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ABSTRACT

In this work we propose a new physical modeling tech-
nique whereby a waveguide structure is replaced by a low
latency convolution operation with an impulse response that
is either measured, modified, and/or constructed, option-
ally parametrically. By doing so, there is not longer the
constraint that successive arrivals be uniformly spaced, nor
need they decay exponentially as they must in a waveguide
structure. Measured impulse responses allow for the estima-
tion of filter transfer functions normally seen in a waveguide
model of an acoustic tube, some of which are difficult to ob-
tain theoretically, which may then be used to synthesize new
impulse responses corresponding to wind instrument bores
both existing and imagined. The technique is presented in
the context of reed-based wind instruments, but may be ex-
tended to other musical instruments.

1. INTRODUCTION

Blowing into the mouthpiece of a reed-based wind instru-
ment allows the player to control the reed’s oscillation by
creating a pressure difference across its surface. An increase
in both upstream mouth pressure and downstream bore will
however, cause the reed to either open or close further, de-
pending on its configuration [1] and thus both pressures are
important contributions to the behaviour of the reed. The
oscillation of reed is therefore also dependent on the nature
of the bore to which it is coupled, as it imparts frequency-
dependent losses on the travelling pressure waves contained
within, that are dependent on the bore’s length, size, shape
and termination.

A reed model must be coupled to a bore model to ob-
tain a value for its downstream pressure. It is common to
use waveguide synthesis to model the left and right trav-
elling pressure waves, as it is practical, efficient, and pro-
duces very good results [2]. The waveguide model must,
however, make certain approximations, particularly for the
reflection at an open end termination, which is more difficult
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to account for theoretically. The model also becomes more
complex, and not easily approximated by a one-dimensional
waveguide structure, if the shape of the bore departs from a
cylindrical or conical shape. In fact, any attempt to free
the bore model of physical constraints which yield its har-
monic resonant modes, is made more difficult using a one-
dimensional waveguide model.

In this work we propose a new physical modeling tech-
nique whereby a waveguide structure is replaced by a low
latency convolution operation with an impulse response that
is either measured, modified, and/or parametrically constructed.
The output of an excitation model, such as a reed, may be
convolved with the impulse response in such a way as to
permit very low-latency, enabling the modification of the
impulse response in realtime, in ways both similar to, and
different from, its waveguide counterpart.

The termConvolutional Synthesisfrom the title, bor-
rows fromConvolutional Reverb, a technique used for sim-
ulating reverberation of a physical or virtual space, using
its characteristic impulse response. In this work, measure-
ments of acoustic tubes, and musical instrument bores, are
used as a base from which a parametric impulse response
may be synthesized, corresponding to possible wind instru-
ment bores, either existing, or imagined.

2. BORE PRESSURE IN A REED CONTEXT

It is by considering both the forceF driving the reed, and
the air flowing through the reedU , that the dependence of
reed oscillation on bore pressure is apparent. The displace-
ment of an oscillating wind-instrument reed may be approx-
imated by the second-order differential equation

m
d2x

dt2
+ m2γ

dx

dt
+ k(x − x0) = F, (1)

wherem is the effective mass of the reed,γ is the damping
coefficient,k is the stiffness of the reed. The overall driving
force is equal to the sum of all forces acting on the reed,
F = Fm + Fb + FU , where the forceFm acts on the reed
surface area seen by the mouth pressurepm, the forceFb
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acts on the reed surface area seen by the bore pressurepb,
and the forceFU is applied by the flowU , forcing the reed
open.

The differential equation governing air flow through the
valve, fully derived in [1], is also dependent on bore pres-
sure and is given by

dU

dt
= (pm − pb)

A(t0)

µρ
−

U(t0)
2

2µA(t0) + U(t0)T
, (2)

whereA(t) is the cross sectional area of the valve channel,
andµ is the length of reed that sees the flow.

A reed may therefore be modeled digitally by obtaining
a value every sample period for the displacement of the reed
x, the flowU , and the pressure at the base of the borepb,
in response to an applied mouth pressurepm. An example
model is shown in Figure 1 for the case of the clarinet.
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Figure 1: A clarinet model showing the variables which
evolve over time in response to an applied pressurepm(t).

