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ABSTRACT

analysis and to derive a set of coupled nonlinear diffea¢Btjua-

The Csound audio programming language adheres to the input-tions- The skillful implementation of robust numerical s

output paradigm and provides a large number of specialieed c
mands (called opcodes) for processing output signals frguti
signals. Therefore it is not directly suitable for companmodel-
ing of analog circuitry. This contribution describes areatpt to
virtual analog modeling and presents a Csound opcode fardetr
stage of a vacuum tube amplifier. Externally it communicatitis
other opcodes via input and output signals at the samplelraéz-
nally it uses an established wave digital filter model of adéad
triode. The opcode is available as library module.

1. INTRODUCTION

Like many other musical instruments, electric guitars negan
additional amplifier. However, it is understood among gista
that increasing the sound volume is only one of its several pu
poses. Others are spectral shaping by filter networks ancréie
ation of nonlinear distortion by overdriving the amplifiéements.
For historical and technical reasons, tube amplifiers dt@spu-
lar despite of some obvious practical disadvantages oearsblid
state counterparts. Quite a few music genres with domirlant e
tric guitars have evolved during the last fifty years and nafst
them are inextricably linked to certain tube amplifier madel-
though many of these are still produced, vintage objecthigtdy
priced collectibles.

As stand-alone electro-acoustic devices, classical vadube
guitar amplifiers are incompatible with the digital worldtotlay’s
music production. In the original tube amplifier modelsréie no
MIDI control nor are there presets or software updates. Qihe
vious disadvantages concern weight, size, and waste heateT
serve the original sound of tube amplifiers and still benefitf
the advantages of digital technology, nhumerous approdches
been developed for imitating the behavior of electricadwits with
digital signal processing methods. Conventional progrionsir-
cuit simulation are of limited avail, since the challengamplifier
modeling is at least threefold: first the exact replicatibnanlin-
ear effects, second the real-time performance, and théairtimi-
mization of the latency between sound input and output.

The term virtual analog (VA) has been coined for the substi-
tution of analog circuits by real-time digital hard- andtsafre.
A recent description on virtual analog models in generalvergy
in [1] while digital techniques for modeling vacuum tube dmp
fiers are reviewed in [2]. Both articles contain vast refeemnto
earlier literature.

Among the various approaches discussed in [2] are circuit si
mulation-based techniques which start from the schematait

leads to real-time algorithms for the faithful reproduntiof am-
plifier sounds. Details can be found e.g. in [3-5] and refezen
therein.

Another approach for converting a circuit diagram with pos-
sibly nonlinear elements into a digital signal processiiggr@thm
is the classical wave digital filtering method [6]. Applicats to
musical signal processing are described in [7, 8] for phajsitod-
eling of musical instruments and in [9] for virtual analog det
ing. Wave digital models for tube amplifiers have been priesen
in[10,11] for a triode stage and in [12,13] for the subsedtrams-
former and loudspeaker. The model from [11] is used herenfer t
implementation of a Csound opcode for a triode stage.

Csound is an audio programming language which provides a
multitude of commands (so-called opcodes) for all kindsuafia
signal generation and processing [14]. In simple terms,ofire
codes accept input signals and parameters and providet®igpu
nals. Circuit modeling, on the other hand, has to consideneo-
tions of ports, rather than inputs and outputs (see [15] émtailed
discussion). Thus Csound is not directly suitable for miodethe
mutual dependencies between voltages and currents imietéct
circuits. There are — to the knowledge of the authors — no tsode
for virtual analog audio effects at the component level in@sl.

Sec. 2 briefly reviews the triode model from [11]. Basic con-
cepts of wave digital filters are recalled in Sec. 3, while.Sec
introduces the Csound audio programming language. SeweS gi
a short review of different variable types and Sec. 6 digsiseme
issues of real-time implementation of linear and non-lingave
digital filters. The Csound opcode for the triode stage is@néed
in detail in Sec. 7 along with an example.

