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TONE GENERATION SYSTEM 

This invention relat'es to the field of digital signal 
processing and particularly to signal processing useful in 
digital music 'synthesis and other applications. 

Digital music synthesis has attracted increased inter­

est as data· processors have undergone new developments 
which provide increased performance capabilities. Digital 

music synthes,is has many applications such as the synthesis 
; 

of stringed, - reed and other instruments and such as the 

synthesis of reverberation. 

In actual practice, it has been difficult to provide 
satisfactory models of music instruments, based upon quan­
titative physical models, which can be practically syn­
thesized on a real-time basis using present-day comput~rs 

and digit~l circuitry. 
Most· ,traditional musical instruments, such as 

woodwinds and strings, have been simulated by additive syn­

thesis which consists of summing together sinusoidal har­
monics of appropriate amplitude, or equivalently by repeat­

edly reading from a table consisting of one period of a 
tone (scaled by an namplitude function"} to "play a note." 

Another method consists of digitally sampling a real mu­

sical sound, storing the samples in digital memory,_ and 
thereafter playing back the samples under digital control. 
FM synthesis as described, !:or example, in U.S. patent 

4, 018, 121, has also been successful in synthes~zing many 
musical sounds including brasses, woodwinds, bells, gongs, 
and some strings. A few instruments have been simulated by 
"subtractive synthesis" which shapes the spectrum of primi­

tive input signals using digital filters. 

All of the foregoing methods (with the occasional ex­

ception of subtractive synthesis) have the disadvantage of 
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not being closely related to the underlying physics of 

sound production. Physically accurate simulations are ~x­

pensive to compute when general finite-element modeling 

techniques are used. 

Digital reverberation has also been difficult to 

achieve. Al though digital music synthesis has employed 

digital reverberation as a post-processing function for 

many years, there still remains a need to be able to simu­

late with digital signal processing the quality of 

reverberation which exists in natural listening-space en­

vironments. The basic acoustics of reverberation in natu­

ral listening-space environments, such as concert halls, 

has a long history with m~ny different design theories. 

The goal of digital reverberation is to produce digital 

signal processing methods which simulate the effect that a 

good concert hall or other good "listening space" has on 

sound. This goal is made difficult because typical good 

listening spaces are inherently large-order, complex ac.ous­

tical systems which cannot be precisely simulated in 

real-time using commonly available computing techniques. 

In architectural acoustics, an understanding of digi­

tal reverberation ·is important in the design of concert 

halls with good acoustical qualities. In digitally syn­

thesized music, reverberation is a part of the synthesized 

instrumental ensemble and provides enrichment to the sound 

quality. For these reasons, there have been many attempts 

to capture the musically important qualities of natural 

reverberation in digital music synthesis. 

Digital room simulation (reverberation) has been im­

plemented by simulating specular reflection in actual or 

approximate concert-hall geometries. The diffusive scatter­

ing of sound in such natural listening environments must be 

considered in order to obtain high-quality reverberation 

models. However, practical models which accommodate 

diffusing reflections have been beyond the reach of present 

computing power when applied to listening spaces of nominal 

size over the audio frequency band. 
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In another implementation of digital reverbera~io~, an 

approximation to the impulse response between two spatial 

~oints in a real concert hall has been recorded. The ef­

fect of the hall on sound between these two points can be 

accurately simulated by convolving the measured impulse re­

sponse with the desired source signal. Again, this imple­

mentation leads to a prohibitive computational burden which 

is two to three orders of magnitude beyond the real-time 

capability of typical present-day mainframe computers. 

The current state of high-quality digital 

reverberation based upon large (concert hall) spaces, al­

though well understood, is too expensive to synthesize by 

computation. Because there is much detail in natural 

reverberation that is not important perceptually, models 

for reverberation need to be simplified so as to become 

computationally practical. 

One example of a computationally simple model relies 

upon convolving unreverberated sound with exponentially de­

caying white noise thereby producing the heretofore best 

known artificial reverberation. The digital reverberator 

designs based upon quantitative physical models need to be 

replaced by models based upon simple computations which re­

tain the qualitative behavior of natural listening space 

reverberation. 

Some basic building blocks of presently known digital 

reverberators include cascaded and nested allpass networks, 

recursive and non-recursive comb filters, tapped delay 

lines, and lowpass filters. The early reflections can be 

exactly matched for a fixed source and listener position 

using a tapped delay line, and the late reverberation can 

be qualitatively matched using a combination of allpass 

chains, comb filters, and lowpass filters. Using a lowpass 

filter in the feedback loop of a comb filter simulates air 

absorption and nonspecular reflection. These known tech-

niques for reverberation have been the basis for 

reverberation design for more than a decade. Although 

these elements do provide some essential aspects of 
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reverberation, especially for smoothly varying sounds at low 
reverberation levels, they do not provide reverberation on a 

par with excellent natural listening-space environments. 

In accordance with the above background, there is 

a need for techniques for synthesizi~g strings, winds, and 

other musical instruments optionally including reverberators 

in a manner which is both physically meaningful and 

computationally efficient. There is a need for the 
achievement of natural and expressive computer-controlled 

performance in ways which are readily comprehensible and 

easy to use. 

The present invention provides a real time tone 

generation system characterised by: 

means for providing a variable control signal for 

i~itiating and thereafter controlling generation of a tone; 

wave transmission means for transmitting wave 
signals, the wave transmission means including an input and 
an output, a first signal path for receiving signals from 

the input, a second signal path for providing signals to the 

output, the first signal path being coupled to the second 

signal path, and delay means in at least one of the signal 

paths for delaying signals; 

junction means having a first input for receiving 
the control signal, a second input for receiving a signal 
from the output of the wave transmission means and an output 
for providing a signal as the input to the wave transmission 

means which is a function of at least the value of the 

control signal and the value of the signal received from the 

output of the wave transmission means so as to cause a tone 

signal to propagate in the wave transmission means; and 

tone signal extracting means for extracting a tone 

signal from at least one of the wave transmission means and 
junction means. 

An embodiment of the present invention is a signal 

processor formed using digital waveguide networks. The 
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digital waveguide networks have signal scattering junctions. 

A junction connects two waveguide sections together or 

terminates a waveguide. The junctions are constructed from 

conventional digital components such as multipliers, adders, 

and delay elements. The number of multiplies and additions 

determines the number of signal-scattering junctions that 
can be implemented in the waveguide network, and the number 

of delays determines the total delay which can be 

distributed among the waveguides interconnecting the 

junctions in the waveguide network. The signal processor is 

typically used for synthesis of reed, string or other 

instruments. 

The waveguides used in the present invention may 

include· a first rail for conducting signals from stage to 

stage in one direction and a second rail for conducting 

signals from stage to stage in the opposite direction. The 

accumulated delay along the first rail is preferably 

substantially equal to the accumulated delay along the 

second rail so that the waveguide·is balanced. The first 

rail is connected to the second rail at junctions so that 

signals conducted by one rail are also conducted in part by 

the other rail. 

Lossless waveguides which may be used in the 

present invention are bi-directional delay lines which 

sometimes include embedded allpass filters. Losses are 

introduced as pure attenuation or lowpass filtering in one 

or both directions. 

The signal processor in some applications includes 
a non-linear junction connected to provide an input signal 
to the first rail of the waveguide and to receive an output 

signal from the second rail of the waveguide. 

In one embodiment, a reed instrument is 

synthesized by a non-linear junction terminating a digital 

waveguide. A primary control variable, representing mouth 

pressure, is input to the non-linear junction (also 
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controlled secondarily by embouchure variables). The 

junction simulates the reed while the digital waveguide 

simulates the bore of the reed instrument. 

In another embodiment, a string instrument is 

synthesized. A primary control variable, representing the 

bow velocity, is input to the non-linear junction. The non­

linear junction represents the bow-string interface 

(including secondary controls such as bow force, bow angle, 

bow position, and friction characteristics). In the 

stringed instrument embodiment, two digital lossless 

waveguides are connected to the non-linear junction. The 

first waveguide represents the long string portion (from the 

bow to the nut) and the other waveguide simulates the short 

string portion (from the bow to the bridge). A series of 

waveguides can also be used to implement the body of, for 

example, a violin, although in such a case there is normally· 

no direct physical interpretation of the waveguide 

variables. 

In particular embodiments, the reflection signal 

or signal coefficients introduced into the waveguides from 

the nonlinear junction are obtained from a table. In one 

embodiment, the nonlinearity to be introduced into the 

waveguides is f {x) where x is the table address and also the 

incoming signal sample in the waveguide (a travelling wave 

sample). In another embodiment, the values g(x)=f{x)/x are 

stored in the table and the· table is addressed by x. Each 

value of g(x) addressed by x from the compressed table 

(where g(x) is called a coefficient) is then multiplied by 

x, x*g(x) which thereby produces the desired value of f(x). 

In accordance with the above summary, the present 

invention captures the musically important qualities of 

natural instruments in digital music synthesis with digital 

processing techniques employing digital waveguides which are 

computationally efficient and therefore capable of 

inexpensive real-time operation. 
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The foregoing and other objects, features and 

advantages of the invention will be apparent from the 

following detailed description in conjunction with the 

drawings. 

FIGURES 1 to 13 show, by way of example, optional 

components of tone generation systems according to the 

invention. 

network; 

FIGURE 1 depicts a simple closed waveguide 

FIGURE 2 depicts a 3-port waveguide network; 

FIGURE 3 depicts a junction of two waveguides; 

FIGURE 4 depicts a cascade waveguide network in 

accordance with the present invention; 

FIGURE 5 depicts one embodiment of a cascade 

waveguide network section; 

FIGURE 6 depicts another embodiment of a cascade 

waveguide network section; 

FIGURE 7 depicts a third embodiment of a cascade 

waveguide network section; 

FIGURE 8 depicts a pipelined embodiment of a 

waveguide filter; 

FIGURE 9 depicts a travelling pressure wave at a 

general point within a waveguide section; 

filter; 

junction; 

junction; 

FIGURE 10 depicts a normalized-waveguide digital 

FIGURE 11 depicts a wave-normalized waveguide 

FIGURE 12 depicts a transformer junction; 

FIGURE 13 depicts transformer-coupled waveguide 

FIGURE 14 depicts a tone generation system of the 

invention comprising a non-linear junction, controlled by a 

control variable, and connected through a plurality of ports 

to a plurality of waveguides; 
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FIGURE 15 depicts a tone generation system of the 

invention comprising terminating non-linear junction 

controlled by a control variable and connected to a 

waveguide network; 

FIGURE 16 depicts further details of the non­

linear junction of Figure 9; 

FIGURE 17 depicts a block diagram representation 

of the waveguide of Figure 9; 

FIGURE 18 depicts a non-linear junction connected 
to first and second waveguides; 

FIGURE 19 depicts a waveguide reverberator; 

FIGURE 20 depicts a typical waveguide employed in 

the Figure 19 reverberator; 

FIGURE 21 depicts details of the Figure 20 

waveguide; 

FIGURE 22 is a signal processor forming a music 

instrument using digital waveguides. 

FIGURE 23 is a graph of a waveform representing 
the data stored in the table of Figure 16 for a reed 
instrument; 

FIGURE 24 is graph of a waveform representing the 
data stored in the table of Figure 16 for a string 

instrument. 

DETAILED DESCRIPTION 

Lossless Networks - FIG. 1 

In FIG. 1 a network 10 is a closed interconnection 

of bi-directional signal paths 11. The signal paths 11 are 

called branches or waveguides, designated 11-1, 11-2, 11-3, 

11-4, and 11-5 and the interconnection points are called 
nodes or junctions, designated 12-1, 12-2, 12-3, and 12-4. 



An example of a simple network is shown in FIG. 1 where 

each signal path is bi-directional, meaning that in each 

waveguide there is a signal propagating in one direction 

and an independent signal propagating in the other direc­

tion. When a signal reaches a junction, one component is 

partially reflected back along the same waveguide, and oth­

er components are partially transmitted into the other 

waveguides connected to the junction. The relative 

strengths of the components of the transmitted or "scat­

tered" signals at each junction are determined by the rel­

ative characteristic impedances of the waveguides at the 

junction. In FIG. 1, the waveguides 11 intersect at the 

junctions 12. 

A lossless waveguide, such as each of the waveguides 

in FIG. 1, is defined speci:fically as a lossless 

bi-directional signal branch. In the simplest case, each 

branch or waveguide 11 in a waveguide network 10 is merely 

a bi-directional delay line. The only computations in the 

network take place at the branch inte~section points (nodes 

or junctions). More generally, a lossless waveguide branch 

may contain a chain of cascaded allpass filters. For prac­

tical reverberator and other designs, losses are introduced 

in the form of factors less than 1 and/or low pass filters 

with a frequency response strictly bounded above by 1 in 

magnitude. 

A closed.lossless network preserves total stored sig­

nal energy. Energy is preserved if, at each time instant, 

the total energy stored in the network is the same as at 

any other time instant. The total energy at any time in­

stant is found by summing the instantaneous power through­

out the network waveguides 11. Each signal sample within 

the network contributes to instantaneous power. The in­

stantaneous power of a stored sample is the squared ampli­

tude times a scale factor, g. If the signal is in units of 

"pressure", "force", or equivalent, then g = l/Z, where Z 

is the characteristic impedance of the waveguide 11 medium. 

If the signal sample instead represents a "flow" variable, 
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such as volume-velocity, then g = Z. In either case, the 

stored energy is a weighted sum of squared values of all 

samples stored in the digital network 10. 