The pressure at the base of the bore, the reed’s effective
downstream pressure, is the sum of right and left travelling
pressure waves at that position. The right traveling wave
consists of the bore input pressure (the product of the char-
acteristic impedance and the flow,Z0U ) along with any re-
flection off the reed termination,Rcl(ω) in Figure 2. The
left traveling wave at this position consists of the incom-
ing pressure wave returning from the bore and bell (before
being reflected off the reed). The impulse response of a
cylindrical bore, both rigidly closed and open, driven and
measured at one end, may be seen in Figure 5 (bottom). An
impulse response of a trumpet, both driven and recorded at
the mouthpiece, may be seen in Figure 3.

T (ω)z−L

z−Lλ(ω)

λ(ω)

Rcl(ω) Rop(ω)

Figure 2:A waveguide model of an open cylinder. If rigidly
terminated,Rcl(ω) = 1.

It is common to model the pressure waves travelling
along one dimension using a waveguide structure similar to
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Figure 3: An impulse response of the trumpet both driven
and recorded at the mouth piece (i.e., not with the attached
tube as shown in Figure 6).

the one seen in Figure 2. A change in the bore’s cross sec-
tional area, including the open-end termination, will impart
a filtering caused by a reflectionR(ω) and corresponding
complimentary transmissionT (ω). During propagation the
waves are also subject to wall losses, with transfer function
λ(ω) dependent on the size and length of the bore. The vari-
ous ways in which the pressure waves are filtered, including
the pure delay, constitute the model’s waveguide elements,
and have an observable effect on the resulting impulse re-
sponse.

3. BORE RESPONSE MEASUREMENTS

There are certain approximations made by waveguide el-
ements, such as the reflection occurring at an open end,
a function of the complex terminating impedanceZL(ω)
which is a fairly complicated function of frequency. One-
dimensional waveguide models can only be used to model
cylinder or conical tubes and any departure from these shape
will add a complexity that may be difficult to account for
theoretically (though again, certain approximations may be
made). We therefore use a low latency convolution with an
impulse response, either fully measured, modified, or con-
structed, as an alternative to the waveguide model.

Figure 4:A microphone and co-located speaker.

It is well known that inputting an impulse into an LTI
system yields its impulse response. Here, we use a sine
swept over a frequency trajectory, effectively smearing a
sufficiently loud impulse over a period of time so that the
system may be adequately driven without distortion [3]. As
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shown in Figure 4, the signal drives the tube via a speaker
placed at one end, closing that end with a termination given
by Rcl(ω), while a co-located microphone records the re-
sponse, a measurement of the pressure at the base of the
borepb.
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L1 = σ(ω)

L2 = σ(ω)λ2(ω)(1 + ρ(ω))

L3 = σ(ω)λ4(ω)ρ(ω)(1 + ρ(ω))
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Y1 = σ(ω)

Y2 = σ(ω)λ2(ω)Rop(ω)(1 + ρ(ω))

Y3 = σ(ω)λ4(ω)R2
op(ω)ρ(ω)(1 + ρ(ω))

Figure 5: Arrival responses are shown, with their corre-
sponding transfer functions, for a cylinder that is rigidly
terminated (top) and open (bottom).

The impulse response for a two meter long cylinder,
with the end opposite the speaker both rigidly terminated
and open, is shown on the top and bottom of Figure 5, re-
spectively. Within each impulse response there is a sequence
of individual arrivals,Ln for the rigidly terminated andYn

for the open tube, each one corresponding to a round-trip
propagation of pressure waves, from the speaker to the co-
located microphone. Each individual response contains dif-
ferent filtering, as responses appearing later in the sequence
have been circulating in the tube for longer. The tube is
first rigidly terminated (ensuring a perfect reflection) so the
speaker transfer functionσ(ω), and the reflection off the
speakerρ(ω), may be estimated and the system calibrated.
The tube was then opened so the reflection function from an
open endRop(ω) could be estimated. Each measurement
produced data that very closely matched the output of the
waveguide structure in 2, withRcl(ω) set to the speaker re-
flectionρ(ω).

In [4] the tube is also terminated with a conical section
enabling the estimation of its reflection function. These re-
sults were also shown to correspond closely with theoreti-
cal expectation, thus providing the confidence that the re-
flection functions of various instrument bores could also be
accurately estimated by appending the instrument to the cal-
ibration tube, as shown in Figure 6, and then comparing the
response to that of the calibration tube when it is rigidly
terminated.