2. TRIODE STAGE

The implemented triode stage is a classical grounded cataiod
plifier as shown in Fig. 1. Since it is a standard triode amgpigd
stage, no details are presented here. They can be foundsiaah
references e.g. [16—18], or in more recent presentationacafum
tube circuits such as [19] or a monograph on SPICE models [20]
Digital models of this triode stage have been consideref]in [
by analysis of the corresponding nonlinear circuit and iy 1]
with wave digital filters. The latter approach is adoptederdue
to its versatility for building modular structures.

3. WAVE DIGITAL FILTERS

A standard method to convert continuous-time transfertfans

diagram. One way to proceed is to apply methods from circuit into discrete-time transfer functions is the bilinear sf@nmation.
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Figure 1: Standard triode stage (adapted from [10]). It isallg
followed by a gain stage consisting of another triode in th@e
envelope.

It is easily derived as the numerical solution of the intégia

a continuous-time state space structure with the trapabzoite.

It could also be used in component modeling for the integnati
involved in the voltage-current law at capacitances and versa
the current-voltage law at inductances. However, conngatiich
discrete-time models leads to delay-free loops which nentle

resulting discrete-time algorithm as non-computable.
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Figure 2: Block diagram of the wave digital model from [11heT
designation of the resistors and capacitors is the sameFag.it.
The wave variableas andbs correspond to Fig. 4.

nization, timing control, and buffer management. It is ditxex

in [14] and in various web resources accessible from [24].
Csound is input-output oriented in the sense that existigiy h

level commands (opcodes) read samples from an input sigdal a

write it to an output signal. An excerpt from a generic Csound

program looks like

asig2 opcodel asigl parameters
asig3 opcode2 asig2 parameters

The commandpcodel processes the input signasigl and
produces the signasig2 which then serves as input signal for
opcode?2 . These opcodes are processed in a program loop which
is executed at the audio sample rate (see e.g. [14]).

The order of the commands determines the signal flow. It is
shown as a block diagram in Fig. 3 which clearly demonstridtes
input-output character of the Csound processing paradigoon-
trast to Kirchhoff variables, an output signal is not aféetivhen

An escape to this situation has been noticed long ago and leadt js connected to another opcode as an input signal.

to a method for designing digital filters (wave digital fikgfrom
analog counterparts in the early 1970s. A unifying treatnoén
theory and application of wave digital filters is given in asdical
paper [6]. Modern descriptions of the wave digital prineipls a
tool for numerical integration and modeling are given irfl=23].
The use of wave variables for block-based physical modesng
discussed in [8]. Different wave digital implementatiorfstioe

triode model from Fig. 1 have been presented in [10, 11]. The

model from [11] with a purely resistive loai, provides the basis
for the implementation as a Csound opcode (see Fig. 2).

The fundamental difference between the wave digital model

according to Fig. 2 and the circuit diagram from Fig. 1 is tle n
ture of the variables which connect the individual block&ig. 2.
The variables for the description of circuit diagrams likig.FL
are voltages and currents, also called Kirchhoff variabllegen-
eral, they cannot be classified into input and output sigisaise a
variation of a voltage implies also a variation of the copesding
current and vice versa.

ASig2 opcode? asig3

asigl | opcodel §

Figure 3: Basic Csound signal flow.

5. KIRCHHOFF VARIABLES, WAVE VARIABLES, AND
SIGNALS

Sections 2, 3, and 4 of this article each use a different typard
ables, voltage and current in Sec. 2, wave variables in Send

in Sec. 4 input and output signals represented by the audie sa
ples inasigl ...asig3 . The Kirchhoff variables voltage and
current can be converted into incident and reflected wavahlas

and vice versa. However, the communication of these types of
variables with the input-output signals in Csound requsesie

Wave variables are computed from and can be converted intocopsideration. The relations between these differentstgpeari-

Kirchhoff variables (see [7, 8, 22, 23] for details). Howea@nce
they come in pairs of an incident and a reflected wave, theycad

a natural processing order. A block diagram of the wave aigit

implementation from [11] is shown in Fig. 2. The ports witte th
two-way arrows indicate wave variabldg, andV,, are input and
output voltages.

4. CSOUND

Csound is an audio programming language which supportgthe p

grammer in such intricate audio issues as sampling ratensync

ables are reviewed in [8], a recent and very detailed accisunt
found in [15].

