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SYNTHESIS OF ORGAN PIPE SOUND BASED ON SIMPLIFIED PHYSICAL MODELS
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Problems related to the implementation of a physical model based synthesis of an organ
pipe sound are discussed. A new approach to the physial modelling of an organ pipe sound,
namely the waveguide synthesis is introduced. The results of some experiments with this kind
of synthesis are presented. Specific features of presented methods and corresponding
applications are quoted. Examples of a computer analysis of both synthesized and real
musical sounds are presented and compared.

1. Introduction

The new generation of digital signal processors offers many possibilities to create
synthesized sounds of classic-like instruments. On the basis of the new technology new
synthesis algorithms created on the basis of the physics of instruments were proposed.
One of the most modern methods that belongs to the category of physical modelling is
the “digital waveguide” synthesis [23, 25, 26]. In this method the wave equation is first
solved in a general way to obtain the travelling waves in the instrument body that are
then simulated in the waveguide model. In the lossless case, a travelling wave between
two points in the medium can be simulated using a digital delay line and frequen-
cy-dependent losses can be simulated by a FIR digital filter [8, 9, 23]. In the paper also
a short review of widely-known traditional synthesis methods is included and their
limitations, when applied to the organ pipe sound synthesis, are pointed out.

The tool used for the experiments was the NexTStep Operational System based
workstation. This operational system available today with Sun, Hewlett-Packard and
IBM Pentium computers is particularly suitable for the development of sound
synthesis algorithms, especially because of the advanced software supporting this
task.

The SynthBuilder system may serve as an example of such a software application.
Within it, it is possible to create and test a new instrument. The unit generator panel
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contains: an oscillator, buzz, random number generator, simple envelope with attack
and decay, filter and mathematical operations. Since inputs and outputs are wired, it
is possible to designate parameter fields. Moreover, some available analyzing
software packages were designed for musical sounds [2]. The software enables various
analyses, especially those more sophisticated, being very useful for the study of
musical timbre through the examination of various graphic representations of the
data.

Two methods of physical modelling of natural instruments were used in the study.
The first one, proposed by Fletcher [11], is based on the numerical solution of the
wave equation. The second one, known as the waveguide synthesis, is related to the
simulation of travelling waves in the waveguide model of a natural instrument.
A couple of experiments with these two methods were made in order to compare their
output to results the obtained with some classical methods for digital synthesis and to
the sounds of real organ pipes.

2. Traditional sound synthesis methods

Traditional synthesis methods fall into one of the four categories quoted below:
additive synthesis, subractive synthesis, nonlinear distortion synthesis and sampling.

Generally, digital synthesis of sound is a function F described by the following
equation:

s(n)=F(1,p 5.0, 2.1)
where: s(n) — consecutive samples of synthesized sound,
Pyp»sPm — set of synthesis control functions.

Depending on the selection of the synthesis control functions, one can discern
many methods, such as additive synthesis, subtractive synthesis, frequency modula-
tion (FM), phase distortion.

The additive synthesis belongs to the “classical” methods of digital synthesis of
sound. It results from the reverse Discrete Fourier Transform of spectral components
having variable amplitudes [13]. The additive synthesis demands a big number of
stored data. It would be very difficult to relate these data providing input of this
algorithm to the way of playing on a pipe organ instrument with regard to musical
articulation.

The subtractive synthesis is based on filtration of a wide-band signal in the
non-stationary linear circuit. Usually, the subtractive synthesis is used in digital
technology as a tool for timbre formation of signals generated digitally in samplers,
wavetable synthesizers and other ones. This method provides the most wide-spread
technique for the synthesis of pipe organ sounds. However, it does not allow for
musical articulation [14, 15] and is not suitable for modelling such phenomena as
overtone generation, overblowing and other features accompanying the sound rise in
a real pipe because it is technically difficult to obtain sufficiently fast and deep
changes of filter parameters.
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The frequency modulation (FM), waveshaping and phase distortion fall into the
category of nonlinear distortion synthesis. Frequency modulation is well known in
radio engineering. J. CuowniNG discovered [5] that by bringing the modulation rate
down into the human héaring frequency range (20 Hz — 20 kHz) and controlling the
relationship between the carrier frequency, the modulating frequency and the
modulation index ratio, one can vary the timbre of the synthesized sound.

