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New Family of Wave-Digital Triode Models
Stefano D’Angelo, Jyri Pakarinen and Vesa Välimäki*, Senior Member, IEEE

Abstract—A new family of wave-digital vacuum tube triode
models is presented. These models are inspired by the triode
model by Cardarilli et al., which provides realistic simulation of
the triode’s transconductance behavior, and hence high accuracy
in saturation conditions. The triode is modeled as a single
memoryless nonlinear three-port wave digital filter element in
which the outgoing wave variables are computed by locally
applying the monodimensional secant method to one or two port
voltages, depending on whether the grid current effect is taken
into account. The proposed algorithms were found to produce a
richer static harmonic response, introducing comparable or less
aliasing and requiring approximately 50% less CPU time than
previous models. The proposed models are suitable for real-time
virtual analog circuit simulation.
Index Terms—Acoustic signal processing, amplifiers, circuit
simulation, music, wave digital filters.

I. I NTRODUCTION

D

IGITAL simulation of analog circuitry, also called virtual
analog modeling, is currently a vibrant area of research
[1], [2], [3]. Software and hardware implementations of modern virtual analog models serve as convenient alternatives for
expensive, bulky, and fragile analog equipment such as tube
guitar amplifiers. Also, the flexibility of DSP techniques allows
simulation of a wide variety of analog circuits with little effort
[4].
Various techniques have been used to simulate tube amplifiers [5]. The commercial applications may roughly be
divided into two categories; those using black-box modeling,
and those using white-box modeling. The black-box modeling
approaches work by stimulating the real-world equipment
with various input signals and confronting them with the
corresponding outputs [6], [7], [8], [9], [10].
The other approach, white-box modeling, employs physicsbased simulation techniques, and is especially useful when
the system schematics are available. One of the challenges
in white-box simulation methods is that real audio circuits
are usually rather complex, which often results in a high
computational load. Different techniques have been applied
for the task, e.g., [11], [12], [13], [14], [15], [16].
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This article uses a white-box modeling approach based on
Wave Digital Filters (WDFs) [17]. In the literature, WDFs
have been extensively used to model triodes [18], [19], [20]
and other circuitry usually found in tube amplifiers [21], [22].
Recently, the WDF theory has been extended by introducing
new adapters to match polarities and sign conventions among
interconnected subcircuits [23]. The reader is encouraged to
refer to comprehensive resources on the topic for further info
[17], [24], [25], [26].
One of the most critical aspects in developing such a whitebox amplifier simulator is the choice of the tube model, i.e.,
the set of equations that describe the tube’s behavior. Several
large-signal triode models have been developed so far and
especially in recent years, with different approaches: physical
[27], [28], circuital [29], [30], phenomenological [31], [32],
interpolative [33], and mixed physical-interpolative [34]. A
comprehensive introduction to the topic can be found in [35].
Most of the WDF tube amplifier simulators in the literature
[18], [19], [20], [15], [21], [22] use Koren’s triode model [31],
probably for historical rather than technical reasons, since
other models [28], [33], [34] were shown to provide more
realistic simulation of the triode’s behavior. Among these,
the model proposed by Cardarilli et al. [34] is particularly
appealing because of its high accuracy in saturation conditions
and because its parameters can be extracted directly from
datasheets, requiring no real-world measurements.
This paper introduces a new family of WDF triode models
inspired by the Cardarilli triode model [34]. While the original
paper contains an implementation for the SPICE circuit simulator, the algorithms hereby proposed are the first to make
such and other similar models suitable for real-time sound
processing.
Section II discusses some basic results of the WDF theory
that are needed for introducing the new models presented
in Section III. Section IV describes the common-cathode
triode stage circuit as a case study for which two WDF
simulators are created using the new WDF triode models and
then confronted with two corresponding previous simulators
employing Koren’s model [18], [19]. Section V compares
the results obtained from the four simulators, evaluating the
introduced static harmonic distortion using time-frequency
analysis techniques, such as logarithmic swept-sine analysis
[36], and investigating how much aliasing is produced and
what is the performance of the underlying algorithms. Section
VI concludes this paper.
II. WDF BASICS
WDFs allow represention of electric, mechanic, or acoustic
systems as an interconnected network of digital filters [24],
[25], [37]. In practice, each individual circuit component is
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mapped into a simple digital filter, and the interconnections
between these components (series or parallel) map into bidirectional signal routing blocks. The physical parameters of the
circuit components (e.g., resistance, capacitance) determine
the signal scattering coefficients inside the routing blocks.
Run-time control of any of the circuit element values is easily
implemented by varying these scattering coefficients, provided
that the control rate is slower than the audio rate, as is typical
in analog audio circuits. One of the most intriguing aspects
of WDFs is that despite their modular structure, impedance
loading effects are inherently simulated in a realistic manner.
This section presents a subset of results of the WDF theory
that are strictly needed to introduce the new family of WDF
triode models.
A. WDF Wave Decomposition
The WDF formalism [17] deals with bidirectional wave
variables (signals entering and leaving WDF components)
rather than Kirchhoff variables (voltage and current). Technically, the wave variables a and b may be obtained from
the Kirchhoff variables V (voltage) and I (current) using a
computational variable called port resistance R0 :