N-Port Network - FIG. 2 

In FIG. 2, an N-port network 14 is shown in which for 

N=3, three waveguides, called ports, leave the network with 

one port 15 designated for input and two ports 16-1 and 

16-2 designated for output. Such a structure is suitable, 

for example, for providing stereo reverberation of a single 

channel of sound. Note, however, that really in FIG. 2 

there are three inputs(lS, 16-1, 16-2) and three out­

puts (15, 16-1, 16-2) because in an N-port, each waveguide 

connected to the network provides both ~n input and an out­

put since each waveguide is bi-directional. 

An N-port network 14 of FIG. 2 is lossless if at any 

time instant, the energy lost through the outputs, equals 

the total energy supplied through th~ inputs, plus the to­

tal stored energy. A lossless digital filter is obtained 

from a lossless N-port by using every port as both an input 

and an output. This filter is the general multi-input, 

multi-output allpass filter. 

An N-port network 14 is linear if superposition holds. 

Superposition holds when the output in response to the sum 

of two input signals equals the sum of the outputs in re­

sponse to each individual input signal. A network is ·lin­

ear if every N-port derived from it is linear. Only linear 

networks can be restricted to a large and well-understood 

class of energy conserving systems. 

Lossless Scattering - FIG. 3 

Consider a parallel junction of N lossless waveguides 

of characteristic impedance Z. (characteristic admittance 
l. 

r. = l/Z.) as depicted in FIG. 3 for N=2. 
1 1 

If in FIG. 3 the incoming traveling pressure waves are 
+ denoted by Pi, where i = 1, ••• , N, the outgoing pressure 

waves are given by Eq. (1) as follows: 
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= p. - p: 
J l. 

Eq. ( l) 

where P. in Eq. (1) is the resultant junction pressure given 
J 

as follows: 

P. 
N + 

= ta.P. 
J i=l 1 l. 

Eqs. ( 2) 
N 

where a. = (2ri)/( r r 1> 
l. 

2.=l 

For N=2, 

P. + + = al Pl.+ a2P2 J 

Ql = (2r1>J(r 1 + r 2 l 

a2 = 2 - al 

Define the reflection coefficient by k=a 1-1, then from· 
Eq. 1, 

pl = P. - p+ 
) 1 

= (al - l)P+ + a2P2 1 

pl = kP+ + (1 - k)P+ 
1 2 

- + + 
p2 = al Pl + (a2 - l)P2 

p2 = (k + l)P+ - kP+ 
1 2 

Thus, we have, for N=2, 

pl = p+ + k(P+ P+) 
2 1 2 

p2 = p+ + k(P+ P+) 
1 1 2 Eqs. ( 3) 

which is the one-multiplier lattice filter section (minus 

its unit delay). More generally, an N-way intersection re­

quires N multiplies and N-1 additions to obtain Pj' and one 

addition for each outgoing wave, for a total of N multi­

plies and 2N-l additions. 

The series flow-junction is equivalent to the parallel 

pressure-junction. The series pressure-junction or the 

parallel flow-junction can be found by use of duality. 
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Cascade Wavequide Chains - FIG. 4 

The basic waveguide chain 25 is shown in FIG.4. Each 
junction 26-1, 26-2, .•. , 26-i, •.. , 26-M enclosing the 
symbol k. ( t) deno-tes a scattering junction characterized by 

J. 

k. (t). In FIG. 4, the junction 26-i typically utilizes J. 

multipliers{M) B and adders(+) 7 to form the junction. In 
FIG. 4, the multipliers 8-1, B-2, 8-3 and 8-4 multiply by 
the factors [l+k(i)], [-k. (t)], [1-k. (t)], and [k. (t)], re-

l. J. l. 
spectively. 

of FIG. 13 

An alternative junction implementa'tion 26' -i 

requires only one multiply. The junction 26-2 

in FIG. 4 corresponds, for example, to the junction 12 in 
FIG. 3. Similarly, the delays 27-1 and 27-2 in FIG. 4 cor­
respond to the branches 15 and 16, respectively, in FIG. 3. 
The Kelly-Lochbaum junctions 26-i and one-multiply junction 

26'-i (see FIG. 13) or any other type of lossless junction . . 
may be used for junction 26. In particular, the 
two-multiply lattice (not shown) and normalized ladder 
(FIG. 11) scattering junctions can be employed. The 
waveguide 25 employs delays 27 between each scattering 
junction 26 along both the top and bottom signal paths, un­
like conventional ladder and lattice filters. Note that 
the junction 26-i of FIG. 4 employs four multipliers and 
two adds while junction 26'-i of FIG. 13 employs one multi­
ply and three adds. 

Waveguide Variations~- FIGS. 4-14 

Reduction of junction 26 to other forms is merely a 
matter of pushing delays 27 along the top rail around to 
the bottom rail, so that each bottom-rail delay becomes 2T 

-2T -T seconds {Z ) instead of T seconds Z . Such an operation 
is possible because of the termination at the right by an 

infinite (or zero) characteristic impedance 6 in FIG. 4. 
In the time-varying case, pushing a delay through a multi­
ply results in a corresponding time advance of the multi­
plier coefficient. 

Imagine each delay element 27 in FIG. 4 being divided 
into halves, denoted by a delay of T/2 seconds. Then any 
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waveguide can be built from sections such as shown in FIG. 

5. 

By a series of transformations, the two input-signal 

delays are pushed through the junction to the two output 

delays. A similar sequence of moves pushes the two output 

delays into the two input branches. Consequently, we can 

replace any waveguide section of the form shown in FIG. 5 

by a section of the form shown in FIG. 6 or FIG. 7. 

By alternately choosing the structure of FIG. 6 and 7, 

the structure of FIG. 8 is obtained. This structure has 

some advantages worth considering: (1) it consolidates de­

lays to length 2T as do conventional lattice/ladder struc­

tures, (2) it does not requi~e a termination by an infinite 

characteristic impedance, allowing it to be extended to 

networks of arbitrary topology (e.g., multiport branching, 

intersection, and looping), and (3) there is no long de-. 
lay-free signal path along the upper rail as in convention-

al structures - a pipeline segment is only two sections 

long. This structure, termed the "half-rate waveguide fil­

ter", appears to have better overall characteristics than 

any other digital filter structure for many applications. 

Advantage ( 2) makes it especially valuable for modeling 

physical systems. 

Finally, successive substitutions of the section of 

FIG. 6 and reapplication of the delay consolidation trans­

formation lead to the conventional ladder· or lattice filter 

structure. The termination at the right by a total re­

flection (shown as 6 in FIG. 4) is required to obtain this 

structure. Consequently, conventional lattice filters can­

not be extended on the right in a physically meaningful 

way. Also, creating network topologies more complex than a 

simple series (or acyclic tree) of waveguide sections is 

not inunediately possible because of the delay-free path 

along the top rail. For example, the output of a conven­

tional structure cannot be fed back to the input. 
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Energy and Power 
-

The instantaneous power in a waveguide containing in-

stantaneous pressure P and flow U is defined as the product 

of pressure and flow as follows: 

p PU (P+ p-) (U+ - ) p+ -= = + + u = + p Eq. ( 4) 

where, 
p+ = p+ u+ = Z(U+) 2 = r(P+) 2 

- - - - ) 2 -p = p u = -Z(U = -r(P ) 2 Eqs. (5) 

define the right-going and left-going power, respectively. 

For the N-way waveguide junction, we have, using 

Kirchoff's node equations, Eq. (6) as follows: 

N 

~ ! 
i=l 

P.O. = 
l. l. 

N 
t 

i=l 
P.U. = 

J l. 

N 
P. ! U. = 0 

J i=l l. 
Eq. ( 6) 

Thus, the N-way junction is lossless; no net power, 

active or reactive, flows into or away from the junction. 

Quantization Effects 

While the ideal waveguide junction is lossless, finite 

digital wordlength effects can make exactly lossless net­

works unrealizable. In fixed-point arithmetic, the product 

of two numbers requires more bits (in general) for exact 

representation than.either of the multiplicands. If there 

is a feedback loop around a product, the number of bi ts 

needed to represent exactly a circulating signal grows 

without bound. Therefore, some round-off rule must be in­

cluded in a finite-precision implementation. The guaran­

teed absence of limit cycles and overflow oscillations is 

tantamount to ensuring that all finite-wordlength effects 

result in power absorption at each junction, and never pow­

er creation. If magnitude truncation is used on all 
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outgoing waves, then limit cycles and overflow oscillations 

are suppressed. Magnitude truncation results in greater 

losses than necessary to suppress quantization effects. 

More refined schemes are possible. In particular, by sav­

ing and accumulating the low-order half of each multiply at 

a junction, energy can be exactly preserved in spite of fi­

nite precision computations. 

Signal Power in Time-Varying Waveguides 

The convention is adopted that the time variation of 

the characteristic impedance does not alter the traveling 
+ 

pressure waves Pi· In this case, the power represented by 

a traveling pressure wave is modulated by the changing 

characteristic impedance as it propagates. The actual pow­

er becomes inversely proportional to characteristic imped­

ance: 

+ -P. (x,t)=P. (x,t)+P. (x,t)= 
-i -l. -l. 

+ 2 - 2 [P.(x,t)J -[P.(x,t)] 
l. l. 

z. { t) 
i 

Eq. ( 7) 

This power modulation causes no difficulties in the 

Lyapunov theory which proves absence of limit cycles and 

overflow oscillations because it occurs identically in both 

the finite-precision and infinite-precision filters. How-

ever, in some applications it may be desirable to compen­

sate for the power modulation so that changes in the char­

acteristic impedances of the waveguides do not affect the 

power of the signals propagating within. 

Consider an arbitrary point in the i th waveguide at 

time t and distance x=c• measured from the left boundary, 
+ as shown in FIG. 9. The right-going pressure is Pi(x,t) 

and the left-going pressure is P~(x,t). In the absence of 
scaling, the waveguide section behaves (according to our 

definition of the propagation medium properties) as a pres-
+ + sure delay line, and we have P. (x,t)=P. (O,t-·r) 
1 1 

anc 

P~(x,t)=P~(O,t+t)=P~(cT,t-T+t). 
l l l 
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1 -) 

- 2 going components of the signal power are [Pi(x,t)J /Zi{t) 

and [P:(x,t)J 2/z. (t), respectively.· 
l. l 

Below, three methods are discussed for making signal 

power invariant with respect to time-varying branch imped­

ances. 

Normalized Waveguides 

Suppose the traveling waves are scaled as the charac­

teristic impedance changes in order to hold signal power 

fixed. Any level can be chosen as a reference, but perhaps 

it is most natural to fix the power of each wave to that 

which it had upon entry to the section. Ir. this case, it 

is quickly verified that the proper scaling is: 

P '. { x , t) = [ { Z . ( t) ) I ( Z . ( t- t ) ) ] ~ P '. ( 0 , t- t ) , x=c t 
l. l. l. l. 

Eqs. {8"} 

- -
P-:-(x,t)=[{Z. (t))/(Z. (t-T+t})]~ P°'."(cT,t-T+'t") 

l. l. l. l. 

In practice, there is no need to perform the scaling until 

the signal actually reaches a junction. Thus, we implement 

-+ + p . (CT It) =g . ( t) p . ( 0 I t-T) 
1 l. 1 

where 

g. ( t) = l ( Z . ( t) ) I ( Z . ( t-T) ) ] ~ 
1 1 1 

STAN13/006 
Atty. Docket No.: STAN4983-2DEL 

Eqs.(9) 

86/10/17-14 
Stan Ref: 585-043 



-------------------------

I <1 

This normalization is depicted in FIG. 10. In FIG. 10, 

each of the multipliers 8 multiplies the signal by gi (t) as 

given by Eqs. (9). In the single-argument notation used 

earlier, Eqs. (9) become 

-+ + 
P. (t-T) =g. (t) P. (t-T) 

l. 1 l. 
Eqs. ( 10) 

p :- ( t) =g. ( t} p-:- ( t) 
l. l. 1 

This normalization strategy has the property that the 

time-varying waveguides (as well as the junctions) conserve 

signal power. If the scattering junctions are implemented 

with one-multiply structures, then the number of multiplies 

per se~tion rises to three when power is normalize~. There 

are- three additions as in the unnormalized case. In some 

situations (such as in the two-stage structure) it may be_ 

acceptable to nox::malize at fewer points: the normalizing 

m~ltiplies can be pushed through the scattering junction~ 

and combined with other normalizing multiplies, much in the 

same way delays were pushed through the junctions to obtain 

standard ladder/lattice forms. In physical modeling appli­

cations, normalizations can be limited to opposite ends of 

a long cascade of sections with no interior output "taps." 

To ensure passivity of a normalized-waveguide with fi­

nite-precision calculations, it suffices to perform magni­

tude truncation after multiplication by g. (t}. Alterna­
i 

.tively, extended precision can be used within the scatter-

ing junction. 

Normalized Waves 

Another approach to normalization is to propagate 

rms-normalized waves in the waveguide. In this case, each 

delay-line contains 
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-+ + ' Pi ( x, t) =Pi ( x, t) I [ Z i ( t) l 
Eqs. (11) 

We now consider ~±(instead of P±) to be invariant with re­

spect to the characteristic impedance. In this case, 

P:(c,t) = P:(cT,t)/[Z.(t)]'= P:(o,t-T)/[Z.(t-T)]!= P:(t-T) 
l. J. J. l. l. l. 