In practice, the spectrum shape of the synthesized sound is very difficult to predict
and control (the equation may be solved using Bessel functions). Nevertheless, some
modifications of this method, which solve the problem partially, were proposed lately
[24], especially for the steady-state part of the signal. Independently of the method,
the frequency modulation synthesis does not allow to control the spectrum behaviour
during the transient states with sufficient, from the technological point of view,
effectiveness. This drawback eliminates this method as a practical tool for an efficient
synthesis of the pipe organ sound.

The phase distortion synthesis method is another kind of methods belonging to
the category of nonlinear distortion synthesis. In this case, samples corresponding to
a single period of the cosine wave are stored in the table of the phase distortion
synthesizer. In the process of synthesis some samples are read out of the table at a rate
different from those of others, which causes phase distortion. As a result various
sound waveforms can be obtained.

The waveshaping synthesis is similar to the phase distortion method described
above. The difference consists in the fact, that the sampled-data of one period of the
cosine wave are read out at a constant rate and then processed according to the
shaping functions [3]. As the last two methods are based on nonlinear equations, it is
difficult to manage all parameters of such synthesis and to control all phases of the
created sound.

Many electronic instruments, that allow for a plausible synthesis of natural
sounds, utilize the sampling technique. In this method the musical sound is used as
a sound source. Subsequently, it is converted into the digital domain, stored in the
computer memory, processed according to the chosen algorithm and then converted
back to the analogue domain. Although sampling allows for efficient synthesis of
natural sounds, a large amount of data must be stored in the computer memory,
especially when considering such a big instrument as a pipe organ. The last one of the
methods described above is not a system of synthesis in the strict sense.

3. Sound production in an organ flue pipe

An open diapason and a flute pipe are typical organ flue pipes. They are shown
schematically in Fig. 1. The main three parts of a flue pipe are: foot, languid, and
body. The term “mouth” denotes respectively upper and lower lips, the languid and
the ears in the case of a diapason pipe (ears are not shown in Fig. 1). The slit between
the languid and the upper lip is called a “flue” or a “windway”, therefore organ pipes
of this kind of construction are often named “flue pipes”.
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Fig. 1. a. Cross-section of the wooden organ pipe of a “flute” type, b. Cross-section of the open diapason
pipe [19].

Fig. 2. Mechanism of “edge tone” production [21].

One of the first qualitative explanations of sound production in organ flue pipe was
given by RicHArDsoN [21, 22]. In his studies a flue pipe was treated as two compound
systems in which an “edge-tone” is directly coupled to the column of air of fixed length.
The mechanisms of “edge-tone” formation are illustrated in Fig. 2. In the simplest case,
a vortex A leaves the outer wall of the orifice as the preceding one on the same side
B strikes the edge. The frequency of the “‘edge-tone™ is related to the frequency with
which the vortices strike the edge. The wavelength of the “edge tone” equals, or is
a small submultiple, of the distance between the vortices in the same row. There is
a minimum distance /, of the distance / between the slit and the edge for any given
velocity of efflux v at which a tone can be produced. In an organ pipe the distance
between the slit and the edge of the upper lip is constant, but the velocity of the air-jet
can be varied by changing the pressure in the pipe foot. When v is kept constant as / is
increased beyond the minimum /,, the pitch of this “edge-tone” is in accordance with
the relation:

v/ fI,=constant (3.1

until / reaches a value equal approximately to the double value of /;; then the tone,

which is now the sub-octave of the original, may suddenly rise an octave.
Richardson concluded that the “jump” of the frequency of the “edge tone” up to

the higher frequency occurs when the pipe is supplied with relatively low pressure
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and, as a consequence of this, the pipe can respond with some kind of overblowing
[21]. The air, issuing from a slit in the mouthpiece and striking the upper lip, produces
the “edge-tone”, the pitch of which would rise continually in proportion to the wind
velocity, i.e. to the square root of the pressure in the wind chest. Thus, the organ pipe
can be considered as a resonator coupled to an “edge-tone” generator that amplifies
its response. These possible modes of vibration in relation to the “edge-tone™ are
shown in Fig. 3 [20].