 


a
1 R0
V
=
.
(1)
b
1 −R0
I

It should be noted that R0 is purely a computational tool
for resolving the implicit relation between V and I in WDF
networks, and it should not be confused with the physical resistance value of an electric component. The wave-to-Kirchhoff
variable conversion is easily deduced from Eq. (1) as
a−b
a+b
,
I=
.
V =
2
2R0
Using (1) together with the bilinear mapping between
analog and digital domains (see, e.g., [25]), the basic electric
circuit components are transformed into digital filters. These
WDF circuit elements are connected to each other using
signal routing blocks, called adaptors. Three-port adaptors are
typically used, so that the entire modeling structure results as
a binary tree [37]. Thus, the adaptors are the nodes of the tree,
while circuit components are the leaves. One of the leaves is
selected as the root of the tree, and a simulation cycle consists
of evaluating the waves from the leaves to the root, computing
the wave scattering at the root, and propagating the waves back
to the leaves.
When nonlinearities are to be modeled, it is most convenient
to place the nonlinear component at the root of the binary
tree to avoid introducing uncomputable delay-free loops [37].
Thus, basic WDF structures inherently support having only a
single nonlinear component in the circuit. However, several
approaches to wave-digital modeling of circuits with single
nonlinearities have been developed, ranging from the simple
insertion of the nonlinearity as the root element, e.g., [38],
to integrating WDFs with numerical techniques that guarantee
better accuracy [39] and even to automatic methods for construction of wave-digital structures [40], to name a few. None
of these techniques, however, allow delay-free connection of
multiple nonlinear WDF elements.
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B. Multiport Nonlinear WDF Elements
Various electric audio circuits, such as tube amplifiers,
consist of several nonlinear circuit components. Obviously,
this imposes a problem for WDF modeling, since only one
nonlinear component is inherently supported per circuit. This
limitation may be resolved by iterating the sub-tree connecting
the nonlinear elements at each time step, as suggested in [21],
but this is a computationally expensive operation. Therefore,
previous WDF modeling approaches have typically inserted
a fictitious unit delay into the system [19], [21], [22] when
modeling multiple nonlinearities, but this is a less elegant
approach and it causes stability problems in certain conditions.
In this paper we use another approach, suggested in [26],
[41], which consists in combining all nonlinear elements and
their interconnections as a single multiport nonlinearity, as
illustrated for a triode stage in Fig. 1. However, this approach
loses the modular structure of the circuit. An additional
Ip

Ig
Vg

ZgIk
Vk

Triode

Vp
Zp
Zk
(a)

Zg

Zk

Zp

(b)

