —1)—1Is(e ™1 —1) 3)
where I is the total current through the pair of diodes and Vp is the
voltage across them. g is the reverse-bias saturation current, V-

is the thermal voltage, and n is the ideality factor or the material
constant [36]. Following [22], these values are parametrised for
1N4148 diodes at 300°K with Is =2.52 nA, n = 1.752, and V =
25.86 mV.

4.3. Introducing Synthetic Impedance into the Clipping Stage

In our case study, we implement Equation [3]in our DSP system
from Section 3] The synthetic impedance element is then attached
in place of diode pair D4-D5. Since the diodes connect to a virtual
ground point of 4.5V and only AC signals are of interest, we use a
470uF capacitor in series with the synthetic impedance, and in the
digital domain we include a 1st order high-pass filter at SHz prior
to the calculation of the nonlinearity (Equation [3) to remove any
residual DC offset.

Following Section [3.3] to address stability constraints associ-
ated with system latency, the DSP code also includes a first-order
low-pass filter at 7kHz prior to the nonlinearity; this is mostly
above the frequency range of interest for guitar players, though
it will affect on the tone of heavily distorted guitar signals.

5. EVALUATION

The measurements in this section relate to the synthetic anti-
parallel diodes described in Equation [3]and Section[#.3] We com-
pare their behaviour with real 1N4148 diodes, measuring both in
isolation (out-of-circuit) and within the actual DS-1 pedal. We ex-
plore variations in input frequency, amplitude, and pedal control
settings.

5.1. Experimental setup and data collection

We use an Analog Discovery 3 E| for waveform generation and
data acquisition. Data was processed with Jupyter notebooks and
MATLABE| enabling aggregation, conditioning, and visualisation
of waveforms and spectra, along with signal analysis. Data is or-
ganised into datasets, each corresponding to a unique test configu-
ration including:

’Digilent  Analog  Discovery 3, https://digilent.
com/reference/test-and-measurement/
analog-discovery-3/start, accessed: 2025-06-13

SMathWorks MATLAB Online, https://matlab.mathworks.
com/}, accessed: 2025-06-13
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» Diode Clipper Type: Real anti-parallel silicon 1N4148 pair
or Synthetic — with configurations 1F1R (one forward, one
reverse, matching the DS-1), 2F1R, 4F1R, corresponding to
whether the forward DS diode is replaced with two diodes,
or with Brett Miller’s "THUEVOS GRANDES" DS-1 mod,
with two pairs of parallel forward diodes

¢ Circuit Context: in circuit (DS-1 pedal, with Tone control
ranging from 0.0 and 1.0) or out of circuit (in isolation, on
a breadboard, using only a 2.2k(2 series resistor and 10nF
parallel capacitor following Figure[2)

* Input Voltage Levels: £1V, 12V (tests were also conducted
at 2200mV and %5V but omitted for brevity)

¢ Input Frequency: 100Hz, 1kHz (sine waves)

Datasets, processing scripts, plots, tables, and audio are publicly
available in: https://github.com/frantic0/dafx25

5.2. Time domain analysis

‘We compare time-domain waveforms clipped by either a real
1N4148 diode pair or a synthetic diode pair, measured both in iso-
lation (out-of-circuit) and within the DS-1 pedal. Figure [3]shows
the experimental time-domain waveforms recorded in isolation,
out of circuit, at two input frequencies—100Hz and 1kHz—with
input amplitudes of £1V and £2V. At the given input voltages, all
waveforms show that the signal was subject to soft clipping. At
lower frequencies, the real and synthetic diode waveforms show a
close resemblance. At higher frequencies, however, there are no-
ticeable wave shape inaccuracies, suggesting frequency-dependent
deviations discussed further in Section [6

Real diode pair (100Hz) Synthetic diode pair (100Hz)
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Figure 3: Experimental results for two diode pairs: real IN4148
(left) and synthetic (right), measured in isolation (out-of-circuit).
Waveforms are shown for input frequencies of 100Hz (top) and
1kHz (bottom) with input amplitudes of £1V and £2V.