As already mentioned, the relation shown in Fig. 3 refers to the case when small
power, at low pressure, is turned onto the pipe, before the normal pressure has been
attained.
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Fig. 3. Organ-pipe tones in relation to edge tones [19].

A systematic study of the sounding mechanism of the flute and organ pipe was
undertaken by CoLtman [7]. He pointed out that the picture of an organ pipe as
a resonator that is coupled to the “edge-tone” generator and amplifies its response
was oversimplified. He carried out detailed measurements of the acoustic impedance
of the air jet. In this study, he measured the acoustic impedance at a given frequency
as the function of a jet velocity [6]. A very important observation was made, namely
that the interaction between normal resonance modes of the air column within the
pipe and the air jet should be treated in terms of a nonlinear interaction [10]. The jet
emerging from the narrow slit defined by the edge of the languid and the lower lip of
the pipe mouth, is sensitive to the displacement by the fluid motion v through the
mouth of the pipe. If the acoustic flow is out of the pipe mouth, the jet is deflected
outside the upper lip and the pressure falls, while if the acoustic flow is inwards, the jet
is deflected inside the upper lip and raises the pressure in the pipe near the mouth. For
a steady velocity, v, in the pipe mouth, the driving force F produced by the jet had
a form like that one shown in Fig. 4 [10, 11, 18].



136 A. CZYZEWSKI, B. KOSTEK AND S. ZIELINSKI

FA

<"

Fig. 4. An exemplary shape of nonlinearities caused by the interaction between the air jet and the pipe [10,
11, 18).

4. The articulation effects

LorTterMoser [17] reports that in most cases of baroque organs, the organist is able
to influence the transients. When he touches the key quickly (staccato), the
higher-frequency tones of short duration arising during the transients appear with full
amplitude. When he touches the key slowly (legato), these tones disappear. This
phenomenon is very important for presenting well-articulated music.

Significant qualitative differences between organ transient sounds obtained for
fast and slow rates of opening of the pallet were found by Cappy and PorLarp [4].
NoLLe and Fincu [19] measured transients of flue organ pipes in relation to the
pressure rise time. They found that in the case of short-time transients, an overshoot
of the second mode harmonic occurred. In the “slow” regime, not only is there no
large overshoot, but modes 2 and 1 can become phase locked well before the final
pressure is reached. These effects were also observed by us in our previous studies [14,

15, 16).

5. Physical model based on the wave equation

The organ pipe can be considered as two subsystems, for example, the air column
— a very, nearly linear, resonant system — and the jet system including a highly
non-linear interaction with the pipe lip. The air column system of the pipe has a series
of normal modes with (angular) frequencies ;. The displacement x; of the ith mode
obeys the equation of the form [11]:

%y ke % m? x,= (D), (5.1)

where: F(f) — external force, k; — damping coefficients, A, — coupling coefficients
between the pipe and the air stream.
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As far as the air jet is concerned, the driving force F for the static case can be written
as a power series expansion:

F=cy+c,v+c,p*+c 7+ ... (5.2)

where v is the acoustic velocity of the air stream and c, are coefficients of the blowing
pressure function. Considering the time delay, J,, related to the jet travelling across
the mouth of the pipe and the dispersive character of the jet, 4,/w;, equation (5.2) can
be written:

fes) 0 A. m
Ro= 5 el 53 1-0- 2" 53
m=0 i=1 w;
where: §; — time necessary for a single vortex to be displaced along the air stream

leaving the organ pipe mouth, 4; — phase shift.
The set of equations (5.1) and (5.3) can be written in the following form:

ok = (%) (54)
where:
Six)=—kx;+ LF(x, X,,...) . (5.5)

This equation can be solved using the method of slowly varying parameters. The
delay ¢ for a jet of length / is:

5=8x10"4[p 1251 (5.6)

where o — coefficient of air flow velocity.