In spite of the different types of variables used in circlédry,
wave digital filters, and systems theory it is possible tolengent
a wave digital model of the triode stage as a Csound opcode. Th
reason lies in the design of the analog circuit itself.

The triodes stage is designed for high input impedance.eFher
fore the voltagel; can be regarded as an input signal which is
not affected by feeding it to the tube model. On the outpug,sid
the triode stage may be connected to another amplifier stage o
tone stack. Depending on the input impedance of the subseque
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load, the plate current may be affected by this connectionis T
situation is modeled by including a load resisfy into the plate
circuit. The voltageV, then serves as the corresponding output
signal. Some implementation issues resulting from thiseahix
variable approach are discussed in Sec. 6.

/ICalculate reflected wave

a_ 1 = state_Ck;

b_3 = alpha *a_l1;

/ICalculate effects of incident wave
b1l1=a3+Db3-al

The assumption of a high input impedance and a resistive loadstate_Ck = b_1;

are reasonable simplifications. More general cases can teletb
by an input voltage source with finite internal impedance and
reactive (complex-valued) output impedance.

6. IMPLEMENTATION ISSUES

The implementation of the concepts discussed above in @&proc
dural language like C requires to convert the block diagreomf
Fig. 2 into a sequence of computational instructions. Mbtiese
steps are described in the standard literature on waveabiijiers
(e.g. [6]) and are mentioned here only very briefly for thedéin
case. Then the nonlinear properties of the triode are discls

6.1. Linear Elements

The conversion of electrical circuits with linear elememt® a
wave digital structure is shown here for the example of thieatte
circuit in Figs. 1 and 2. The parallel arrangement of a rasis
and a capacitance requires a so-called parallel adapttndaror-
rect calculation of the wave variables for the communicatigth
the triode circuit.

The structure of the required constrained three-port fedral
adaptor and the equations for the calculation of the adajoieifi-
cents are given in [6, Table 6]. The reflection free port isdhe
connected to the triode circuit. It is called port 3 and haswhve
variablesas andbs. Port 1 with the wave variables; andb; is
used for the connection of the capacitance modelfiorhich is
a simple delay element (see [6, Table 1]). Port 2 is used for th
resistanceRi. Its implementation is particularly easy, since a re-
sistance does not reflect any waves. Therefore the incidan w
as (w.r.t. port 2) is zero and the reflected waxedoes not need to
be computed. These considerations lead to the simplifiadtste
of the cathode circuit from Fig. 4.

T ©

b3

! B,

Figure 4: Signal flow diagram of the cathode circuit. The wave
variablesas andbs correspond to Fig. 2.
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Although the resistanc®y does not reflect any waves, its ef-
fect and numerical value are nevertheless considered icetloa-
lation of the adaptor coefficient. It depends also on the capacity
C and on the sampling instaft

7R3

2
a—Rl——Rka.

- @

Exemplarily the software implementation of the cathode cir
cuit according to Fig. 4 is shown below in C-style notation.

The grid circuit and the plate circuit from Fig. 2 are implertez
along the same lines.

6.2. Nonlinear Elements

The characteristic sound of a tube amplifier is caused by dhe n
linear behavior of the triode. Two effects are importang ¢nid-
to-cathode diode characteristic and the nonlinearity ef fitate
current as a function of the plate voltage and the grid velt&pth
effects are realized separately in the implementation eflbck
Triode from Fig. 2. The connection between these nonlinear pro-
cessing elements and the wave variables at the respectiteipo
shown in the detailed triode model in Fig. 5.

6.2.1. Grid-to-Cathode Diode

The grid-to-cathode diode characteristic can be modelednas-
linear resistorRy. Two different models have been suggested
in[11] and both are implemented here. The first one simplyches
between two constant resistor values, i.e.