Figure [] presents a comparison of real and synthetic diode
clippers within the Boss DS-1 pedal circuit. The experimental
results display a 100Hz waveform with input amplitudes of +1V
and +2V, processed through the pedal. The influence of tone shap-
ing on the clipped waveforms is clearly visible, highlighting the
presence of additional nonlinearities in the circuit beyond simple

diode clipping. In both in-circuit and out-of-circuit conditions, re-
sults indicate that the synthetic diode model effectively replicates
the behavior of real diodes, with notable deviations occurring at
higher frequencies.

Real diode pair Synthetic diode pair

0.25 4
—=0.25 1

—0.50 +

=0.75 1
T T T T T T T T T T
0.000 0.005 0.010 0.015 0.020 0.025 0.000 0.005 0.010 0.015 0.020 0.025

+1V —— 2V
Time (s)

Figure 4: Experimental results showing a 100 Hz waveform
clipped by the real 1N4148 diode clipper (left) or a synthetic diode
pair (right), operating within the Boss DS-1 pedal circuit. The
waveform has input amplitudes of +1V and +2V. Pedal controls
for Tone, Level, and Distortion are set to (0.0, 1.0, 0.0) at the top
and (1.0, 1.0, 0.0) at the bottom.

Real 1N4148 diode pair in isolation

100Hz 1kHz
0
+1V
—50 4 H
>
o
Z
P -100
T T T T T
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c — 2V
o
1]
= 504
—-100 4 H
10! 102 10? 10* 10! 102 10? 10*

Frequency (Hz)

Figure 5: Spectral analysis of a real IN4148 diode pair measured
in isolation, out of circuit, with two waveforms of 100Hz and 1kHz,
with input amplitudes of +1V and +2V.

5.3. Frequency domain analysis

We compare the frequency-domain spectra of signals processed
through a real 1N4148 diode pair and a synthetic diode pair, both
measured in isolation (out-of-circuit). Figures 5] and [6]present the
spectral analysis for the real and synthetic diode pairs, respectively.
Both sets of spectral data were obtained using waveforms at 100Hz
and 1kHz, with input amplitudes of £1V and £2V.
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The results show that the synthetic diode model approximates
the clipping behaviour of real diodes in the frequency domain.
However, notable differences include a generally higher noise floor,
especially in the low-end frequencies, and an overall increase in
total harmonic distortion (THD).

In Table[T] the test cases are displayed with the measured To-
tal Harmonic Distortion (THD), Signal to Noise Ratio (SNR), and
level of the first five harmonics relative to the level of the fun-
damental. The THD is calculated using the level of the first 10
harmonics; the SNR is calculated by suppressing the first 10 har-
monics (including the fundamental). The harmonic levels show
that both the real and synthetic pairs produce symmetric clipping
with prominent odd harmonics. This can be seen in the 100Hz,
+1V out of circuit measurements in the first two rows of Table [I]
for instance. For both the real and synthetic diode pairs, the 3rd
harmonic level is over 20dB higher than the 2nd or 4th harmonics.
This shows that the synthetic diodes are performing as expected,
with symmetric clipping of the waveform.

In contrast, harmonic levels of alternative synthesised diode
configurations can be seen in the lower section of Tablem In these
cases, the clipping is asymmetrical due to the difference in diodes.
This causes the negative section of the waveform to begin clipping
at a different voltage level compared to the positive section. The
asymmetrical clipping increases the level of even harmonics com-
pared to the standard diode pair configuration. This can be seen
in the 100Hz, =1V, Tone Control minimum, 2FIR diode configu-
ration measurement. In this data, the second harmonic is 10.5dB
higher than the third harmonic. In the equivalent measurement for
the /FIR Synthetic configuration, the second harmonic is 2.1dB
higher than the third harmonic.