Fig. 1: (a) a typical triode amplifier stage, and (b) its multiport
nonlinearity representation.
challenge in WDF modeling is that not all circuit topologies
can be mapped into series and parallel connections. Typical
problematic topologies in audio circuits include bridge connections and feedback loops, such as the stray capacitances
between the terminals of a triode tube.
III. A N EW FAMILY OF WDF T RIODE M ODELS
Previous WDF triode models typically solved the computability problem due to the dependency of the cathode
current on both the grid and the plate voltages by using a
fictitious unit delay, as outlined in Section II-B. While such
an approximation can be well-founded in simple cases (e.g.,
[18]), in general it is not and causes accuracy-related problems
especially when taking into account the grid current effect. We
have therefore decided to develop the new WDF triode models
as multiport nonlinear elements.
This section presents the Cardarilli triode model [34], which
the new WDF triodes models are inspired by, and then shows
the derivation of their WDF implementation. A final consideration on the restrictions imposed on the tube parameters
indicates that a whole family of new WDF triode models is
obtained.
A. Cardarilli’s Triode Model
Cardarilli’s triode model [34] uses a mixed physicalinterpolative approach by which the constant parameters in
the classical formulations for the space current Ik and the
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grid current −Ig are replaced with splines depending on Vgk .
The model, according to the current and voltage directions
depicted in Fig. 1(a), is then defined as:
s
3
Vpk
+h ,
(2)
Vgk +
Ik = G
µ
Ip = −Ik − Ig ,


 −Ik K

Vpk
1+D
Vgk −Voff
Ig =

0

(3)

Confronting these two equations and solving for Vk we obtain
Vk =

Vg = ag ,

when Vgk > Voff
,

(4)

when Vgk ≤ Voff

3
X

Gi Vgk i ,

µ=

i=0

3
X

µi Vgk i ,

h=

i=0

Vgk = Vg − Vk ,

3
X

Vp = Vk + (Vg − Vk − Voff ) β,
where

In particular, (2) is the classical space-current formulation
where G is the tube perveance, µ represents the amplification
factor, and h takes into account the effect of the initial
electrons velocity. The expression determining the grid current
when Vgk > Voff is analogous to the empirical relation
proposed in [42] where D and K are measured numerical
constants, and to which Voff is added to accommodate the
contact potential effect.
The original paper [34] also describes a method to calculate
the values of Gi , µi , hi , D, K, and Voff based on curve
fitting of data that is usually found on datasheets. It does
also show that this model faithfully reproduces the triode’s
transconductance behavior, thus providing highly accurate
results in saturation conditions unlike other triode models.

In this subsection we derive a class of WDF models which
are based on the Cardarilli triode model.
We denote the incoming wave from each Zx as ax and
the outgoing wave to each Zx as bx and we indicate the port
resistance value propagating from each Zx as R0x . Since in
our WDF topology the incoming waves seen by the triode
element are the outgoing waves from the subcircuits connected
to it and viceversa, we need to “exchange the roles” of a and b
in (1) when expressing K variables concerning each Zx from
the “point of view” of the triode element. In particular, the
current Ix across each Zx can be expressed as
Ix =

Vx − ax
.
R0x

(6)

Substituting this expression into (2) and (3) and solving for
Vp yields
Vp = Vk + µ (Vk − Vg − h + α) ,


Vg − ag
Vk − ak
Vp = ap − R0p
+
,
R0g
R0k
s
α=

(10)

s
β=

K

1
−
D



(11)


R0g ak − Vk
+1 .
R0k ag − Vg

Confronting (11) with (7) and solving for Vg leads to
Vg =

R0g [(Voff + Vk ) β − Vk + ap ] + R0p ag
R0g β + R0p
R0g R0p (ak − Vk )
.
+
R0k (R0g β + R0p )

(12)

In summary, if Vgk ≤ Voff then Vg and Vk can be expressed
as (9) and (10), otherwise as (12) and (8). In both cases, once
they are known, Vp is determined by (7). Once the voltages
are known, the outgoing wave variables can be then computed
from (1) as
bx = 2Vx − ax .
Furthermore, (2) and (4) imply that −Ik ≤ Ig ≤ 0, which in
turn implies that

B. WDF Implementation

where

R0k [ap + µ (ag + h − α)] + R0p ak
.
R0p + (µ + 1) R0k

Otherwise, by substituing (6) into (4) we obtain

i=0

Vpk = Vp − Vk .