The scattering equations become 

! -­
Eqs. ( 12) 

[ Z . l ( t)] P . l ( CT , t} = 
i- J.- ~ - + ; 

ki(t) [Zi-l(t}] Pi-l(ct,T)+[l-ki(t)] [Zi(t)] P~(t) 

+ or, solving for P7, 
J. 

-+ 
Pi(O,t) = 

! + -[ 1 + k. { t) l [ { z . 1 ( t) ) I ( z . ( t) ) ] p . 1 (CT, t) -k . { t) p . ( 0 , t) 
l. l.- l. l.- l. l. 

Eqs. (13) 

P. l (CT, t) = 
. l.- k.(t);: 

1
{ct,T)+[l-k.(t)] [{Z.(t}}/(Z. 

1
(t))]' P-

1
.{t) 

l. 1- 1 l. J.-

But, 

(Zi-l (t)) I (Zi (t)) = (1-ki (t)) I (l+ki (t)) 

whence 
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I )., 

[l+k.(t)] [(Z. 
1
(t))/(Z.(t))]! = 

l. 1.- l. 

(1-k:_(t)] [(Zi(t))/(Zi-l(t))]; = [1-k~(t)]' 
1 

Eq. ( 15) 

The final scattering equations for normalized waves are 

- -+ + -
Pi(O,t)=ci(t)Pi-l(cT,t)-si(t)Pi(O,t) 

Eqs. (16) 

-- + -P. 
1

(cT,t)=si. (t)Pl.. 
1

cct,T)+c. {t)P. (t) 
i- - l. l. 

wher~ 

Eqs. (17) 

Ci (t) ~ [1-k~ (t) J 1 

can be viewed as the sine and cosine, respectively, of a 

single angle ei(t)=sin-
1

[ki(t)] which characterizes the 

junction. FIG. 11 illustrates the Kelly-Lochbawri junction 

as· it applies to normalized waves. In FIG. 11, the multi­

pliers 8-1, 8-2, 8-3, and 8-4 multiply by the factors 

[ 1-k~ (t) l ~, -ki (t), [ 1-k~ (t)] ~, and ki (t), respectively. 

In FIG. 11, ki(t) cannot be factored out to obtain a 

one-multiply structure. The four-multiply structure of 

FIG. 11 is used in the normalized ladder filter (NLF). 

Note that normalizing the outputs of the delay lines 

saves one multiply relative to the NLF which propagates 

normalized waves. However, there are other differences to 

consider. In the case of normalized waves, duals are easi­

er, that is, changing the propagation variable from pres­

sure to velocity or vice versa in the ith section requires 

no signal normalization, and the forward and reverse re­

flection coefficients are unchanged. Only sign-reversal is 

STAN13/006 86I1oI1 7'." 
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required for the reverse path. Also, in the case of nor­

malized waves, the ~ms signal level is the ~ame whether or 

not pressure or velocity is used. While appealing from a 

"balance of power" standpoint, normalizing all signals by 

their rms level can be a disadvantage. In the case of nor­

malized delay-line outputs, dynamic range can be minimized 

by choosing the smaller of pressure and velocity as the 

variable of propagation. 

Transformer-Coupled Waveguides 

Still another approach to the normalization of 

time-varying waveguide filters is perhaps the most conve­

nient_ of all. So far, the least expensive normalization 

technique is the normalized-waveguide structure, requiring 

only three multiplies per section rather than four in the 
' 

normalized-wave case. Unfortunately, in the nor-

malized-waveguide case, changing the characteristic imped­

ance of section i results in a changing of the reflection 

coefficients in both adjacent scattering junctions. Of 

course, a single junction can be modulated in isolation by 

changing all downstream characteristic impedances by the 

same ratio. But this does not help if the filtering net­

work is not a cascade chain or acyclic tree of waveguide 

sections. A more convenient local variation in charac-

teristic impedance can be obtained using transformer 

coupling. A transformer ·j-oins two waveguide sections of 

differing characteristic impedance in such a way that sig­

nal power is preserved and no scattering occurs. It turns 

out that filter structures built using the transform­

er-coupled waveguide are equivalent to those using the nor­

malized-wave junction described in the previous subsection, 

but one of the four multiplies can be traded for an addi­

tion. 

From Ohm's Law and the power equation, an impedance 

discontinuity can be bridged with no power change and no 

scattering using the following relations: 
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Eqs. (18) 

Therefore, the junction equations for a transformer can be 

chosen as 

+ + P . =g . I t) P . 
1 l l. l.-

- -1 -P. 
1
=g. (t)P. 

l- l. l. 

where,, from Eq. {14) 

gi(t) ~ [(Zi{t))/(Zi-l(t))]~ 

Eqs. ( 19) 

= C (l+ki {t)) I {1-ki <t> l ~ 

Eq. ( 20) 

The choice of a negative square root corresponds to a 

gyrator. The gyrator is equivalent to a transformer in 

cascade with a dualizer. A dualizer is a direct implemen­

tation of Ohm's law (to within a scale factor) where the 

forward path is unchanged while the reverse path is negat­

ed. On one side of the dualizer there are pressure waves, 

and on the other side there are velocity waves. Ohm's law 

is a gyrator in cascade with a transformer whose scale fac­

tor equals the characteristic admittance. 

The transformer-coupled junction is shown in FIG. 12. 

In FIG. 12, the multipliers 8-1 and 8-2 multiply by g. (t) 
l. 

and l/g
1
. (t) where g. {t) equals [Z. {t)/Z. 1 {t)]~. A single 

l. 1 J.-

j unction can be modulated, even in arbitrary network 

topologies, by inserting a transformer immediately to the 

left (or right) of the junction. Conceptually, the charac­

teristic impedance is not changed over the delay-line 
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portion of the waveguide section; in~tead it is changed to 

the new time-varying value just before (or after) it meets 

the junction. When velocity is the wave variable, the co-
-1 

efficients gi(t) and gi (tl in FIG. 12 are swapped (or in-

·verted). 

So, as in the normalized waveguide case, the two extra 

multipliers 8-1 and 8-2 of FIG. 12 provide two extra multi-

plies per section relating to the unnormalized 

(one-multiply) case, thereby achieving time-varying digital 

filters which do not modulate stored signal energy. More­

over, transf.ormers enable the scattering junctions to be 

varied independently, without having to propagate 

time-varying impedance ratios throughout the waveguide net­

work. 

In FIG. 13, the one-multiply junction 26' -i .includes 

three adders 7-1, 7-2, and 7-3, where adder 7-3 functions 

to subtract the second rail signal, P°'." {t) , from the first· 
. 1. 

rail signal, [P'. 
1 

( t-T) ] [ g. ( t}] . Junction 26 '-i also in-
i.- l. 

eludes the multip_lier 8 which multiplies the output from 

adder 7-3 by ki(t). FIG. 13 utilizes the junction of FIG. 

12 in the form of multipliers B-1 and 8-2 which multiply 

the first and second rail signals by gi(t) and l/gi{t), 

respectively, where g. (t) equals [ (1-k. (t)) I (l+k. (t))] ~. 
l. 1. l. 

It is interesting to note that the transformer-coupled 

wavegui_d~ of FIG. 13 and the wave-normalized waveguide 

{shown in FIG. 11) are equivalent. One simple proof is to 

start with a transformer and a Kelly-Lochbaum junction, 

move the transformer scale factors inside the junction, 

combine terms, and arrive at FIG. 11. The practical impor­

tance of this equivalence is that the normalized ladder 

filter (NLF) can be implemented with only three multiplies 

and three additions instead of four multiplies and two ad­

ditions. 

The .limit cycles and overflow oscillations are easily 

eliminated in a waveguide structure, which precisely simu­

lates a sampled interconnection of ideal transmissions line 

sections. Furthermore, the waveguide can be transformed 
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into all well-known ladder and lattice filter structures 

simply by pushing delays around to the bottom rail in the 

special case of a cascade, reflectively terminated 

waveguide network. Therefore, aside from specific 

round-off error and time skew in the signal and filter co­

efficients, the samples computed in the waveguide and the 

samples computed in other ladder/lattice filters are iden­

tical (between junctions). 

The waveguide structure gives a precise implementation 

of physical wave phenomena in time-varying media. This 

property is valuable in its own right for simulation pur­

poses. The present invention permits the delay or advance 

of time-varying coefficient streams in order to obtain 

physically correct time-varying waveguide (or acoustic 

tube) simulations using standard lattice/ladder structures. 

Also, the necessary time corrections for the traveling 

waves, needed to output a simulated pressure or velocity·, 

are achieved. 

Waveguide Networks with Non-Linear Junction - FIG. 14 

In FIG. 14, a plurality of waveguides 53 are intercon­

nected by a non-linear junction 52. In the particular em­

bodiment of FIG. 14, the junction 52 has three ports, one 

for each of the waveguide networks 53-1, 53-2, and 53-3. 

However, junction 52 can be an N-port junction intercon­

necting N waveguides or waveguide networks 53. The control 

variable register 51 provides one or more control variables 

as inputs to the junction 52. In FIG. 14 when only a sin­

gle waveguide is utilized, the single waveguide becomes a 

special case, single-port embodiment of FIG. 14. Single 

port examples of the FIG. 14 structure are described here­

inafter in connection with reed instruments such as 

clarinets or saxophones. Multi-port embodiments of the 

FIG. 14 structure are described hereinafter in connection 

with stringed instruments such as violins. A multi-port 

variation of the FIG. 14 structure is also described here-

inafter in connection with a reverberator. Many other 
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instruments not described in detail can also be simulated 

in accordance with the present invention. For example, 

flutes, organs, recorders, basoons, oboes, all brasses, and 

percussion instruments can be simulated by single or mul­

ti-port, linear or non-linear junctions in combination with 

one or more waveguides or waveguide networks. 

Waveguide with Non-Linear Terminating Junction - FIG. 15 

In FIG. 15, a block diagram representation of a 

waveguide 53 driven by a non-linear junction 52 is shown. 

The non-linear junction 52 provides the input on the first 

rail 54 to the waveguide 53 and receives the waveguide out­

put from the second rail on lines 55. A control variable 

unit 51 provides a control variable to the non-linear junc­

tion 52. The FIG. 15 structure ·can be used as a musical 

instrument for simulating a reed instrument in which case 

the control variable unit 51 simulates mouth press~re, that 

is the pressure drop across a reed. The non-linear junc­

tion. 52 simulates the reed and the waveguide 53 simulates 

the bore of the reed instrument. 

Non-Linear Junction - FIG. 16 

FIG. 16 depicts further details of a non-linear junc­

tion useful in connection with the FIG. 15 instrument for 

simulating a reed. The control register input on lines 56 

is a control variable, such as mouth pressure. The control 

variable forms one input (negative) to a subtracter 57 

which receives another input (negative} directly from the 

most significant bits of the waveguide second rail on lines 

55. The subtractor 57 subtracts the waveguide output on 

lines 55 and the control variable on lines 56 to provide a 

9-bit address on lines 69 to the coefficient store 70 and 

specifically the address register 58. The address in reg­

ister 58 provides the address on lines 68 to a table 59 and 

to a multiplier 62. The table 59 is addressed by the ad­

dress, x, from address register 58 to provide the data, 

g(x), in a data register 61. The contents, g(x), in the 
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data register 61 are multiplied by the address, x, from ad­

dress register 58 in multiplier 62 to provide an output, 

:x'* g ( x) , in the multiplier register 6 3 which is equa 1 to 

f (x}. The output from the multiplier register 63 is added 

in adder 64 to the control variable to provide the first 

rail input on lines 54 to the waveguide 53 of FIG. 15. 

In FIG. 16, table 59 in one embodiment stores 512 

bytes of data and provides an 8-bit output to the data reg­

ister 61. The multiplier 62 provides a 16-bit output to 

the register 63. The high order 8 bits in register 63 are 

added·in saturating adder 64 to the 8 bits from the vari­

able register 51' to provide a 16-bit output on lines 54. 

Similarly, the high order 8-bits from the 16-bit lines 55 

are subtracted in subtracter 57. 

The contents of the table 59 in FIG. 16 represent com-
, 

pressed data. If the coefficients required are f (x) from 

the compressed table 70, only a fewer number of values, 

g(x), are stored in the table 59. The values stored in ta­

ble 59 are f (x) /x which are equal to g (x). If . x is a 

16-bit binary number, and each value of x represents one 

B-bit byte of data for f(x}, table 59 is materially reduced 

in size to 512 bytes when addressed by the high-order 9 

bits of x. The output is then expanded to a full 16 bits 

by multiplication in the multiplier 62. 

Further compression is possible by interpolating val­

ues in the table 59. Many table interpolation techniques 

are well known. For example, linear interpolation could be 

used. Interpolation can also be used to compress a table 

of f (x) values directly, thus saving a multiply while in­

creasing the needed table size, for a given level of rela­

tive error. 

Other examples include a double look-up, address nor­

malization, root-power factorization, address and value 

quantization, address mapping to histogram. Other com-

pression techniques can be employed. 
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In FIG. 17, further details of a schematic representa­

tion of the waveguide 53 are shown. The waveguide 53 in­

cludes a first rail receiving the input on lines 54 and 

comprising a delay 6S. A terminator 67 connects the delay 

65 to the second rail delay 66 which in turn provides the 

second rail output on lines SS. 

In an embodiment where the FIG. 16 signal processor of 

FIGS. 16 and 17 simulates a reed instrument, the terminator 

67 is typically a single pole low-pass filter. 