Rd — Rlow
Ruign

The second model is an implementation of the Child-Langmuir
law. The parameters for these models (€.w and Ryien) can

be set by the user in a configuration file. Both diode models are
controlled by the grid-to-cathode voltayigx which is obtained as
the mean of the incoming and reflected waves at the adaptbr por
to which the diode is connected.

if Ve > 0
else '

@)

6.2.2. Plate Current

For the nonlinear plate current, Koren's model has alreagbnb
used successfully in [5, 10]. It expresses the plate cutkgnt=
f(Vak, Vo) as a nonlinear function of the grid-to-cathode voltage
Ve and the plate-to-cathode voltayygx. Substituting this nonlin-
ear function forl, in the corresponding wave variables

QApk = Vpk + RO ka7
bpi = Vo — Ro Ipx,

©)
“

gives an implicit relation for the unkown plate-to-cathoadtage
Vo and an explicit relation for the reflected wabg [10]

0=V + Ro f(vgk7 Vpk) — Qpk,
bpk = Vo — Ro [ (Vigke, Vi)

©®)
(6)

The implicit relation (5) is solved from an initial guessdethe
previous value) by minimizing the error function

e = Vo + Ro f(Vax, Vpr) — apk (7

in an iterative procedure as suggested in [10]. The secatftotie
has been used in Fig. 5 with the iteration index For values
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Figure 5: Nonlinear triode model. The circuit shown here lengents the blocKriode from Fig. 2. The ports with the wave variable
pairs(ag, be), (ax, bx), and(ap, bp) connect to the grid, cathode, and plate circuits, respelgtirhe grid-to-cathode diode characteristic
discussed in Sec. 6.2.1 is realized by the block connect#teteeries adapator and labeled with a diode symbol. The platent results
from the iterative solution of Koren's model fdf, in the block connected to the upper parallel adaptor, see6S2e.

within the usual operation range, these nonlinear relatéoe pre-
calculated and stored in a look-up table.

kamp = 0.8;
icps = 440;

Nonlinear mappings of audio signals may produce spectral ifn = 0;

components above the human hearing range. In discreteptione
cessing, aliasing can fold these components back ontoleud#
guencies unless oversampling is applied. Also this impleatesn
of the triode model employs internal oversampling for thalev
ation of the nonlinear tube model. The locations for up-dargp
and down-sampling are straight behind the signal inp@nd be-
fore the signal outpuV; (see Fig. 2). If required, it is possible to
move the sampling rate conversion closer to the nonlirearit

7. CSOUND OPCODE

To turn existing C-code into opcodes for Csound, the comoaini
tion of the C-code with the Csound programming environmaist h
to be established. For this purpose, Csound provides a finted i
face [14, chapters 31 and 32]. Using this interface, the wayital
model of the triode stage described above has been implethast
a C-program for real-time operation. The result is a shakedrly
which has so far been built and tested for UNIX environmetits.
supplies a new Csound opcode caltade for the simulation of
a vacuum tube triode stage.

Thetube opcode is ready to use and implements the triode
model with standard values for its parameters (e.g. commone
values, load resistance, supply voltage, oversampliregy patram-
eters of the tube nonlinearities, etc.). To provide maxinflaxi-
bility for the user, these standard values can also be a\eriiby
the content of an external configuration file. The Csound deco
tube is available for download at [25]. A possible use case for
thetube opcode is shown below.

imeth 1;

apluck pluck kamp, icps, icps, ifn, imeth;
atube tube apluck, sr, "config.txt";

alp butterlp atube, 5000;

ares butterbr alp, 1200, 50;

out ares;

A dry input signal for the tube stage is generated by the Gdoun
opcodepluck which is controlled via the parametetamp for

the amplitudejcps for the oscillation frequencyfn to choose

an initial buffer content anineth to control the decay (see [24]).
pluck implements the Karplus-Strong algorithm and generates
the signalapluck .

The sample of a string-like sourapluck and the user de-
fined sample ratasr are fed to the opcodtibe , creating the
atube output signal. Optionally the filename of an external con-
figuration file can be handed to the opcode to let the user set th
modeling parameters.

A simple loudspeaker emulation, proposed by [10] is applied
via other standard opcodes, realizing a lowpass filter at 5l
a notch filter with a bandwidth of 50 Hz at a center frequency of
1200 Hz. At last the resulting sound sample is written to tue-v
ableout , defining Csound’s realtime or filebased output.