(9)

thus (8) becomes
Vk =

hi Vgk i , (5)

(8)

From (4), when Vgk ≤ Voff we have

where
G=

R0k [ap + µ (Vg + h − α)] + R0p ak
R0p + (µ + 1) R0k
R0k R0p (Vg − ag )
−
.
R0g [R0p + (µ + 1) R0k ]

3

Vk − ak
R0k G

2
.

(7)

Vk ≥ ak ,

Vg ≤ ag ,

R0g (ak − Vk ) ≤ R0k (Vg − ag ). (13)

Considering the dependency of G, µ and h on Vg and Vk
expressed in (5), when Vgk ≤ Voff the only implicit equation
is (10). We have implemented a first algorithm that assumes
this is always the case, thus not contemplating the grid current
effect. This algorithm solves such equation using the secant
method root-finding algorithm, whose update formula is in our
case
Vk,n−1 − Vk,n−2
Vk,n = Vk,n−1 − f (Vk,n−1 )
,
f (Vk,n−1 ) − f (Vk,n−2 )

where

f (Vk,n ) =

R0k [ap + µn (ag + hn − αn )] + R0p ak
− Vk,n .
R0p + (µn + 1) R0k

The secant method needs two initial values, hence we used
Vk,0 = ak as a first guess and Vk,1 = ak +f (ak ) as the second
guess, since f (ak ) ≥ 0 which guarantees that Vk,1 ≥ ak , in
accordance with (13).
When also considering the case in which Vgk > Voff we
get two implicit equations, hence it would be natural to use
a multidimensional root-finding algorithm. For the second
algorithm we have avoided that by considering that in most

4
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cases −Ik  Ig , hence it follows that, given (8), the previous
algorithm can be used to give a good first approximation for
the value of Vk which can be then adjusted by taking into
account the grid current effect, if present.
In practice this is done by starting with an initial guess
Vg,0 = ag and by first applying the secant method to (8). At
this point, if Vgk ≤ Voff the computation is finished, otherwise
the secant method is applied to (12) with Vg,1 = ag + f (ag ),
following a similar reasoning as before. When this iteration
finishes, Vk is updated and if |f (Vk )| is smaller than a
threshold then the computation is finished, otherwise Vk is
evaluated again starting from the last values of Vk and Vg ,
and the algorithm proceeds in a ping-pong fashion.
In both algorithms, (13) is enforced at every step, either
by forcing values of Vk and Vg to stay in the specified
ranges (initial guesses) or by breaking the current iterative
loop without updating values.
Note that while the Cardarilli triode model specifies that
G(Vgk ), µ(Vgk ), and h(Vgk ) are splines and that D, K, and
Voff are constant values, our WDF implementation does not
impose restrictions on how these values are computed as long
as they do not depend on Vp and G > 0 and µ > 0. This
means that a wide class of parameter interpolation techniques
can be used in conjunction with the described algorithms.
IV. C ASE S TUDY: C OMMON -C ATHODE T RIODE S TAGE
The ubiquitous common-cathode triode gain stage circuit,
illustrated in Fig. 2, is a typical building block used in tube
amplifiers, and therefore a natural choice for a modeling target.
As seen in Fig. 2, the triode has three terminals: plate (p),
grid (g), and cathode (k), and each terminal connects to an
RC circuit. The currents flowing through the three terminals
have been denoted Ip , Ig , and Ik , respectively. The input
signal for the triode stage is represented as the voltage Vi ,
and the capacitor Ci decouples the dc component from the
input. The input capacitor Ci is discharged via resistor Ri in
case it becomes charged due to grid current Ig .