To simulate clarinet tone holes, a three-port scatter­

ing junction is introduced into the waveguide. Typically, 

the first three or four adjacent open tone holes partici­

pate in the termination of the bore. 

In FIG. 17, the terminator 67 includes a multiplier 

74, an inverting low-pass filter 72 and a DC blocking cir­

cuit 73. The multiplier 74 multiplies the signal on line 

75 from the delay 65 by a loss factor g1 where g1 i~ typi­

cally 1-2-4 = 0.9375 for a clarinet. The output from the 

multiplier 74 is designated y
1 

(n) where n is the sampled 

time index. The output from the low-pass filter 72 is des­

ignated y 2 {n), and the output from the DC blocking unit 73 

is designated y 3 (n). 

For a clarinet, the low-pass filter 72 has a transfer 

function H
12

(Z) as follows: 

-1 H (Z) = -(l-g)/(1-gZ ) 
12 

Therefore the signal y 
2 

(n) output from the low-pass 

filter 72 is given as follows: 

In the above equations, g is a coefficient which is 

typically determined as equal to 1-2-k where k can be any 

selected value. For example, if k is 3, g is equal to .875 
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and g equal to 0.9 is a typical value. As another example, 

1-2- 3+2- 5 = 0.90625. 

In FIG. 1 7, the trans fer function, H
23 

( Z) , of the DC 

blocking circuit 73 is given as follows: 

-1 -1 
H

2 3 
{ Z) = (1-Z ) I { 1-r Z ) 

With such a transfer function, the output signal y
3

Cn) 

is given as follows: 

In simulations, the value of r has been set to zero. 

In actual instruments, DC drift can cause unwanted numer­

ical overflow which can be blocked by using the. DC block . 
unit 73. Furthermore, when using the compressed table 70 

of FIG. 16, the error terms which are produced are relativ.e 

and therefore are desirably DC centered. If a DC drift oc­

curs, the drift has the effect of _emphasizing unwanted er­

ror components. Relative signal error means that the ratio 

of the signal _error to signal amplitude tends to remain 

constant. Therefore, small signal values tend to have 

small errors whith do not significantly disturb the intend­

ed operation. 

In FIG. 17, for a clarinet, the delays 65 and 66 are 

typically selected in the following manner. One half the 

desired pitch period less the delay of the low-pass filter 

72, less the delay of the DC bloc_k in unit 73, less the de­

lay encountered in the non-linear junction 52 of FIG. 16. 

When a saxophone is the reed instrument to be simulat­

ed by the FIG. 16 and FIG. 17 devices, a number of changes 

are made. The non-linear junction of FIG. 16 remains the 

same as for a clarinet. However, the waveguide network 53 

of FIG. 15 becomes a series of cascaded waveguide sections, 

for example, of the FIG. 4 type. Each waveguide section 

represents a portion of the bore of the saxophone. Since 

the bore of a saxophone has a linearly increasing diameter, 
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each waveguide section simulates a ~ylindrical section of 

the saxophone bore, with the waveguide sections represent­

ing linearly increasing diameters. 

For a saxophone and other instruments, it is useful to 

have a non-linear bore simulation. Non-linearity results 

in excess absorption and pressure-dependent phase velocity. 

In order to achieve such non-linear simulation in accor-

dance with 

the delays 

8, each of 

the present invention, one method is to modify 

in the waveguide structure of FIG. 8. In FIG. 
-2T the delays, z , includes two units 6f delay. 

In order to introduce a non-linearity, one of the two units 

of delay is replaced by an all-pass filter so that the de-
-2T . 

lay D changes from z to t.he following: 

With such a delay, the output signal, y
2

(n) is given 

in terms of the input signal, y
1 

(n) as follows: 

In the above equations, in order to introduce the 

non-linearity, the term h is calculated as a function of 

the instantaneous pressure in the waveguide, which is the 

sum of the travelling-wave components in the first rail and 

the second rail. For example, the first ·rail signal input 

to the delay, y~ (n) is added to second rail signal y~ (n) 

and then utiliz~d by table look up or otherwise to generate 

some function for representing h as follows: 

h = f[y~(n) + y~(n)] 

The delay of the first-order all-pass as a function of 

h can be approximated by (1-h)/(l+h) at low frequencies 

relative to the sampling rate. Typically, h is between 1-t 

and 0 for some small positive t (the stability margin). 
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Using the principles described, simulation of a 
non-linear waveguide medium (such as air in a clarinet bore) 

is achieved. For clarinet and other instruments, the bore 

which is modeled by the waveguides includes tone holes that 

are blocked and unblocked to change the pitch of the tone 
being played.° In order to create the equivalent of such 

tone holes in the instruments using waveguides a three-port 

junction can be inserted between cascaded waveguide 

sections. One port connects to one waveguide section, 
another port connects to another waveguide section, and the 

thir4 port is unconnected and hence acts as a hole. The 

signal into the third port is represented as p+ and this 
3 

signal is equal to zero. The radiated signal from the third 

port, that is the radiated pressure, is denoted by P3. The 

three-port structure for the tone hole simulator is 

essentially that of FIG. 14 without the waveguide 53-3 and 

without any control variable 51 input as indicated by 
junction 52 in FIG. 14. The junction 52 is placed as one of 

I 

the junctions, such as junction 26-i in FIG. 4. With such a 

configuration, the junctions pressure PJ, is given as 

follows: 

3 + 
PJ = 1: a.P. 

i=l l. l. 

where, 
a. = 2ri1<r 1 

+ r2 + r 
3

) f 

1 

r. =characteristic admittance in ith waveguide 
1 

- + 
P. = p - P. 

l. J l. 

+ + + + 
PJ = al pl + o.2p2 = al pl + (2 - Cl a3)P2 l 

- + (a -l)P+ + 
pl = PJ pl = + a2p2 l l 

- + + 
(<l -l)P+ p2 = p - p2 = 0 lpl + J 2 2 
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P3 = p - p+ = PJ (tone 
J 3 

(r1 + f2)/2, open 
Let, r3 = 

0 , closed hole 

Then, 

= 11, open hole 
a3 O, closed hole 

1-a.1 , open hole 
a = 2 2-a 1 , 

Then, with P: = 
tone-hole simulation: 

closed hole 

P+ - + 
1 P2' we 

hole output) 

hole 

obtain the one multiply 

In a smooth bore, r 1 = r 2 =rand r
3
.= sr, wheres is 

·the cross-sectional area of the tone .hole divided by the 

cross-sectional area of the bore. For a clarinet, s=0.102 

and for a saxophone, s=0.436, typically. So we have: 

sr, open 

O, closed 

Then, 

(ll = a 2 = 2r/ C2r+srl = 2/ (2+sl A a 

a 3 = 2s/(2+s) = Sa, 

There is now a single parameter 
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Cl = 
j 2 / ( 2+ 8) , open 

11, closed 

So, the tone hole simulation is given by 

+ P+) (if open) PJ = a(Pl + 2 

pl PJ 
p+ + + = - = aP 2 + (a-l)P

1 2 

- p+ + + 
p2 = PJ - = aP

1 + (a-l)P
2 1 

summary: 

a = \0.95, clarinet 

0.821, saxophone 

r3 = er 

+ + 
p J = a(Pl + P2) 

- p+ pl = PJ 1 

p; = PJ - p+ 
2 

2/(2+8), open 
a = 

1, closed 

a = bore radius 

b = hole radius 
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B = 

31 

= ,0.102, 

lo.436, 

clarinet 

saxophone 

a= (2a 2 )/(2a 2 +b 2 ) - hole open 

a = 1 - hole closed 

PJ is radiated away spherically from the open hole with a 

(l/R) amplitude attenuation. 

Reed Simulation 

In. FIG. 23, a graph is shown representing the data 

that is typically stored in the table 59 of FIG. 16 for a 

reed instrument. The output signal R- (n) on line 54 is as · 

follows: 

The control variable input on line 56 

the input on line 68 to the table 59 is 

is P (n) /2 and m 

where R+(n) is the signal sample on line 55 of FIG. 16. 

The table 59 is loaded with values which, when 

graphed, appear as in FIG. 23. The curve 92 in FIG. 23 has 

a maximum value of one and then trails off to a minimum 

value of zero. 
+ {PA . ) /2 and 
u ,min 

the closure of 

The maximum value of one occurs between 
+ + (PA )/2. The value (P6 )/2 corresponds to 

,c + ,c + 
the reed. From (PA )/2 to {PA )/2 the u,c ~,max 

curve 92 decays gradually to zero. The equation for the 

curve 92 is given as follows, 

STAN13/006 
Atty. Docket No.: STAN4983-2DEL 

86/10/17-14 
Stan Ref: 585-043 



~ ') _, -

where 2. = 1 , 2 , 3 , ... 

The output from the table 59 is the variable k as giv­

en in FIG. 23, that is, 

k=k[(P~)/2] 

Bowed-String Simulation 

In FIG. 24, a graph is shown representing the data 

that is typically stored in the coefficient table 59 of the 

signal table 70 (see FIG. 16) of FIG. 18. The output 

signals v~,l on line 54_ and vs,r·on line 49 are as follows: 

V = k{V:} s, l L.l 

The control variable input on line 56 is bow velocity, 

Vb' and the input on line 68 to the table 59 is 

is + where V 
1 

is s, the signal sample on line 55 and v+ s,r 
signal sample on line 50 of FIG. 18. 

The table 59 is loaded with values which, when 

graphed, appear as in FIG. 24. The curve 93 in FIG. 24 has 

a maximum value of one and then trails off to a minimum 

value of zero to the left an_d right symmetrically. The 
. + + 

maximum value of one occurs· between -v6 and +v6 • From 
+ + ,c ,c 

(VA ) to (VA } the curve 93 decays gradually to zero. 
u, c u ,max 

The equation for the curve 93 is given as follows, 

Curve = [ {V+ 
f:l ,max 

where 2. = 1, 2, 3, 

The output from the table 59 is the reflection 

coefficient k as given in FIG. 24, that is, 
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Compressed Table Variations 

The compressed table 59 of FIG. 16 containing 

g (x) =f (x) /x is preferable ·in that quantization errors are 

relative. However, alternatives are possible. The entire 

table compressor 70 of FIG. 16 can be replaced with a sim­

ple table. In such an embodiment, the round off error is 

linear and not relative. For linear errors, the error-to­

signal ratio tends not to be constant. Therefore, for 

small signal amplitudes, the error tends to be significant 

so that the error may interfere with the intended op­

eration. In either the table compressor embodiment 70 of 

FIG. 16 or a simple table previously described, the tables 

can emp.loy compression techniques.such as linear, Lagrange 

and quadratic interpolation with satisfactory results. In 

a linear interpolation example, the curve 92 of FIG. 23 

would be replaced by a series of straight line segments 

thereby reducin~ the amount of data required to be 

maintained in the table. 

Also table 59, address register 58 and data register 

61 of FIG. 16 each have inputs 94, 95 and 96 from processor 

85 (FIG. 22). 

The inputs from processor 85 function to control the 

data or the access of data from the table 59. 

Modifications to the data in the table can be employed, for 

example, for embouchure control for reed synthesis. 

Similarly, articulation control for bowed-string synthesis 

is possible. In one example, the address register 58 has 

high order address bits, bits 10 and 11, which are supplied 

by lines 95 from the processor. In this manner, the high 

order bits can be used to switch effectively to different 

subtables within the table 59. This switching among 

. subtables is one form of table modification which can be 

used to achieve the embouchure and articulation 

modifications. 
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Non-Linear Junction with Plural Waveguides - FIG. 18 
In FIG. 18, further details of another example of a 

non-linear junction is shown connected between a first 
waveguide 76 

junction 78 

register 51' 

lines 54 and 

and a second waveguide 7 7 . The non-linear 
receives an input from the control variable 
and .. provides inputs to the waveguide 76 on 
receives an output on lines 55. Also the 

non-linear junction 78 provides an output to the waveguide 
77 on lines 49 and receives an input on lines SO. 

In FIG. 18, the non-linear junction 78 includes an 
.adder 57 receiving as one input the control variable from 
the control variable register 51' on lines 56. The other 
input to the subtracter 57 is from the difference register 
79 which in turn receives an output from an adder 80. The 
adder 80 adds the inputs on lines 55 from the waveguide 76 
and lines 50 from the waveguide 77. 

The output from the subtracter 57 on lines 68 is input 
to the table compressor 70. The table compress·or 70 of 
FIG. 12 is like the table compressor 70. of FIG. 10 and pro-

n 
vides an output on lines 69. The output on lines 69 con-
nects as one input to each of the adders 81 and 82. The 
adder 81 receives as the other input the input from lines 
50 from the waveguide 77 to form the input on lines 54 to 
the first waveguide 76. The second adder 82 receives the 
table compressor signal on lines 69 and adds it to the in-
put from the first waveguide 76 on lines 55. The output 
from adder 82 connects on lines 49 as the input to the sec­
ond waveguide 77. 

In FIG. 18, the waveguide 76 includes the top rail de­
lay 65-1 and the bottom rail delay 66-1 and a terminator 
67-1. 

Similarly, the second waveguide 77 includes a top rail 
delay 65-2 and a bottom rail delay 66-2 and a terminator 
67-2. 

In the case of a violin in which the long string por­
tion is approximately one foot and the short string portion 
is one-fifth of a foot, the waveguides of FIG. 18 are as 



.J 

JS 

follows. The terminator 67-1 is merely an inverter which 

changes the sign of the fi~st rail value from delay 65-1 

going into the delay 66-1. For example, the changing the 

sign is a 2's complement operation in digital arithmetic. 