Synthetic diode pair in isolation

100Hz 1kHz
0
+1V
—50 4 4
>
[a]
z
P —-100
T T T T T
2 0
c —_— 2V
o
1]
= _s50 i
—100 4 H
10! 10? 10} 10* 10! 10? 103 10*

Frequency (Hz)

Figure 6: Spectral analysis of a synthetic diode pair measured in
isolation, out of circuit, with two waveforms of 100Hz and 1kHz,
with input amplitudes of =1V and +2V.

6. DISCUSSION

The synthetic diodes behave similarly in both time and frequency
domain to the real 1N4148 pair for 100Hz stimuli. The DS-1 ex-
hibits complex waveshaping properties at high signal amplitudes
(Figure @), not explainable by diode clipping alone. That the syn-
thetic diodes successfully replicate this combined behaviour shows
the potential of this method: it was not necessary to model or sim-
ulate any nonlinearities or indeed any other components beyond

the static I-V relationship of the diodes. The interdependencies
of multiple nonlinear components already show the challenges of
fully modelling even the core clipping stage of the DS-1 [35].

The results at 1kHz show a divergence between real and simu-
lated diodes. This appears to result from a combination of the low-
pass filtering in the DSP code (needed for stability) and the phase
shift between voltage and current induced by the digital processing
latency. The necessity of this filtering shows that our approach is
not immune from the stability issues of fast explicit methods that
are also seen in full digital modelling of analog circuits [2]. Our
synthetic approach also shows a higher noise floor compared to the
real diodes, perhaps due to the limited bit depth of the DAC and
noise in the level shifting circuits. Extensions to our proof of con-
cept could easily improve these factors, achieving higher sample
rates, low latencies and lower noise floors.

Other limitations of the current implementation include: a
high sensitivity to miscalibration, particularly if the synthetic ele-
ment is DC-coupled to the circuit; a limited range of output current
imposed by the voltage swing of V., the resistance Royu¢ and the
current drive capability of op amp U2B; and a sensitivity to high
frequency oscillation if sufficient analog or digital filtering is not
included. The first two issues can be addressed with improvements
to the analog design, while the third can be mitigated by increasing
sample rate and decreasing latency.