Figure 6:Measuring the clarinet and trumpet to obtain their
reflection functions.

4. CONVOLUTIONAL SYNTHESIS

The notion of replacing the reflection and transmission func-
tions terminating a waveguide structure (such as the one
seen in Figure 2) with a measured reflection function is
not new. In [5], the output of a pure delay, the length of
which is dependent on the desired pitch, is convolved with
a measured reflection function, corresponding to a round-
trip propagation of pressure from the speaker to the micro-
phone. Leading zeros are replaced with a delay line of op-
tional length to allow for control of pitch.

pm
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Figure 7:A signal flow diagram of convolutional waveguide
synthesis in the context of a reed instrument. The bore pres-
surepb is obtained by convolving the bore input pressure
Z0U with the impulse responseh(t), and the model output
is obtained by a convolution with the impulse responseg(t).

Here we propose substituting the entire waveguide struc-
ture, as seen in Figure 2, with a low latency convolution
with the complete impulse response, shown in Figure 7. In
this case, the reed produces an input pressure, a product of
the characteristic impedance and the flowZ0U , which is
convolved with the impulse responseg(t) from the reed (or
speaker location) to outside the bell, to obtain the output
sound, and then convolved with the impulse responseh(t)
from the speaker to the co-located microphone, to obtain
the bore pressurepb. It should be noted thatg(t) may be in-
ferred fromh(t) with the assumption that a transmission is
always complimentary to its corresponding reflection; it is
not necessary to make a separate measurement unless there



2007 IEEE Workshop on Applications of Signal Processing to Audio and Acoustics October 21-24, 2007, New Paltz, NY

is a different desired listening location than just outsidethe
bell.

Given the impulse response of an acoustic tube struc-
ture, a low latency convolution operation, as described in
[6], with the pressure due to flow from the reed modelZ0U

from Figure 7, would yield the same level of interactive con-
trol as the waveguide model. The user has the ability to
modifying the impulse response every blocksize of samples,
where the blocksize is significantly smaller than the entire
length of the impulse response. If the impulse response is
constructed, or synthesized, parametrically, the user may
therefore modify the parameters in realtime.
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Figure 8:An impulse response is synthesized by interleaving
two separate impulse response (top and middle) to produce
a multi-phonic impulse response (bottom).

The structure of the simplest cylindrical tube impulse
response as shown in Figure 5, is rather straightforward to
synthesize: an initial impulse followed by additional ar-
rivals uniformly spaced, each one decaying exponentially
and containing varying filtering depending on its position
in the sequence. One parameter that may be made avail-
able to the user in this case is the spacing between the ar-
rivals, which may be stretched or contracted depending on
the desired pitch. It is also possible to use an entire im-
pulse response from an instrument, such as the one shown
for a trumpet in Figure 3. In this case the reflectionRcl(ω)
from Figure 2 depends on the opening of the reed, a filtering
likely more significant for lip reeds than for clarinet reeds,
and the impulse response should be modified to account for
this. This is not done for Figure 3, though we have a tech-
nique in mind not yet implemented.

At the expense of computational complexity, the low la-
tency convolution affords the user some additional advan-
tages to the waveguide model. For example, it is possible
to build impulse responses less typical of a physical sys-
tem, which would be difficult to obtain within a waveguide
structure. There is no longer the physical constraint of hav-

ing echo responses uniformly spaced. Rather, echos may be
interleaved in patterns that create multiple tones (as opposed
to a single fundamental frequency), creating a sort of multi-
phonic instrument (see Figure 8). The echos are also no
longer constrained to decay exponentially; they may grow
and then suddenly drop, with rates specified parametrically
if so desired.

5. CONCLUSIONS

We propose a physical modeling synthesis that replaces waveg-
uide structures with a convolution with the entire impulse
response (not just the impulse response of the reflection at
the bell), allowing for the possibility of manipulating theen-
tire impulse response to produce interesting effects. Using
a complete impulse response makes it possible to modify
the spacing between successive arrivals without the physi-
cal constraint of them being uniformly spaced. The individ-
ual arrivals may also be modified so as to change their gain,
or even their constituent transfer functions, allowing fora
level of response processing that sets it rather apart from the
waveguide model. The convolutional synthesis technique
requires the use of a low latency implementation of the con-
volution operation so the model can run in real time, while
allowing for real-time parameter manipulation of both the
reed and bore models.
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