As the attack transient is strictly related to the pressure rise time and has a crucial
influence on the timbre of the resulting sound, the main attention has been paid to
modelling the pressure changes in the pipe foot described by the following equation:

p(O)=py+@,—pyexp (") (5.7)

where: p, specifies the pressure peak, p, is the steady pressure and 7 is the decay time
from the peak level. It is possible to discern between at least two possibilities. When
P,> P, the pressure peak is occurring and it may be referred to as the plosive transient
attack. When p «p,, the transient is slow. A more detailed description of the
phenomena related to the sound rise in flue pipes can be found in the literature[1, 11, 15].

In the experiment studies carried out in the Sound Engineering Department of the
Technical University of Gdansk, the method proposed by Fletcher has been
implemented in a personal computer [14]. In these studies the frequency dispersion
was neglected.

6. Waveguide synthesis

The digital waveguide synthesis is based on a modified approach to the physical
model: the wave equation is first solved in a general way to obtain travelling waves in
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the medium interior. The travelling waves are explicitly simulated in the waveguide
model, in contrast to computing a physical variable [12, 23, 26]. In the lossless case,
a travelling wave between two points in the medium is simulated using a digital delay
line. Frequency-dependent losses and dispersion can be modeled using digital filters.
The general class of solutions to the lossless, one-dimensional, second-order wave
equation describing the air column system of the pipe can be expressed as:

x(Lt) =x,(I—cf)+x(I+ct), (6.1)

where: x,(/—ctf) — right-going travelling waves, x,(/—cf) — left-going travelling
waves, ¢ — speed of propagation, / — position.

Fig. 5 shows the way of modelling such travelling waves using a pair of digital
delay lines. The upper delay line simulates the right-going travelling waves, whereas
the lower one is responsible for modelling the left-going waves. It is possible to
compute the physical air column displacement in any sampling point by simply
adding corresponding samples derived from delay lines, as illustrated in Fig. 5.

. __[ Digital delay line J_. -

To the air jet system Qutput To the end of
(lip of the pipe) the pipe
(R ‘—‘|7 Digital delay line i‘— e

Fig. 5. Scheme of an elementary waveguide.

A more detailed schematic diagram of the semi-physical model of the flue organ pipe
is illustrated in Fig. 6a. This model is based on a flute model developed in 1992 by
VALIMAKI et al. [26]. Experiments with this model were also performed by P.R. Cook
[9] who proposed inaudible simplifications. A pair of digital delay lines (each of N/2
sample length) is used for modelling the vibrating air column inside the pipe. Linear
filters at the ends of the pipe in this waveguide model simulate losses and the
dispersive characteristics of the air column summed up together with the reflections.
The lengths of the delay lines correspond to the effective length of the pipe. Since
delay lines consist of an integer number of unit delays, the problem related to the
proper tuning of the pipe, according to the musical scale, could appear. This problem
can be solved using a fractional delay filter based on Lagrange interpolation [27, 28].
Filters F, and Fp (see Fig. 6a) are responsible for modelling frequency-dependent
damping and dispersion in the pipe and reflection properties of the corresponding
ends. The oscillation in the pipe is produced by a nonlinear interaction of the air jet
and the air column. This interaction can be described in terms of a nonlinear function
and implemented by means of a look-up table [10, 11, 19], Since the air jet has to
travel a certain distance from the pipe foot to the lip, it is necessary to model it using
an additional delay line (d/1). The whole system is excited with the noise shaped by the
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envelope generator that models changes of pressure in the pipe foot. It is possible to
simplify this model by lumping delay lines and the corresponding filters as illustrated
in Fig. 6b. This simplification does not cause any audible effect.

a.