Rg

Ci

Ip

Ig

Co
Rp

Vg
Vi

Vp

Ik
Ro

Ri

Vo

A. Previous WDF Simulators
The first reported attempt to simulate the common-cathode
triode stage using WDFs was presented in [18]. In this
approach, the triode was modeled as a nonlinear resistor at the
root of the WDF tree. The grid circuit was omitted, and the
grid voltage was directly fed as the input signal for the stage.
The implicit relation between the grid-to-cathode voltage and
cathode current was resolved by delaying the cathode voltage
one time sample before evaluating the grid-to-cathode voltage.
In effect, the triode stage model in [18] was able to realistically
simulate the signal-dependent nonlinearity of the triode tube
with reactive cathode circuit, but failed to mimic the dynamic
nonlinearities caused by the grid circuit. Also, other dynamic
effects due to the impedance loading between triode stages
and reactive loads was beyond the capabilites of the model in
[18].
An improved WDF triode stage model was presented in
[19]. This approach added the grid circuit to the model in
[18] via a diode nonlinearity, and thus enabled also simulation
of the dynamic nonlinearities caused by grid current, as well
as the modeling of impedance loading effects. In practice, the
diode – a second nonlinearity in the WDF tree – was connected
via a unit delay in order to avoid the implicit relation between
the two nonlinearities.
Furthermore, the WDF structures of both simulators suffered from polarity-related issues that were not yet understood
by the time the models were proposed. These issues were first
described in [23], which also contains an enhanced version of
the first simulator. Fig. 3 shows versions of both simulators
where WDF polarity inverters are inserted where needed to
match polarities among interconnected subcircuits.

E

Ck

Vk

Ro . The amplified output Vo of the triode stage is measured
as the voltage over Ro .
Since the amplification provided by the triode tube is nonlinear, the gain stage in Fig. 2 causes rather complex signaldependent distortion. The dynamic nature of the distortion is
partly due to the signal-dependent biasing resulting from the
reactive cathode circuit, and partly due to the charging of
the input capacitor by grid current with large input signals.
However, it should be noted that the linear coloration of the
triode gain stage is minimal, apart from the dc attenuation
caused by capacitors Ci and Co .

Rk

Fig. 2: The common-cathode triode gain stage, typically found
in tube amplifiers.
A parallel connection of Rk and Ck forms the cathode
circuit, which sets the signal-dependent biasing for the triode.
The right-hand branch of the plate circuit consists of an
operating voltage source E, and a plate resistor Rp , providing
the plate current Ip . The left-hand branch of the plate circuit
is formed by a dc decoupling capacitor Co and load resistance

B. New WDF Simulators
Two analogous simulators were developed using the new
WDF triode models, of which one that takes into account the
grid current effect and another that does not. Both share the
same WDF structure shown in Fig. 4. Thus, the only difference
between them resides in which of the two algorithms described
in Section III-B is used.
V. E VALUATION
This section confronts the two simulators described in
Section IV-A and shown in Fig. 3 with the two analogous
simulators described in Section IV-B and shown in Fig. 4. In
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Component
E
Ri
Rg
Rp
Ro
Ci
Ck
Co

z −1
Ri

−Vg

Vgk

+

Rk

N.L.

Vk

−1
Vi

+/−

Ck

Ci

Ro
E/Rp

Co

(a) Previous simulator w/o grid current

D

Vgk

z −1

Parameter
µ
X
kG1
kP
kVB
RD+
RD−

E/Rp

Rk

Ri

Ci

TABLE I: Linear components values used for the evaluation
of the WDF simulators.

+/−

Ck

Rg

−1

N.L.

+/−

+/−

−Vo

+/−

Ro

+/−

Value
250 V
1 MΩ
20 kΩ
100 kΩ
1 MΩ
100 nF
10 µF
10 nF

Vo

Value
100
1.4
1060
600
300 V2
2.7 kΩ
100 GΩ

TABLE II: Parameter values for Koren’s model (12AX7) used
for the evaluation of the WDF simulators.

Co

Vi

A. Time-Frequency Output Analysis
(b) Previous simulator w/ grid current

Fig. 3: Implementations of previous WDF simulators with the
addition of WDF polarity inverters. The element N.L. is the
nonlinearity.

N.L.