6.1. Applications and Extensions

This paper has demonstrated how digital signal processing can be
used to implement a synthetic circuit element which integrates into
a larger analog circuit, without the typical impedance boundaries
and unidirectional signal flow of modular audio systems. Our case
study focuses on simulating a single static nonlinearity, but the
same principles can be used to simulate reactive elements such as
inductors and capacitors and even entire networks of analog com-
ponents, as seen in the original work on vibration damping [[7,131].
Neural networks could be incorporated for simulating nonlineari-
ties from measured data, as they have been in WDFs [21]].
Incorporating synthetic impedance elements into real circuits
allows new forms of real-time control and modulation, since the
impedance relationship can be altered on the fly, including in re-
sponse to external sensor inputs. It is also possible to replicate V-I
relationships that would be impractical with real analog circuits,
such as large inductors or different forms of nonlinearity. The
archetypical application for our approach is not to digitally repli-
cate an entire existing circuit, or to remove the practical depen-
dencies on analog hardware. Rather, the main benefit is in mod-
ifying analog circuits without full replacement, especially when
those circuits contain elements that are undesirable to remove be-
cause of their signature sound (e.g. classic tube-based circuits,
vintage transformers or bucket-brigade delay ICs) or because they
are inherently coupled to the physical domain (e.g. pickups, mi-
crophones and loudspeakers). The hybrid analog-digital circuits
enabled by impedance synthesis can open up new creative possi-
bilities for designers of audio effects and musical instruments.
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Input Freq. Input Level Inor Out Diode Tone Diode THD SNR Harmonic Levels (dB)
(Hz) (V peak) of DS-1 Type Control Config (dB) (dB)
2nd 3rd 4th 5th
100 1 Out Real - 1FIR -15.0 457 -546 -152 -60.6 -28.8
100 +1 Out Synthetic - IFIR -18.0 353 -403 -18.1 -46.2 -36.1
100 +1 Out Synthetic - 2FIR -157 286 -17.1 -219 -40.5 -31.5
100 +1 Out Synthetic - 4FIR -147 315 -15.5 -23.5 -40.3 -28.8
T100 2 Out ~ Real =~ - IFIR ~~~ -1L.1 386 -683 -120 -621 ~-19.1
100 +2 Out Synthetic - IFIR -13.0 357 -522 -135 476 -232
100 +2 Out Synthetic - 2FIR -13.6 354 -158 -184 -274 -329
100 +2 Out Synthetic - 4F1R -12.8  37.1  -147 -183 -24.6 -34.6
1000 L Out ~ Real =~ - IFIR ~~ -150 462 -558 -152 -61.9 -28.9
1000 +1 Out Synthetic - IFIR -38.6  20.1 -439 427 -484 -63.7
1000 +1 Out Synthetic - 2F1R -27.1 209 -33.0 -37.8 -43.1 -30.0
1000 +1 Out Synthetic - 4F1R 296 20.1  -342 4277 403 -36.5
1000 T ®2 Out ~ Real - ~1FIR ~~  -11.1 393 713 -121 -647 -192
1000 +2 Out Synthetic - IFIR -438 250 -469 -525 -579 -533
1000 +2 Out Synthetic - 2FIR -30.2 351 -329 -347 432 485
1000 +2 Out Synthetic - 4F1R 279 323  -30.8 -32.1 437 -50.2
100 +1 In Real Min IFIR -10.3 320 -129 -172 -179 -3538
100 +1 In Synthetic Min IFIR -157 392 210 -18.8 -240 -32.6
S100 T T ®2 T Inn~ ~ Real =~ Min IFIR 75 295 93 379 -i29 311
100 +2 In Synthetic Min IFIR -13.6 363 -162 -23.7 -19.6 -34.1
1000 T+ T Inn~~ Real ~ Min IFIR 75 368 -802 -176 -453 277
1000 +1 In Synthetic Min IFIR -12.1 202 -125 -23.0 -37.0 -454
1000 x0T Inn~~  Real =~ Min ~IFIR ~~~ -03 259 -08 -142 -155 245
1000 +2 In Synthetic Min IFIR -11.2 224 -11.7 -220 -31.3 -358
100 T In. Real  Max IFIR  -87 126 -142 -192 -i64 287
100 +1 In Synthetic Max IFIR -85 248 -103 -204 -184 -227
100 x0T In Real  Max IFIR  -75 102 -130 -22.1 ~-i61 -169
100 +2 In Synthetic Max IFIR -1.3 184 -100 -206 -16.6 -20.7
1000 T In Real  Max IFIR 1.9 124 02 58 324 -109
1000 +1 In Synthetic Max 1FIR -3.7 22.0 -4.8 -11.2 225 -28.8
1000 ¢ x0T Inn~~~ Real ~ Max IFIR 75 08 218 9.6 -279 ~-143°
1000 +2 In Synthetic Max 1FIR -0.6 19.8 -1.3 -13.8  -14.0 -19.8
100 +1 In Synthetic Min 2FIR 9.0 432 98 -203 -21.5 -29.0
100 +1 In Synthetic Min 4F1R 95 456 -103 -208 -21.5 -29.3
S100 T T 22 T In~ ~ ~ Synthetic ~ Min ~ 2FIR -85 382 92 209 -i99 271
100 +2 In Synthetic Min 4F1R -89  36.1 9.8 215 -200 -273
S1000 T T In~ ~  Synthetic = Max ~ 2FIR -85 252 -103 -208 -181 -22.7
100 +1 In Synthetic Max 4F1R -89 243 -11.0 -206 -184 -22.8
S1000 T ®2 T T In~ ~  Synthetic =~ Max ~ 2FIR 74 184 -100 -207 -167 -20.8
100 +2 In Synthetic Max 4F1R -7.8 183 -10.6 -209 -16.7 -214

Table 1: Total Harmonic Distortion (THD), Signal to Noise Ratio (SNR), and individual harmonic levels relative to the fundamental for
the real IN4148 and the synthetic diode pair in isolation (out of circuit ) and in different configurations in the circuit within the Boss DS-1
pedal.
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