Nonlinearity

Air jet model Air column model

Feedback

Exc.
Noise
Gen.

Air jet model - Air column model o

Fig. 6. Block diagram of a flue pipe model:
a. full lay-out,
b. simplified lay-out with elements lumped together.

In the experiments we have carried out, the waveguide model of a flute proposed
by ViumAki [26] was adopted. In order to simplify the model, the filter Fp was
removed (see Fig. 7). This model consists of typical blocks such as delay lines,
multipliers, one-pole filter and generators. The transfer function of the one-pole filter
is as follows:

bD

H(Z)=l_7

1
a,z

6.2)

where: b, — amplification and a, — pole coefficient. The one-pole filter and a delay
line (dlI) are used to simulate the travelling wave in the air column of the pipe. The jet

Fig. 7. Waveguide model of a flute pipe used for experiments.
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delay is modeled using the second delay line (d/2). The amplitude envelope generator
and the noise generator are used to model the changes of the air pressure in the pipe
foot. In order to ensure efficient DSP calculations, non-linearities are modelled on the
basis of a polynomial approximation. This function can be written in the form:

yx)=ax—ax?, (6.3)

where: a, and a, — coefficients of a polynomial approximation of the 3-rd order.
The values of coefficients a,, a, were set experimentally, thus adopted as: a,=1 and
a,= — 1. The nonlinear section of the model responsible for the interaction between
the air jet and the air column is presented in Fig. 8.

x —‘_(%)—-@*G'aq y(x)

Fig. 8. Nonlinear section of the model simulating the interaction between the air jet and the air column.

The attack transients of the air pressure in the pipe foot can be modeled using
various shapes of an amplitude envelope signal. This procedure allows to synthesize
various types of transients, even those corresponding to the overblow of the pipe,
which is very important to the subjective assessments of the resulting organ sound.
The shape of the amplitude envelope was set as shown in Fig. 9.

R T R S

Fig. 9. Shape of an attack transient generated in the amplitude envelope generator.

In the experiments with waveguide synthesis, the SynthBuilder system written for
the NeXT computer was used (Software elaborated by Nick Porcaro et al., Stanford
University). This application allowed to model the pipe according to the algorithm
described before. Fig. 10 shows the block diagram of this model constructed with the
use of SynthBuilder tools and the characteristics of the filter used in the model. It was
possible to run this algorithm in the real time on a single DSP chip (Motorola 56001).
In order to add some reverberation to the synthetic sound, an external sound field
processor unit (Yamaha DSP-1) was employed. This solution enables simulating
conditions of a big interior, which is in a good accordance with the listeners’ habits
accustomed to perceiving organ sounds in the acoustical conditions of a church.
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Modeling of the traveling
waves inside of the pipe

Fig. 10. Waveguide model of the organ pipe implemented using the SynthBuilder software tool and
response of the applied low pass filter.

7. Experiments and results

As a result of the carried out experiments, sound of an organ flue pipe were
synthesized using the two methods described above, namely the method based on
solving differential equations and the waveguide modeling, both describing physical
phenomena related to sound bore in organ pipes. Synthetic sounds were then
analysed in time- and frequency-domains and compared to the corresponding
analyses of natural sounds. Preliminary listening tests were also made in order to
compare synthetic and natural sound patterns.

Calculations based on the method proposed by Fletcher have been performed for
a wide variety of cases from which only two examples, shown in Fig. 11, have been
selected. The plosive attack produces a speech transient in which the second pipe
mode is dominant within the first 0.1 s (Fig. 11.a). For the slow attack the speech is
delayed, with the fundamental being always predominant (Fig. 11.b). These effects
are closely related to musical articulation distinctive features that appear in the sound
of a real organ pipe, namely a flue pipe [15]. The harmonic analyses of the
corresponding natural sounds are presented in Fig. 12.
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Fig. 11. Calculated pipe transients. In both figures, curves no. 1, 2, 3 refer to the first, second and third pipe
modes, respectively:
a. fast attack (p,=2 mbar, p,=6 mbar),
b. slow attack (p,=2 mbar, p,=0.5 mbar).