+/−

Rg

Ri

Ci

E/Rp

Rk

Ck

+/−

Ro

+/−

Vi

Vo

We have performed logsweep analysis [36] in order to
evaluate the static harmonic distortion introduced by each
simulator. This technique consists in feeding a system with a
fixed amplitude logarithmically swept sine and then convolving the system response with the time-reversed and amplitude
weighted excitation signal. The result of this operation is
an impulse response signal where the linear response and
individual harmonic distortion components are separated from
each other in time. The input signal we used is a 2 seconds
long, 4 V logarithmically swept sine from 20 Hz to 100
kHz at a 384-kHz sample rate. Fig. 5 shows the normalized
spectrograms of the obtained output signals and Fig. 6 depicts
the normalized harmonic spectra up to the 10th harmonic of
such signals.
Both figures clearly show that the new simulators produce
an overall richer harmonic response, especially when it comes

Co

Fig. 4: Implementation of new WDF simulators. The same
structure is used in both cases (w/o and w/ grid current).

particular, the triode parameters for the new simulators are
computed according to the original triode model paper [34],
with the only difference that the values of G(Vgk ) and µ(Vgk )
are forced to the minimum positive values Gmin and µmin ,
respectively, in the rare cases in which they would evaluate to
smaller or even negative values. Tables I, II, and III list the
parameter values used for the simulations discussed hereafter.

Param.
G0
G1
G2
G3
Gmin
h0
h1
h2
h3

Value
1.102 mA / V2/3
15.12 µA / V5/3
-31.56 µA / V8/3
-3.286 µA / V11/3
1 nA / V2/3
0.6 V
0
0/V
0 / V2

Param.
µ0
µ1
µ2
µ3
µmin
Voff
D
K

Value
99.705
-22.98 / kV
-0.4489 / V2
-22.27 / kV3
10−9
-0.2 V
0.12
1.1

TABLE III: Parameter values for the Cardarilli model (12AX7)
used for the evaluation of the WDF simulators.
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20

20

15

15
Frequency (kHz)

Frequency (kHz)

1

Time (s)