8. RESULTS

Although the presented implementation of the triode moael c
only judged by listening, a few technical results are regubttere.
They concern the nonlinear model for the grid-to-plate entrand
its effects on a sinusoidal input signal, the amount of al@$or
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different sampling rates, and finally a pointer to some tistg
examples is given.

8.1. Nonlinear Model for the Grid-to-Plate Current

The basic effect leading to the typical tube behaviour isatheve
mentioned nonlinear current characteristic. The impleatém
of the nonlinear model from Sec. 6.2.2 has been evaluatedsy m
suring theV,k-Ipx curves at the portagk, bpi) from Figure 5.
The results are plotted in Figure 6 together with the thémakt
curves predicted by Koren’s formulas. Visually these carean-
not be distinguished. An analytical analysis of the absodliffer-
ence showed a maximum deviation of ab8ut10~°mA within
the usual operation range.Vi« € [0V, ...,300V] and Vi €
[—3V,...,0V])

The resulting spectral effect of the nonlinear behaviouhés
appearance of additional harmonics. As a demonstratiomua s
siodal input signal with a frequency of 440 Hz and a slowlynigs
amplitude was generated.

The amplitude increased linearly from zero to full scale in
seven seconds, where full scale corresponds to an amptfué
of the input signal; in Figure 2. This input signal was processed
with the opcode and then plotted as a spectrogram (44.1 kidz sa
ple rate, FFT length 2048).

Figure 7 shows on the top the effect of additional spectnal-co
ponents, explaining the rich sound of vacuum tube amplifiehe
envelope of the distorted output signal is plotted on theobot
The asymetrical shape of the envelope results from thettyieal
one-sided clipping whenever the amplitude of the inputalidn
exceeds the negative bias afi. implemented by the cathode re-
sistanceRy in Figure 1.

Current/, in mA

0 50

100 150 200
Voltage Vi in V

250 300

Figure 6: V-1, characteristic curve, measured in the nonlinear
part of the WDF circuit from Fig. 5. The curves are obtained fo
Vgic from —3V to 0V in steps 0f0.5V.

8.2. Oversampling

Figure 8 shows the spectrum of a distortedkHz sine with an
amplitude of2.5 V, sampled ati4.1 kHz. The upper graph shows
a dominant peak at the fundamental frequency and furtheespea
at the positions of the first three harmonics. But also otleakp

3 kHz

t)

2 kHz

H(f

Ay
=~
I
N

Relative signal level

Timeins

Figure 7: Spectrogram of the response #d@Hz sinusiodal input
signal with slowly increasing amplitude. Top: Spectrognaith
magnitude normalized to unity. Bottom: Envelope of the autp
signal.
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Figure 8: Spectrum of the response tekilz sinusiodal input sig-
nal with an amplitude o2.5V at a sample rate of4.1kHz without
and with four times oversampling.

are visible in the range of -30 to -50 dB. They result from leigh
harmonics which are subject to aliasing. This effect of umed
spectral components is less distinctive in the graph beltere
four times oversampling was used.

8.3. Listening Examples

To meet the actual use of the opcode, simulating the sound of a
tube amplifier, also an acoustical analysis was done. Faurdso
clips, trying to demonstrate the different genres shownaibld 1,
were recorded with a ESP LTD F-50 guitar with a common intern
Realtek HD sound card dtl.1 kHz. These sound clips were pro-
cessed with the opcode with the example configuration fildy On
the preamplifier gain value was edited to achieve differéstod
tion levels, fitting the muscial genre. The virtual prearfigtimaps
the guitar signal to the input sign&] shown in Figure 2.
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Genre | gain
Blues 6
Rockabilly 8
Rock 10
Metal 15

Table 1: Available sound examples for the Csound plugive
A different preamplifier gain was used for each genre to aehie
typical distortion levels.

(8]

9]

[10]

9. CONCLUSIONS

The Csound opcodeibe provides a real-time model of a triode
stage in a vacuum amplifier. It is based on an existing wavie dig

tal model well documented in the literature. Special emishiaas

been placed on the internal structure of the nonlinear éricid-
cuit, where variables of different nature (voltages andents vs.
wave variables) are combined. The opcddlee is available for

download and ready to use with standard values of the model pa
rameters. Additionaly the model can be modified by editing an

external configuration file.
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