Each of the delays 65-1 ·and 66-1 is the equivalent of about 

fifty samples in .length for samples at a 5 0 KHz frequency. 

The terminator .. 67-2 in the waveguide 77 is typically ten 

samples of delay at the 50 KHz sampling rate. The termina­

tor 67-2 can be a single pole low-pass filter. Alterna­

tively, the terminator can be a filter having the 

empirically measured bridge reflectance cascaded with all 

sources of attenuation and dispersions for one round trip 

on the string. 

Reverberator - FIG. 19 

One lossless reverberator is augmented as shown in 

FI.G. 19 by one or more simple loss factors (typically of 

the-form 1-2-n) in waveguides 30 to set the reverberation 
" decay times to any desired values. The time, T60 , over 

which the reverberation decays 6 0 dB is arbitrary. This 

decoupling of reverberation time from structure incurs no 

loss of generality in the present invention. 

Some of the waveguides 30 of the network are de­

termined to give specific early reflections, while others 

are chosen to provide a desirable texture in the late 

reverberation. An optimality criterion for the late 

reverberation is to maximize homogeneity of the impulse re­

sponse by making it look like exponentially decaying white 

noise. 

The waveguide networks allow 

every signal path to appear as a feedback branch around ev­

ery other signal path. This connectivity richness facili­

tates development of dense late reverberation. Further­

more, the energy. conserving properties of the waveguide 

networks can be maintained in the time-varying case ~hich 

allows the breaking up o: unwanted patterns in the late 
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reverberation by subtly changing the. reverberator in a way 

that does not modulate the reverberation decay profile. 

Finally, the exp lie it conservation of signal energy pro­

vides an easy way to completely suppress limit cycles and 

overflow oscillations. 

In FIG. 19, one typical waveguide reverberator is 

shown including five waveguides (branches) formed by the 

waveguides 30-1, 30-2, ••• , 30-5. The waveguides 30 are 

connected to junctions 31 and 32. The waveguides 30-1 

through 30-5 have first rail inputs 33-1 through 33-5, re­

spectively, have first rail outputs 35-1 through 35-5, re­

spectively, have second rail inputs 36-1 through 36-5, re­

spectively, and have second rail outputs 34-1 through 34-5, 

respectively. The first rail outputs 35-i, where i has 

values. from 1 to 5, includes the output signals aiP~, for i 

= 1 through 5. The outputs 35-i each connect to the sum~ 

ming node 31. Summing node 31 is an adder which adds all 

of the a. P; signals to form the junction pressure signal 
l. l. 

PI. _ The PI signal connects in conunon to each of the second 

rail inputs 36-1 through 36-5. The PI signal at terminal 

20 is typically used to provide an output from the 

reverberator of FIG. 19. In FIG. 19, the input 18 is typi­

cally connected to at least one of the waveguides 30 such 

as waveguide 30-5. 

In FIG. 19, the waveguides 30-1 through 30-5 provide 

the second rail outputs 34-i for i = 1 to S. The outputs 

34-i provide the signals a.R: which in turn connect as in-
l. l. 

puts to the summing node 32. The summing node 32 sums all 

of the signals aiR: to form the node signal R1 at terminal 

19. A second output is typically taken from terminal 19. 

Additionally, the RI signal from summing node 32 connects 

in conunon to all of the first rail inputs 33-1 through 

33-5. 

Reverberator Waveguide - FIGS. 20 and 21 

In FIG. 20, further details of the waveguides 30 of 

FIG. 19 are shown. Typically, each of the waveguides 30 in 
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FIG. 19 includes an R junction 37, a lossless waveguide 38, 

a loss unit 39 and a P junction 40. 

In FIG. 21, further details of the typical waveguide 

of FIG. 20 are shown. The R junction 37 includes a sub­

tractor 41 and a mult±plier 42. The subtractor 41 sub­

tracts R: from the.R
1 

signal to provide the R~ signal on 
1 1 

line 43. The ~ultiplier 42 multiplies the Rl times a gain 

factor, o.., to provide the signal a. R; signal at output 
l. 1 1 

terminal 34-:i. 

The lossless waveguide 38 includes a lossless delay 45 

and a lossless delay 46. The delay 45 delays by a delay, 

N. With the signal input to the· delay on line 43 e9ual to 

R~ ( t) , the delayed output signal on line 4 7 is equal to 

R-:- (t-N). Similarly the delay 46 delays the input signal 
1 . 

Pi(t) by N to form the delayed signal on line 44 equal by 

definition to Pi<t-N), which is equal to the Rt(t) signal. · 

In FIG. 21, the loss uriit 39, 
includes a multiplier 24. Multiplier 24 multiplies 

the signal on line 4 7 by e: to provide on the ou:tput the 
+ , -

P. (t) signal equal to e:R. (t-N). While the loss circuit in 
1 . 1 

the form of multiplier 24 has been inserted in the line 47, 

the loss circuit may alternatively be placed also in any 

one or more of the lines 43, 44, 47 or 48. 

In FIG. 21, the P junction 40 typically includes a 

subtractor 21 and a multiplier 22. The subtracter 21 re­

ceives the P: signal and subtracts it from the junction 

pressure signal PI to produce the Pi signal. Multiplier 22 

multiplies the P: signal by a. to form the a.P: signal. 
1 1 1 1 . 

In summary, the reverberator of FIGS. 19-21 consists 

of waveguides 30-1 through 30-5 connected together to form 

an arbitrary network. The waveguides 30-1 through 30-5 can 

be referred to as nbranches" and their points of inter­

section 31 and 32 as njunctionsn or wnodesn. 

Reflections are created by a mismatch between the ad­

mittances r. of the intersecting waveguides. The admit-
1 

tance is the inverse of the characteristic impedance Z i. 

Setting the waveguide admittances all equal is acceptable 
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as long as the waveguide delays N. .are different. 
1 

Equal 
characteristic admittances means that when a signal comes 
into a junction of waveguides, it will be split equally in­
to all outgoing waveguides. In the reverberator of FIG. 

19, equal characteristic admittances result in a.= 2 /s for 
1 

all i. Choosing a power of Z for the number of branches 
means a. is a power of Z and can therefore be implemented 1 
in binary arithmetic by means of a shift operation. 

If a waveguide with small admittance connects to a 
waveguide of much higher admittance, the pressure wave will 
be partially reflected with a sign reversal. In the limit: 

a pressure wave is completely reflected with a sign 
reversal when it encounters an admittance which is infi­
nitely larger than the one in which it was traveling; 

a .pressure wave is completeiy reflected with no sign 
reversal when it encounters an admittance which is infi-_ 
?itely smaller than the one in which it was traveling; 

a pressure wave is not reflected at all. (complete 
transmission) when it encounters an admittance which is .the 
same as the one in which it was traveling in, the 
"matched-impedance" case. 

Time-Varying Reverberation 

The effect of amplitude modulation of a waveguide ad­
mittance is to vary the admittance away from its original 
value. In order for the network to remain lossless, the 
sum of incoming scattering coefficients [a. of Eq. (2)) must 

1 
equal 2. Let r i (t) denote th~ time-varying branch admit-
tances. Then from Eq. (2) 

N 
a.(t)=(2r.(t))/( r r.(t)) 

1 1 . 1 1 1= 

N 
and I: a. (t)=2 at all times. 

. 1 1 1= 

The objective is to vary a. (t} in a complex waveguide net-
1 

work such that 
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N N 
l: Q • ( t) = 2 and Q • ( t) = 2 r . ( t) / l: r . ( t) 

i=l l. l. l. i=l l. 

for some waveguide admittance values r. (t). 
l. 

The easiest case is the two-junction network such as 

shown in FIG. 19. In this case, the a. (t) are identical at 
l. 

the two junctions. 

One time-varying reverberation technique in the 

two-junction case is to vary the r. such that 
l. 

N 
I r.=c for some constant c. Then 

i=l l. 

N Tli1111m1u~1mmr 
a: (t)=2r. (t) /c, and I a, (t)=2 as. c. Theu 

1 1 i=l 1 

N 
a. (t) =2r. (t) le, and I a. (t):=2 

1. l. i=l l. 

as required for losslessness of the network. A special 

case is where r. +r .=c. in pairs. Another method for the 
1. J l. 

time varying case is, at each junction, to provide one "re-

flection-free port" (RFP) • Such a port is created when the 

admittance of one waveguide (that connected to the RFP) is 

equal to the sum of the admittances. of 

meeting at that junction. In this 

waveguide of the RFP has admittance 1, 

all other waveguides 

implementation, the 

and it does not vary 

with time. We call this a "special" waveguide. Since ev­

ery waveguide must connect to exactly two junctions, a spe­

cial waveguide provides a RFP at two different junctions 

simultaneously. (A special waveguide is not very ·useful as 

a self-loop at some junction due to the next constraint.) 

Given a reflection-free port caused by a special 

waveguide of admittance 1, 

waveguide admittances is 1. 

to the reflection-free port 

the sum of the remaining 

Since the waveguide connected 

is time-invariant, the sum of 

all time-varying admittances will be 1. 
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TABLE l 

NlTs = 5 ms. 

N2Ts = 17 ms. 

N3Ts = 23 ms. 

N4Ts = 67 ms. 

NS Ts = 113 ms. 

T = 20 microseconds s 
t = 0.9 where le Isl 
s 
! a. = 2 (lossless condition) 

. 1 l. l.= 

where Osa.s2 
l. 

For. time-varying reverberation: 

a 1 = l 
a2 = B /2 l 
a3 = n-s1 l12 

Oss1 sl 

Cl4 =· 8 /2 . 2 
Oss2sl 

as = n-s2> 12 
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A real time tone generation system characterised 

means {51) for providing a variable control signal 

for initiating and thereafter controlling generation of a 

tone; 
wave transmission means (53) for transmitting wave 

signals, the wave transmission means including an input and 

an output, a first signal path for receiving signals from 

the input, a second signal path for providing signals to the 

output, the first signal path being coupled to the second 

signal path, and delay means (65,66) in at least one of the 

signal 'paths for delaying signals; 
junction means (52) having a first input (56) for~ 

receiving the control signal, a second input (55) for 
receiving a signal from the output of the wave transmission 

means (53) and an output (54) for providing a signal as the 

input to the wave transmission means which is a function of 

at least the value of the control signal and the value of 

the signal received from the output of the wave transmission 

means {53} so as to cause a tone signal to propagate in the 
wave transmission means (53}; and 

tone signal extracting means for extracting a tone 
signal from at least one of the wave transmission means and 

junction means. 

2. A tone generation system as claimed in claim 1 

including coupling means (67} for at least partially 

coupling signals from the first path to the second path. 

3. A tone generation system as claimed in claim 2 

wherein the coupling means includes means (73) for blocking 

d.c. signals. 
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4. A tone generation system as claimed in claim 2 or 

3 wherein the coupling means couples less than all of the 

signal from the first path to the second path. 

5. A tone generation system as claimed in claim 2, 3 

or 4 wherein said coupling means includes a low pass 

filter. 

6. A tone generation system as claimed in any of 

claim 2 to 5 wherein said coupling means includes means (72) 

for inverting signals. 

7. A tone generation system as claimed in claim 6 

wherein' the coupling means includes means (72) for filtering 
signals passing therethrough. 

8. A tone generation system as claimed in any of 

claims 2 to 7 wherein the coupling means includes gain 

control means for controlling gain of signals passing 

therethrough. 

9. A tone generation system as claimed in claim 8 
wherein the gain control means controls gain in accordance 
with ·a preselected tone colour. 

10. A tone generation system as claimed in any 

preceding claim wherein the junction means (52) includes 

conversion means for converting the signal from the second 

path in accordance with a conversion characteristic and 
switching means for selecting the conversion characteristic 
in accordance with the value of the control signal. 
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11. A tone generation system as claimed in any 

preceding claim wherein the junction means includes non-

1 inear conversion means which receives the signal from the 

second path and converts it to the signal provided to the 

first path in accordance with a non-linear characteristic. 

12. A tone generation system as claimed in claim 11 

wherein the non-linear conversion means includes table means 

(59) for storing values representative of the non-linear 

characteristic and addressing means (58) for addressing the 

table means in accordance with the values of the control 

signal and the signal from the second path (55), wherein the 

output of the table means is employed to generate the output 

of the ]unction means. 

13. A tone generation system as claimed in claim 12 

wherein the addressing means (58} receives the control 
signal and the signal from the second path (55) and 

addresses the table means (59) in accordance with the 

difference between the signals. 

14. A tone generation system as claimed in claim 12 
wherein the table means (59) stores compressed data and 

further including modification means (62) for modifying the 
compressed data read out from the table means to provide the 
output of the junction means. 

1 5. A tone generation system as claimed in claim 14 

wherein the table means stores data of a predetermined 
number of bits and wherein the modification means (62) 
includes means for operating on the output of the table 

means (59) to provide expanded data of a number of bits 
greater than the predetermined number of bits. 
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16. A real time tone generation system as claimed in 

any of claims 1 to 9 comprising: 

at least first and second wave transmission means 

(76,77}, each including an input (54,49) and an output 

(55,50), a first signal path for receiving signals from the 

input, a second signal path for providing signals to the 

output, coupling means (67-1,67-2) for coupling signals 

from the first path to the second path, and delay means 

(65,66) in at least one of the signal paths for delaying 

signals propagating therethrough. 