10

5

10

5

0

0
0

0.2

0.4

0.6

0.8
Time (s)

1

1.2

1.4

1.6

0

(c) Previous simulator w/ grid current

0.2

0.4

0.6

0.8
Time (s)

1

1.2

1.4

1.6
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Fig. 5: Normalized spectrograms of the outputs obtained by exciting the WDF simulators operating at 384 kHz sample rate
with a 2 seconds long, 4 V logarithmically swept sine from 20 Hz to 100 kHz. The color scale ranges from -60 dB (white)
to 0 dB (black).
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Frequency (Hz)
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Fig. 6: Normalized harmonic spectra up to the 10th harmonic of the outputs obtained by exciting the WDF simulators operating
at a 384-kHz sample rate with a 2 seconds long, 4 V logarithmically swept sine from 20 Hz to 100 kHz and applying the
analysis technique described in [36] on the output signals. The fundamental and odd harmonic responses are represented by
solid lines, even harmonic responses by dashed lines.
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to higher order harmonics. In particular, the outputs obtained
from the previous simulators show a substantial lack of the 7th
and 8th harmonics, which also exhibit a frequency-dependent
behavior at high frequencies, unlike other harmonics. The
same is also true for the 9th harmonic in the output obtained
from the previous simulator with grid current effect and
partially true for the 7th harmonic in the output from the new
simulator without the grid current effect.
Fig. 6 also shows how the harmonic response of the two
simulators contemplating the grid current effect is substantially
equivalent up to the 4th harmonic, unlike what happens with
the other two simulators. The former also produce stronger
even harmonics when compared to the latter, which is consistent with the concept that the grid current actively contributes
to the asymmetricity in tube clipping.
Also worth noticing is that the magnitudes of the harmonics
produced by the new simulator with grid current effect are decreasingly sorted within their parity group at high frequencies.
In other words, the magnitude of the 2nd harmonic is greater
than that of the 4th harmonic, which is in turn larger than
that of the 6th harmonic, etc. and the same holds true for odd
harmonics.
B. Output Aliasing Analysis
In order to obtain some indication on the amounts of aliasing
introduced by the simulators, we have stimulated them with a
1 second long, 4 V, 1.5708 kHz sine wave at a 96-kHz sample
rate, then applied a Dolph-Chebyshev window with −100 dB
side-lobe level to the outputs, normalized them so that the
fundamental is at the 0 dB level, computed the spectra of
such signals and filtered out the harmonic components. Fig. 7
shows the results of this analysis.
The two new simulators produce slightly more aliasing than
the previous one without grid current effect, but significantly
less aliasing than the one with grid current. The relatively high
level of aliasing in the output produced by this last simulator
is due both to the presence of a discontinuity in the derivative
of the transfer characteristic of the diode nonlinearity, since
it is modeled as a piecewise linear resistor, and to the extra
delay unit between the diode element and the plate-to-cathode
nonlinear resistor element.
C. Algorithm Performance
The four simulators have been tested with various input
signals, including both synthesized and recorded sounds, at
different input gain levels and at different sample rates in order
to obtain a rough estimation of the relative speed performance
of their algorithms. The tests revealed that the new algorithms,
despite the increased implementation complexity for each
iteration and despite not using previous outputs as initial
guesses, are approximately two times faster in average than the
algorithms based on Koren’s model. This necessarily means
that it takes less iterations, in average, for the new algorithms
to converge.
We have, indeed, found out that in rare but actually occuring
cases, previous algorithms require an overwhelmingly high
number of iterations to converge, and especially when the
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input signal has a high gain. Furthermore, the use of previous
outputs as initial guesses on one side decreases the average
number of iterations, but on the other makes this phenomenon
more evident when the input signal has significant frequency
components approaching the Nyquist limit.
The tested implementations are relatively unoptimized and
designed to be as similar to each other as possible. They were
executed on an Acer Extensa 5220 laptop with 1 GB RAM
running ArchLinux x86-64. The results in terms of CPU usage
are reported in Table IV.
SR
96 kHz
192 kHz
384 kHz

Prev
29.87%
45.69%
94.21%

Prev w/ gc
31.99%
53.11%
107.71%

New
11.02%
20.89%
42.80%

New w/ gc
14.80%
29.29%
49.72%

TABLE IV: Average CPU usage detected by processing a
set of input signals at different sample rates, after previous
oversampling, and at different input gain levels.

VI. C ONCLUSION
A new family of WDF triode models was presented. These
new models are inspired by the triode model by Cardarilli
et al. [34], and they perform more realistically than the
previous WDF models [18], [19] based on Koren’s model [31],
especially in the strongly saturating case. The new models
do not require the use of extra delay units in feedback loops
and are memoryless. Two models of this new family were
compared to the corresponding previous models [18], [19] and
they were found to produce a richer static harmonic response,
introducing comparable or less aliasing and requiring about
50% less CPU time.
The iterative algorithm on which these new WDF triode models are based has little dependency on how the
parametrization is actually done, hence it is possible to try
different such solutions more easily than before. The new
models do not take into account stray capacitance effects
between the tube electrodes, hence further investigation is also
needed in this area.
Supplementary material to this paper, including sound examples, can be accessed at http://www.acoustics.hut.fi/go/ieeetaslp-2012-tube/.
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R. C. D. de Paiva, J. Pakarinen, V. Välimäki, and M. Tikander, “Realtime audio transformer emulation for virtual tube amplifiers,” EURASIP
J. Advances Signal Process., pp. 1–15, 2011.
S. D’Angelo and V. Välimäki, “Wave-digital polarity and current inverters and their application to virtual analog audio processing,” in Proc.
Intl. Conf. on Acoustics, Speech, and Signal Proc. (ICASSP), Kyoto,
Japan, March 2012.
J. Smith, “Wave digital filters,” in Physical Audio Signal Processing.
http://ccrma.stanford.edu/∼jos/pasp/, accessed 02/10/2011, online book.
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