Similar frequency analyses were made with sounds obtained using the waveguide
synthesis [16]. Spectrum plots of the synthetic and natural (steady state) sounds of an
organ flue pipe are presented in Fig. 13. There is a good qualitative accordance
between them. The content of harmonic components is relatively small. There are
only 6 harmonics of significant importance, whereas the higher ones are hidden under
the noise components. It is important to note, that the amplitude of the second
harmonic is in both cases less than the amplitude of the first and the third ones. Apart
from this, the amplitude of the sixth harmonic in the natural sound is greater than the
amplitude of the same harmonic in the synthetic one (Fig. 13).
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Fig. 12. Evolutionary plot of a spectrum of a Principal organ pipe:
a. fast attack, '
- b. slow attack
(Analyzing tool: AnView — program elaborated by C. Gennaula, C. Goudeseune, J. Beauchamp).

Fig. 13. Spectrum plots of the synthetic_ and natural sounds (of the flute type).

[143]
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Evolutionary spectrum plots of synthetic sounds are shown in Fig. 14.a and Fig.
14.b. These sounds were obtained using differentiated (fast and slow) articulation of
the attack transient states. This kind of relations between the fundamentals and
harmonics can be found also in the evolutionary spectrum of the sound produced by
the real organ flute pipe. Fig. 15 shows two plots used for such a comparison. The
upper part of this Fig. (15.a), corresponds to the synthetic sound, while the lower one
corresponds to the sound of the real flute pipe (Fig. 15.b). These two plots are similar
to each other, especially as far as the first and the third harmonics are considered.
Time-domain analyses of synthetic sounds are shown in Fig. 16. The fast attack gives
a shorter amplitude envelope rise time than in the case of a slow attack.
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Fig. 14. Evolutionary spectrum of the first six harmonics of the synthetic sound:
a. fast attack,
b. slow attack.

The process of waveguide synthesis is performed in real time. Parameters of the
synthesis have been adjusted interactively while listening to the synthetic sound. The
parameters specified in Table 1 were found to be optimal for the synthesis of an organ
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Table 1. Parameters of the waveguide synthesis of a flute pipe.

scaler scaler delay line delay line scaler scaler filter filter
n rl dll di2 r2 g b, a,
1 0.1 8 29 0.56 0.5 -0.3 —-038

flute pipe in the elaborated model (see Fig. 7). The gain in the feed-back loop in the
model is determined by the coefficient I and r2. The level of the input signal is
proportional to the changes of the parameter g.

8. Conclusions

Synthesis of musical sounds by physical modelling becomes feasible due to the
increase in the power of the computer equipment. On the basis of a new technology
also new synthesis algorithms emerged; the waveguide synthesis that starts to be
known as a method created on the basis of physics of an instrument or an instrument
family.

The relatively high computing power of the modern DSP circuitry allows such an
instrument to run in real-time. The performed analyses and listening tests show that
the synthesized sound using the waveguide method is more similar to the natural
sound of the organ pipe than sounds synthesized by numerical solution of “‘classical”
equations describing the acoustical behaviour of pipes. What is most important, this
observation concerns also the initial stage of a sound rise being critical to the
subjective assessment of naturalness of the organ sound produced by pipes excited
with various types of air blow. Taking into account that the waveguide method is
applicable in real time with the use of popular digital signal processors, it can be
considered to be a new and valuable tool for the synthesis of the organ pipe sound.
This method is the first one that enables a synthesis of the organ pipe sound with
a quality comparable to sounds of widely recognized instruments with a mechanical
tracker action.
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