17. A tone generation system as claimed in claim 16 

wher~in the junction means includes.operating means for 

processing the signal at the second input as a function of 

the control signal to provide an operation result to the 
output of the junction means. 

18. A tone generation system as claimed in claim 17 

wherein the operating means includes adding means (80) for 
adding signals from the outputs of the first and second wave 

transmission means to provide an addition signal, the 

junction means providing ~t least one output signal whose 

value is a function of the control signal and the addition 
signal. 

19. A tone generation system as claimed in claim 18 

wherein the operating means includes subtracting means (57) 

for subtracting the addition signal from the control signal 
to obtain a subtraction signal, the junction means providing 

at least one output signal whose value is a function of the 
subtraction signal. 
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20. A tone generation system as claimed in any of 
claim 16 to 19 wherein said junction means has a plurality 
of second inputs each of which is connected to the output of 
a wave transmission means, and a plurality of outputs each 
of which is connected to the input of a wave transmission 
means, the junction means providing outputs whose values are 
functions of the values of the control signal and the 
outputs of the wave transmission means, said control signal 
causing periodic signals to be generated and propagate in 
the wave transmission means. 

21. A tone generation system as claimed in claim 19 
further including table means {70) for providing an output 
from a predetermined table in response to the subtraction 
signal, the junction means providing outputs whose values 
are functions of the output from the table. 

22. A tone generation system as claimed in claim 21 
further including plural output adding means (81 ,82) each 
having an output to a wave transmission means (76,77), each 
adding means for adding the output from the table {70) with 
the output of at least one wave transmission means other 
than the one to which the output of the resp~ctive output 
adding means is connected, the outputs of the output adding 
means forming the outputs of the junction means. 

23. A tone generation system as claimed in any 
preceding claim wherein the coupling means includes means 
for introducing a loss into signals passing therethrough. 

24. A tone generation system as claimed in any 
preceding claim wherein there are two wave transmission 
means each providing a predetermined amount of delay in 
order to provide a desired frequency content in the musical 
tone signal. 
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25. A tone generation system as claimed in any 

preceding claim wherein the system simulates a bowed string 
instrument and wherein the control signal represents bow 

velocity. 

26. A tone generation system as claimed in claim 25 

including means for providing a control signal which varies 

with time to represent bow velocity. 

27. A real time tone generation system as claimed in 

any preceding claim wherein said wave transmission means 

comprises: 
a plurality of wave transmission sections each 

having ·a first end and a second end, a first signal path for 

propagating signals from the first end to the second end and· 
a second signal path for propagating signals from.the second 

end to the first end, wherein each wave transmission section 

includes at least one delay element in at least one of its 
signal paths and said junction means is connected to the 
first end of a first wave transmission section; and 

at least one cascade junction connected to a first 

end of one wave transmission section and a second end of 

another wave transmission section so as to interconnect the 
wave transmission sections in a cascade fashion, the or each 

cascade junction receiving signals from the wave 

transmission sections connected to it and partially 
transmitting the signals from one wave transmission section 
to the other wave transmission section and partially 

reflecting the signals back to the wave transmission section 

from which the signals were received; and 

coupling means are provided connected to the 

second end of a last wave transmission section for at least 

partially coupling signals from the first signal path to the 

second signal path of the last wave transmission section; 
and said tone signal extracting means are arranged to 
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extract a signal from at least one point in the cascaded 
wave transmission section and junction combination to 
provide a musical tone signal which is created and 
propagated within the wave transmission sections in response 

to the control signal. 

28. A tone generation system as claimed in claim 27 

including means for controlling the transmission and 

reflection characteristics of at least one additional 

junction to control the pitch of the musical tone signal. 

29. A tone generation system as claimed in claim 27 or 

28 wherein at least one of the additional junctions includes 

at least three ports including a first port connected to an 

end of one waveguide, a second port connected to an end of 

another waveguide and a third port, each of at least two 

ports from among the three ports having an input path to the 

junction and an output path from the junction, wherein a 
signal received at the input path of any particular port is 

partially transmitted to the output paths of the other ports 

and is partially reflected to the output path of the 
particular port. 

30. A tone generation system as claimed in any 

preceding claim wherein the wave transmission means and 
junction means comprise signal processing means. 
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ABSTRACT 

TONE GENERATION SYSTEM 

A real time tone generation system for synthesis 

of musical instruments comprises means (51) for providing a 

control signal for initiating and thereafter controlling 

generation of a tone, connected to wave transmission means 

(53) via a junction (52). The junction receives signals 

from and passes signals to the wave transmission means, the 

supplied signals being a function of the control signal and 

the signal received from the wave transmission means. Thus, 

the nature of the signal propagating in the wave 

transmi'ssion means depends on the characteristics of the 

wave transmission means and the junction means and the value· 

of the control signal. 

[FIGURE 14] 
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A simple method for time-varying ~e~erbei3tiori using a 

RFP is to pair off the time-varying waveguides so that 

their admittances sum to l in pairs. This pairing is handy 

because a pair is the smallest number of mutually con­

strained waveguides tha~ can be arranged. When there are 

more than two node·s l junctions) , simple complementary pair-
.. 

ing of time~varying junctions may be difficult. 

Musical Instrument - FIG. 22 

In FIG. 22, a typical musical instrument, 

that is signal processor, according to the present 

invention is shown. In FIG. 22, a processor BS, such as a 

special purpose or general purpose computer, generates a . 
digital signal representing the sound to be produced or a 

control':variable for a synthesizer. Typically, the proces­

sor 85 provides an address for a random access memory such · 

as memory 86. ·Memory 86 is addressed and periodically pro­

vides a digital output representing the sound or control 

variable tp be generated. The digital sampLe from the ~em­

ery 86, typically at a sampling rate T (usually near 
s 

50KHz), is connected to the waveguide unit 87. Waveguide 

-jnit 87 processes the digital signal in accordance with the. 

present· invention and provides an output to the digi­

~al-to-analog (D/Al converter 88. The converter 88 in turn 

/ 

1 

!provides an analog output signal through a filter 89 which 

connects to a ~peaker 90 and produces the desired sound. 

When the signal processor of FIG. 22 is a reed instru­

ment, the structure of FIGS. 15, 16 and 17 is typically em-

ployed for waveguide unit 87. In FIG. 15, the control 

variable 51 is derived from the processor 85 and the memory 

86 of FIG. 22. The structure of FIGS. 15, 16 and 17 for a 

clarinet uses the FIG. 17 structure for waveguide 53 with a 

simple inverter (-1) for terminator 6 7. For a saxophone, 

the waveguide 53 is more complex, like FIG. 4. 

When the signal processor of FIG. 22 is a bowed-string 

instrument, the waveguide unit 87 in FIG. 22 typically em­

ploys the structure of FIG. 18. The cont:ol variable input 

,·;.u•••••' . 
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to register 51' of FIG. 18 comes fr0ru the m~m~ry.BG 6~ ~IG. 

22. The output from the waveguide unit of FIG. 18 is 

derived from a number of different points, for example, 

from the terminals 54 ana:-ss for the waveguide 76 or from 
' the terminals 49 and SO from the waveguide 77 of FIG. 18. 

In one typical .:·output operation, an adder 71 adds the 

signals appearin9. at terminals 49 and 50 to provide an in­

put at terminal 20 to the D/A converter 88 of FIG. 22. The 

sum of the· signals in adder 71 corresponds to the string 

velocity at the location of the bow on the instrument. 

When reed and other instruments are employed, it has 

been found useful to introduce white noise swmned with the 

control variable.input to register 51' of FIG. 16. Addi­

tionally, .. the introduction of tz:-emolo and other musical ef­

fects 'into the control variabie enhances the quality of the 

sound produced. 

When the waveguide unit 87 of FIG. 22 is a digital 

reverberator, the waveguide of FIG. 19 is typical with the 

parameter.f;·of TABLE 1. 

Attention is directed to EP-A-0248527 from which the 

·present invention is divided and which contains claims 

directed to the reverberation systems described above per ~· 

17OCT1996 

'··.·' 
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This invention relates to the field of digital signal 

processing and particularly to signal processing useful in 

digital music "synthesis and other applications. 

Digital music synthesis has attracted increased inter­

est as data processors have undergone new developments 

which provide increased performance capabilities. Digital 

music synthesis has many applications such as the synthesis 

of stringed, reed and other instruments and such as the 

synthesis of reverberation. 

In actual practice, it has been difficult to provide 

satisfactory models of music instrume·nts, based upon quan­

titative physical models, which can be practically syn­

thesized on a real-time basis using present-day comput~rs 

and digital circuitry. 

Most ,.traditional musical instruments, such as 

woodwinds and strings, have been simulated by additive syn­

thesis which consists of summing together sinusoidal har­

monics of appropriate amplitude, or equivalently by repeat­

edly reading from a table consisting of one period of a 

tone (scaled by an "amplitude functionn) to "play a note.• 

Another method consists of digitally sampling a real mu­

sical sound, storing the samples in digital memory'· and 

thereafter playing back the samples under digital control. 

FM synthesis as described, :or example, in U.S. patent 

4, 018, 121, has also been successful in synthes~zing many 

musical sounds including brasses, woodwinds, bells, gongs, 

and some strings. A few instruments have been simulated by 

"subtractive synthesis" which shapes the spectrum of primi­

tive input signals using cigital filters. 

All of the foregoing methods (with the occasional ex­
ception of subtractive synthesis) have the disadvantage of 
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not being closely related to the underly'ing physics. of 

sound oroduction. Phvsicallv accurdte simul3tions are ex-.. . ... .... 

pensive to compute when general finite-element modeling 

techniques are used. 

Digital reverberation has also been dif:icult to 

achieve. Al though digital music synthesis has employed 

digital reverberation as a post-processing function for 

many years, there still remains a need to be able to simu­

late with digital signal processing the quality of 

reverberation which exists in natural listening-space en­

vironments. The basic acoustics of reverberation in natu­

ral listening-space environments, such as concert halls, 

has a long history with m~ny different design theories. 

The goal of digital reverberation is to produce -digital 

signal processing methods which simulate the effect that a 

good concert hall or other good "listening space" has on 

sound. This goal is made difficult because typical good 

listening spaces are inherently large-order, complex ac_ous­

tical systems which cannot be prec_isely simulated in 

real-time using commonly available computing techniques~ 

In architectural acoustics, an understanding of digi­

tal reverberation ·is important in the design of concert 

halls with good acoustical qualities. In digitally syn­

thesized music, reverberation is a part of the synthesized 

instrumental ensemble and provides enrichment to the sound 

quality. For these reasons, there have been many attempts 

to capture the musically important qualities of natural 

reverberation in digital music synthe_sis. 

Digital room simulation (reverberation) has been im­

plemented by simulating specular reflection in actual or 

approximate concert-hall geometries. The diffusive scatte=­

ing of sound in such natural listening environments must be 

considered in order to obtain high-quality reve=beration 

models. However, practical models which accommodate 

diffusing reflections have been beyond the reach of present 

computing power when applied to listening spaces of nominal 

size over the audio frequency band. 
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In another implementation of di~ital reverberation_, an 

approximation to the impulse respor.-s.a !::>etw.a-cn two spatial 

points ir. a real concert hall has been recorded. The ef­

fect of the hall on sound between these two points can be 

accurately simulated by convolving the measured impulse re­

sponse with the desired source signal. Again, this imple­

mentation leads to a prohibitive computational burden which 

is two to three orders of magnitude beyond the real-time 

capability of typical present-day mainframe computers. 

The current state of high-quality digital 

reverberation based upon large {concert hall) spaces, al­

though well understood, is too expensive to synthesize by 

computation. Because there is much detail in natural 

reverberation that is not important perceptually, models 

for reverberation need to be simplified so as to become 

computationally practical. . 
One example of a computationally simple model relies 

upon convolving unreverberated sound with exponentially de­

caying white noise t;.hereby producing the heretofore best 

known artificial reverberation. The digital reverberator 

designs based upon quantitative physical models need to be 

replaced by models based upon simple computations which re­

tain the qualitative behavior of natural listening space 

reverberation. 

Some basic building blocks of presently known digital 

reverberators include cascaded and nested allpass networks, 

recursive and non-recursive comb filters, tapped delay 

lines, and lowpass_ filters. The early reflections can be 

exactly matched for a fixed source and listener position 

using a tapped delay line, and the late reverberation can 

be qualitatively matched using a combination of allpass 

chains, comb filters, and lowpass filters. Using a lowpass 

filter in the feedback loop of a comb filter simulates air 

absorption and non specular reflection. These known tech-

niques for reverberation have been the basis for 

reverberation design for more than a decade. Although 

these elements do provide some essential aspects of 
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reverberation, especially for smoothly varying sounds at low 
reverberation levels, they do not provide reverberation on a 
par with excellent naturai listening-space environments. 

In accordance with the above background, there is 
a need for techniques for synthesizing strings, winds, and 
other musical instruments optionally including reverberators 
in a manner which is both physic~lly meaningful and 
computationally efficient. There is a need for the 
achievement of natural and expressive computer-controlled 
performance in ways which are readily comprehensible and 
easy to use. 

The present invention provides a real time tone 
generation system characterised by: 

means for providing a variable control signal for 
initiating and thereafter controlling generation of a tone; · 

wave transmission means for transmitting wave 
signals, the wave transmission means including an input and 
an output, a first signal path for receiving signals from 
the input, a second signal path for providing signals to the 
output, the first signal path being coupled to the second 
signal path, and delay means in at least one of the signal 
paths for delaying signals; 

junction means having a first input for receiving 
the control signal, a second input for receiving a signal 
from the output of the wave transmission means and an output 
for prov~ding a signal as the input to the wave transmission 
means which is a function of at least the value of the 

control signal and the value of the signal received from the 
output of the wave transmission means so as to cause a tone 
signal to propagate in the wave transmission means; and 

tone signal extracting means for extracting a tone 
signal from at least one of the wave transmission means and 
junction means. 

An embodiment of the present invention is a signal 
processor formed using digital waveguide networks. The 
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digital waveguide networks have signal scattering junctions. 
A junction connects two waveguide sections together or 
terminates a waveguide. The junctions are constructed from 

conventional digital components such as multipliers, adders, 

and delay elements. The number of multiplies and additions 
determines the number of signal-scattering junctions that 
can be implemented in the waveguide network, and the number 

of delays determines the total delay which can be 

distributed among the waveguides interconnecting the 
junctions in the waveguide network. The signal processor is 

typically used for synthesis of reed, string or other 

instruments. 
The waveguides used in the present invention may 

include· a first rail for conducting signals ~rom stage to 
stage in one direction and a second rail for conducting 

signals from stage to stage in the opposite direction. The 

accumulated delay along the first rail is preferably 
substantially equal to the accumulated delay along the 

second rail so that the waveguide is balanced. The first 

rail is connected to the second rail at junctions so that 

signals conducted by one rail are also conducted in part by 

the other rail. 
Lossless waveguides which may be used in the 

present invention are bi-directional delay lines which 

sometimes include embedded allpass filters. Losses are 
introduced as pure attenuation or lowpass filtering in one 
or both ~irections. 

The signal processor in some applications includes 

a non-linear junction connected to provide an input signal 
to the first rail of the waveguide and to receive an output 
signal from the second rail of the waveguide. 

In one embodiment, a reed instrument is 

synthesized by a non-linear junction terminating a digital 
waveguide. A primary control variable, representing mouth 

pressure, is input to the non-linear junction {also 
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controlled secondarily by embouchure v~riablesi. The 

junction simulates the reed while the digital waveguide 

simulates the bore of the reed instrument. 
In another embodiment, a string instrument is 

synthesized. A primary control variable, representing the 

bow velocity, is input to the non-linear junction. The non­

linear junction represents the bow-string interface 

(including secondary·controls such as bow force, bow angle, 

bow position, and friction characteristics). In the 

stringed instrument embodiment, two digital lossless 

waveguides are connected to the non-linear junction. The 

first waveguide represents the long string portion (from the 

bow to the nut) and the other waveguide simulates the short 

string portion (from the bow to the bridge). A series of 

waveguides can also be used to implement the body of, for 

example, a violin, although in such a case there is normally· 

no direct physical interpretation of the waveguide 

variables. 

In particular embodiments, the reflection signal 

or signal coefficients introduced into the waveguides from 

the nonlinear junction are obtained from a table. In one 

embodiment, the nonlinearity to be introduced into the 

waveguides is f (x) where x is the table address and also the 

incoming signal sample in the waveguide (a travelling wave 

sample). In another embodiment, the values g(x)=f{x)/x are 

stored in the table and the table is addressed by x. Each 

value of g{x) addressed by x from the compressed table 

(where g(x) is called a coefficient) is then multiplied by 

x, x*g(x) which thereby produces the desired value of f(x). 

In accordance with the above summary, the present 

invention captures the musically important qualities of 

natural instruments in digital music synthesis with digital 

processing techniques employing digital waveguides which are 

computationally efficient and therefore capable of 
inexpensive real-time operation. 
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The foregoing and other objects, features and 
advantages of the invention will be apparent from the 
following detailed description in conjunction with the 
drawings. 

FIGURES 1 to 13 show, by way of example, optional 

components of tone generation systems according to the 
invention. 

network; 
FIGURE 1 depicts a ~imple closed waveguide 

FIGURE 2 depicts a 3-port waveguide network; 
FIGURE 3 depicts a junction of two waveguides; 
FIGURE 4 depicts a cascade waveguide network in 

accordance with the present invention; 

FIGURE 5 depicts one embodiment of a cascade 
waveguide network section; 

FIGURE 6 depicts another embodiment of a cascade 
waveguide network section; 

FIGURE 7 depicts a third embodiment of a cascade 
waveguide networ~ section; 

FIGURE 8 depicts a pipelined embodiment of a 
waveguide filter; 

FIGURE 9 depicts a travelling pressure wave at a 
general point within a waveguide section; 

filter; 

junction; 

junction; 

FIGURE 10 depicts a normalized-waveguide digital 

FIGURE 11 depicts a wave-normalized waveguide 

FIGURE 12 depicts a transformer junction; 

FIGURE 13 depicts transformer-coupled waveguide 

FIGURE 14 depicts a tone generation system of the 
invention comprising a non-linear junction, controlled by a 
control variable, and connected through a plurality of ports 
to a plurality of waveguides; 
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FIGURE 15 depicts a tone generation system of the 
invention comprising terminating non-linear junction 

controlled by a control variable and connected to a 

waveguide network; 

FIGURE 16 depicts further details of the non­

linear junction of Figure 9; 

FIGURE 17 depicts a block diagram representation 

of the waveguide of Figure 9; 

FIGURE 18 depicts a non-linear junction connected 

to first and second waveguides; 

FIGURE 19 depicts a waveguide reverberator; 

FIGURE 20 depicts a typical waveguide employed in 

the Figure 19 reverberator; 

FIGURE 21 depicts details of the Figure 20 

waveguide; 

FIGURE 22 is a signal processor forming a music 

instrument using digital waveguides. 

FIGURE 23 is a graph of a waveform representing 

the data stored in the table of Figure 16 for a reed 
instrument; 

FIGURE 24 is graph of a waveform representing the 

data stored in the table of Figure 16 for a string 
instrument. 

DETAILED DESCRIPTION 

Lossless Networks - FIG. 1 

In FIG. 1 a network 10 is a closed interconnection 

of bi-directional signal paths 11. The signal paths 11 are 

called branches or waveguides, designated 11-1, 11-2, 1}-3, 

11-4, and 11-5 and the interconnection points are called 

nodes or junctions, designated 12-1, 12-2, 12-3, and 12-4. 
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An example of a simple network is shc;>~·n iii. f I<:i. 1 wht!re 

each signal path !..s bi-directional, meaninq triat in each 

waveguide there is a signal propagating in one direction 

and an independent signal propagating in the other direc­

tion. When a signal reaches a junction, one component is 

partially reflected back along the same waveguide, and oth­

er components are partially transmitted into the other 

waveguides connected to the junction. The relative 

strengths of the components of the transmitted or "scat­

tered" signals at each junction are determined by the rel­

ative characteristic impedances of the waveguides at the 

junction. In FIG. l, the waveguides 11 intersect at the 
junctions 12. 

A lossless waveguide, such as each of the waveguides 

in FIG. 1, is defined speci:fically as a lossless 

bi-directional signal branch. In the simplest case, each 

branch or waveguide 11 in a waveguide network 10 is merely. 

a bi-directional delay line. The only computations in the 

network take place at the branch inte~section points (nodes 

or junctions). More generally, a lossless waveguide branch 

may contain a chain of cascaded allpass filters. For prac­

tical reverberator and other designs, losses are introduced 

in the form of factors less than l and/or low pass filters 

with a frequency response strictly bounded above by i · in 
magnitude. 

A closed lossless network preserves total stored sig­

nal energy. Energy is preserved if, at each time instant, 

the total energy stored in the network is the same as at· 

any other time instant. The total energy at any time in-

stant is found by summing the instantaneous power through­

out the network waveguides 11. Each signal sample within 

the network contributes to instantaneous power. The in­

stantaneous power of a stored sample is the squared ampli-

_ tude times a scale factor, g. If the signal is in units of 

npressuren, "force", or equivalent, then g = l/Z, where Z 

is the characteristic impedance of the waveguide 11 medium. 

If the signal sample instead represents a "flow" variable, 
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such as volume-velocity, then g = z. In either case'., t'he 

stored energy is a weighted sum of squdred ·values of all 

samples stored in the digital network 10. 

N-Port Network - FIG. 2 

In FIG. 2, an N-port network 14 is shown in which for 

N=3, three waveguides, called ports, leave the network with 

one port 15 designated for input and two ports 16-1 and 

16-2 designated for output. Such a structure is suitable, 

for example, for providing stereo reverberation of a single 

channel of sound. Note, however, that really in FIG. 2 

there are three inputs(lS, 16-1, 16-2} and three out­

puts (15, 16-1, 16-2) because in an N-port, each waveg~ide 

connected to the network provides both an input and an out­

put since each waveguide is bi-directional. 

An N-port network 14 of FIG. 2 is lossless if at any 

time instant, the energy lost through the outputs, equals . 
. ' 

the total energy supplied through th~ inputs, plus the to-

tal stored energy. A lossless digital filter is obtained 

from a lossless N-port by using every port as both an input 

and an output. This filter is the general multi-input, 

multi-output allpass filter. 

An N-port network 14 is linear if superposition holds. 

Superposition holds when the output in response to the sum 

of two input signals equals the sum of the outputs in re­

sponse to each individual input signal. A network is lin­

ear if every N-port derived from it is linear. Only linear 

networks can be restricted to a large and well-understood 

class of energy conserving systems. 

Lossless Scatterina - FIG. 3 

Consider a parallel junction of N lossless waveguides 

of characteristic impedance z. (characteristic admittance 
l. 

r, = l/Zi) as depicted in FIG. 3 for N=2. 

If in FIG. 3 the incoming traveling pressure waves are 

denoted by P ~, where i = 1, .•. , N, the outgoing pressure 

waves are given by Eq. (1) as follows: 
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Ea. tl I 

where P. in Eq. (1) is the resultant junction pressure given 
) 

as follows: 

N + 
P. = tci.P. 

J i=ll. 1 

N 
where Qi = c2ri)/( t r

1
> 

t=l 

For N=2, 

pj 
+ + = al Pl + Cl2P2 

a 1 = {2r 1 > I (r 1 + r 2 > 

Cl2 = 2 - al 

Eqs. (2) 

2 6 FEB 1997 

Define the reflection coefficient by k=a 1-l, then from 
Eq. 1, 

pl = P. - l?+ 
J 1 

+ -= (al - l)Pl + a2P2 

pl = kP+ + (1 - k)P+ 
1 2 

- + + 
p2 = al Pl + (Cl 2 - l)P 2 

p2 = (k + l}P+ - kP+ 
1 2 

Thus, we have, for N=2, 

+ + + 
pl = p2 + k(Pl p2) 

p2 = p+ + k(P+ P+) Eqs. ( 3) 
1 1 2 

which is the one-multiplier lattice filter section (minus 

its unit delay} . More genera-lly, an N-way intersection re­

quires N multiplies and N-1 additions to obtain P., and one 
) . 

addition for each outgoing wave, for a total of N multi-

plies and 2N-l additions. 

The series flow-junction is equivalent to the parallel 

pressure-junction. The series pressure-junction or the 

parallel flow-junction can be found by use of duality. 
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Cascade Wavequide Chains FIG. 4 
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The basic waveguide chain 25 is shown in FIG.4~ Each 

junction 26-1, 26-2, ... , 26-i, ... , 26-M enclosing the 

symbol ki(t) denotes a sqattering junction characterized by 

k. (t). In FIG. 4, the junction 26-i typically utilizes 
l. 

multipliers(M) 8 and adders(+) 7 to form the junction. In 

FIG. 4, the multipliers 8-l, 8-2, 8-3 and 8-4 multiply by 

the factors [l+k(i)J, [-ki(t}], (1-ki(t)], and [Jc;,i(t)), re­

spectively. An alternative junction implementa.tion 26' -i 

of FIG. 13 requires only one multiply. The junction 26-2 

in FIG. 4 corresponds, for example, to the junction 12 in 

FIG. 3. Similarly, the delays 27-1 and 27-2 in FIG. 4 cor­

respond to the branches 15 and 16, respectively, in FIG. 3. 

The Kelly-Lochbaum junctions 26-i and one-multiply junction 

26'-i ,(see FIG. 13) or any other type of lossless junction 

may be used for junction 26. In particular, the 

two-multiply lattice (not shown} and normalized ladder 

(FIG. 11} scattering junctions can be employed. The 

waveguide 25 employs delays 27 between each scattering 

·junction 26 along both the top and bottom signal paths, un-
' 

like conventional ladder and lattice filters. Note that 

the junction 26-i of FIG. 4 employs four multipliers ~nd 

two adds while junction 26'-i of FIG. 13 employs one multi­

ply and three adds. 

Waveguide Variations - FIGS. 4-14 

Reduction of junction 26 to other forms is merely a 

matter of pushing delays 27 along the top rail around to 

the bottom rail, so that each bottom-rail delay becomes 2T 
-2T -T seconds (Z ) instead of T seconds z . Such an operation 

is possible because of the termination at the right by an 

infinite (or zero) characteristic impedance 6 in FIG. 4. 

In the time-varying case, pushing a delay through a multi­

ply results in a corresponding time advance of the multi­

plier coefficient. 

Imagine each delay element 27 in FIG. 4 being divided 

into halves, denoted by a delay of T/2 seconds. Then any 
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waveguide can be built from sections such as shown i~ FIG. 

5. 

By a series of transformations, the two input-signal 

delays are pushed through._ the junction to the two out.put 

delays. A similar sequence of moves pushes the two output 

delays into the two input branches. Consequently, we can 

replace any waveguide section of the form shown in FIG. 5 

by a section of the form shown in FIG. 6 or FIG. 7. 

By alternately choosing the structure of FIG. 6 and 7, 

the structure of FIG. 8 is obtained. This structure has 

some advantages worth considering: (1) it consolidates.de­

lays to length 2T as do conventional lattice/ladder struc­

tures, (2) it does not require a termination by an infinite 

characteristic impedance, allowing it to be extended to 

networ~s of arbitrary topology (e.g., multiport branching, 

intersection, and looping), and (3) there is no long de: 

lay-free signal path along the upper rail as in convention-· 

al structures - a pipeline segment is only two sections 

long. This structure, termed the "half-rate waveguide fil­

ter", appears to have better overall characteristics than 

any other digital filter structure for many applications. 

Advantage (2) makes it 2specially valuable for modeling 

physical systems. 

Finally, successive substitutions of the section of 

FIG. 6 and reapplication of the delay consolidation trans­

formation lead to the conventional ladder or lattice filter 

structure. The termination at the right by a total re-

flection (shown as 6 in FIG. 4) is required to obtain this 

structure. Consequently, conventional lattice filters can­

not be extended on the right in a physically meaningful 

way. Also, creating network topologies more complex than a 

simple series (or acyclic tree) of waveguide sections is 

not immediately possible because of the delay-::ree path 

along the top rail. For example, the output of a conven­

tional structure cannot be fed back to the input. 
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Energy and Power -----................ _---' 

The instantaneous power in a waveguide containing· i·n­

stantaneous pressure P and flow U is defined as the product 

of pressure and flow as follows: 

• P-) (U+ - p+ -p = PU = (P' + + u ) = + p Eq. ( 4) 

where, 
p+ = p+ u+ = Z(U+) 2 = r(P+) 2 

- - -) 2 -p = p u = -Z(O = -r (P ) 2 Eqs. ( 5) 

define the right-going and left-going power, respectively. 

For the N-way waveguide junction, we have, using 

Kirchoff's node equations, Eq.{6) as follows: 

N 
~ E 

i=l 
P.U. = 

1 1 

N 
E 

i=l 

N 
P.U. = P. E 

J 1 J i=l 
u. = 0 

1 
Eq. ( 6) 

Thus, the N-way junction is lossless; no net power, 

active or reactive, flows into or away from the junction. 

Quantization Effects 

While the ideal waveguide junction is lossless, finite 

digital wordlength effects can make exactly lossless net­

works unrealizable. In fixed-point arithmetic, the product 

of two numbers requires more bi ts (in general) for exact 

representation than either of the multiplicands. If there 

is a feedback loop around a product, the number of bi ts 

needed to represent exactly a circulating signal grows 

without bound. Therefore, some round-off rule must be in­

cluded in a finite-precision implementation. The guaran-

.. teed absence of limit cycles and overflow oscillations is 

tantamount to ensuring that all finite-wordlength effects 

result in po~er absorption at each junction, and never pow­

er creation. If magnitude truncation is used on all 
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aro suppressed - !-iag~i -.:uc!e t::-uncation results in greater 
losses than necessary to suppress quantization effects. 
More refined schemes are possible. In particular, by sav­
ing and accumulating the low-order half of each multiply at 
a junction, energy can be exactly preserved in spite of· fi­
nite precision computations. 

Sianal Power in Time-Varving Waveguides 
The convention is adopted that the time variation of 

the characteristic impedance does not alter the traveling 
• 

pressure waves Pi. In this case, the power represented by 
a traveling pressure wave is modulated by the changing 
characteristic impedance as it propagates. The actual pow­
er becomes inversely proportional to characteristic imped­
ance: 

+ -P. (x,t)=P. {x,t)+P. (x,t)= 
-l. -i -i 

+ 2 - 2 [P.(x,t)] -[P.(x,t}] 
l. l. 

z. ( t) 
l. 

Eq. ( 7) 

This power modulation causes no difficulties in the 
Lyapunov theory which proves absence of limit cycles and 
overflow oscillations because it occurs identically in both 
the finite-precision and infinite-precision filters. How­
ever, in some applications it may be desirable to compen­
sate for the power modulation so that changes in the char­
acteristic impedances of the waveguides do not affect the 
power of the signals propagating within. 

Consider an arbitrary point in the i th waveguide at 
time t and distance x=c• measured from the left boundary, 

+ as shown in FIG. 9. The right-going pressure is Pi (x, t) 
and the left-going pressure is P~(x,t}. In the absence of 

l. 
scaling, the waveguide section behaves (according to our 
definition of the propagation medium properties) as a pres-

+ + . sure delay line, and we have P. (x,t)=P. (0,t-·r} and 
l. l. 

P~(x,t)=P~(O,t+1)=P~(cT,t-T+~). The left-going and right-l l. l 
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going components of the signal power a::e LP 1 (~,tll 2 /3i(tl 
+ 2 . . 

and (P. (x,tl 1 /Z. (tl, resoectively. 
l. l . 

Below, three methods are discussed for making signal 

power invariant with respect to time-varying branch imped­

ances. 

Normalized Waveguides 

Suppose the traveling waves are scaled as the charac­

teristic impedance changes in order to hold signal power 

fixed. Any level can be chosen as a reference, but perhaps 

it is most natural to fix the power of each wave to that 

which it had upon entry to the section. Ir. this case, it 

is quickly verified that the proper scaling is: 

-. + i + P. (x,t)=[(Z. (t})/(Z. (t-T))] P. (O,t-T), x=c-r 
l. l. l. l. 

Eqs. (8) 

- . 

P-:-(x,t)=[(Z. (t))/(Z. (t-T+l})]i P-:-(cT,t-T+t) 
l. l. l. l. 

In practice, there is no need to perform the scaling until 

the signal actually reaches a junction. Thus, we implement 

-+ + P . ( cT, t) =g . ( t) P . ( 0 , t-T) 
l. l. l. 

Eqs. ( 9) 

where 

gi (t)=[ (Zi (tl) I (Zi (t-T) l 1' REPLACEM~~IJH~frl 
2 6 FEB 10<?7 

I 

.___ _____ ---·--
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This normalization is depicted in fIG~ 10. In F!G. 10, 

each of the multiplie~s 8 multiplies the signal by gi(t} as 

given by Eqs. (9). In the single-argument notation used 

earlier, Eqs. (9) become 

-+ ... 
P. (t-T}=g. {t)P: (t-T) 

1. l. l. 

Eqs. (10) 

p-:- ( t) =g . ( t) p-:- ( t) 
l. l. l. 

This normalization strategy has the property that the 

time-varying waveguides (as well as the junctions) conserve 

signal power. If the scattering junctions are implemented 

with one-multiply structures, then the number of multiplies 

per se~tion rises to three when power is normalize~. There 

are three additions as in the unnormalized case. In some 

situations (such as in the two-stage structure) it may be 

acceptable to normalize at fewer points; the normalizing 

m~ltiplies can be pushed through the scattering junctions 

and combined with other normalizing multiplies, much in the 

same way delays were pushed through the junctions to obtain 

standard ladder/lattice forms. In physical modeling appli­

cations, normalizations can be limited to opposite ends of 

a long cascade of sections with no interior output "taps." 

To ensure passivity of a normalized-waveguide with fi­

nite-precision calculations, it suffices to perform magni­

tude truncation after multiplication by g. {t) • Alterna­
l. 

.tively, extended precision can be used within the scatter-

ing junction. 

Normalized Waves 

Another approach to normalization is to propagate 

rms-normalized waves in the waveguide. In this case, each 

delay-line contains 
.--~~~~~~~-----. 

REPLACEMEJiI__sJi~lT I 
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- + + ' Pl.. (x,t)=P. (x,t) /[Z. (t)] 
l. l. 

Eqs. ( 11 l 

;-:-(x,t)=P:(x,t}/(Z. (t)J' 
l. l. l. 

. + • + We now consider p-(instead of p-) to be invariant with re-

spect to the characteristic impedance. In this case, 

The scattering equations become 

. ! -+ 
{Zi(t)) Pi(O,t) = _+ 

1 

[ 1 + k . ( t) 1 ( Z . l ( t) l ' P . l ( cT , t} -k. ( t) [ Z . ( t) ] '2 P . ( 0 , t) 
l. l.- l.- l. l. . l. 

' -­ Eqs. (12) 

[Zi-1 (t)) Pi-l(cT,t)_= 

k.(t)[Z. 
1

ttl1! p'. 1 {ct,T)+[l-k.{t)J(Z.(t)]~ P-:-(t) 
l. l.- l.- l. l. l. 

+ or, solving for P7, 
l. 

+ P. (O,t) = 
l. 

~ + -{ 1 + k. ( t) ] [ ( Z . l ( t) ) I ( Z . ( t) ) ] P . l ( cT, t} -k . ( t) P . ( 0 , t) 
l. l.- l. i- l. l. 

Eqs. ( 13) 

P. l (CT, t) = 
1.- - + ~ 

k.(t)P. l(ct,T)+[l-k.(t)] [(Z.(t)}/(Z. 
1
tt))} P

1
.(t) 

l. l.- l. l. 1.-

But, 

(Zi-l (t)) I (Zi (t) l = (1-ki (t)} I (l+ki (tl l Eq. {l 4 l 

whence 
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[l+k.(t)] [(Z. 
1
(t))/(Z.(t))]; = 

l. 1.- l. 2 •. 

[l-k:(t)] [(Zi(t})/(Zi-l(t})]~ = (1-ki(tlll Eq. (15 l 

The final scattering equa.t..ions for normalized waves are 

- -+ + -P. (0,t)=c. (t)P. l(cT,t)-s. (t)P. (0,t) 
l. l. 1- l. l. 

Eqs. (16) 

-- + -P. 
1

CcT,t)=s. {t)P. 
1

Cct,T)+c. {t)P. (t) 
1.- l. l.- l. l. 

where 

can be viewed as the sine and cosine, 

single angle el.. (t)=sin-1 [k. (t)] which . l. 

Eqs. (17) 

respectively, of a 

characterizes the 

junction. FIG. 11 illustrates the Kelly-Lochbaum junction 

as· it applies to normalized waves. In FIG. 11, the multi­

pliers 8-1, 8-2, 8-3, and 8-4 multiply by the factors 
:a ; 2 ; 

[l-ki (t} 1 , -ki (t), {1-ki (t) l , and ki (t), respectively. 

In FIG. 11, ki(t) cannot be factored out to obtain a 

one-multiply structure. The four-multiply structure of 

FIG. 11 is used in the normalized ladder filter (NLF). 

Note that normalizing the outputs of the delay lines 

saves one multiply relative to the NLF which propagates 

normalized waves. However, there are other differences to 

consider. In the case of normalized waves, duals are easi­

er, that is, changing the propagation variable from pres­

sure to velocity or vice versa in the ith section requires 

no signal normalization, and the forward and reverse re­

flection coefficients are unchanged. Only sign-reversal is 
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required for the reverse path. Also, it' 
-----·'"'-;·- -··· 

the. case of• nor-

rnalized waves, the rms signal level is the same whe~her or 

not pressure or velocity is used. While a?pealing from a 

"balance of power" standpoint, normalizing all signals by 

their rrns level can be a disadvantage. In the case of no~­

malized delay-line outputs, dynamic range can be minimized 

by choosing the smaller of pressure and velocity as the 

variable of propagation. 

Transformer-Coupled Waveguides 

Still another approach to the normalization of 

time-varying waveguide filters is perhaps the most conve­

nient. of all. So far, the least expensive normalization 

technique is the normalized-waveguide structure, requiring 

only three multiplies per section rather than four in the 

normalized-wave case. Unfortunately, in the nor-

malized-waveguide case, changing the characteristic imped-. 

ance of section i results in a changing of the reflection 

coefficients in both adj a cent scattering junctions. Of 

course, a single junction can be modulated in isolation by 

changing all downstream characteristic impedances by the 

same ratio. But this does not help if the filtering net­

work is not a cascade chain or acyclic tree of waveguide 

sections. A more convenient local variation in charac-

teristic impedance can be obtained using transformer 

coupling. 

differing 

nal power 

out that 

A transformer joins two waveguide sections of 

characteristic irnoedance in such a wav that sig-. -
is preserved and no scattering occurs. It turns 

filter structures built using the t~ansform-

er-coupled waveguide are equivalent to those using the nor­

malized-wave junction described in the previous subsection, 

but one of the four multiplies can be traded for a~ addi­

tion. 

From Ohm's Law and the power equation, an i:npedance 

discontinuity can be bridged with no power change anc no 

scattering using the following relations: 
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Therefore, the junction equations for a transformer can be 

chosen as 

+ + p . =g . ( t} p . 1 
l. l. l.-

Eqs. (19} 

- -1 -P. 
1
=g. (t)P. 

i- . l. l. 

where,,from Eq. (14) 

= [ (l+ki (t)) I (1-ki (t) 1 ~ 

Eq. ( 20) 

The choice of a negative square root corresponds to a 

gyrator. The gyrator is equivalent to a trans:ormer in 

cascade with a dualizer. A dualizer is a direct implemen­

tation of Ohm's law (to within a scale factor) where the 

forward path is unchanged while the reverse path is negat­

ed. On one side of the dualizer there are pressure waves, 

and on the other side there are velocity waves. Ohm's law 

is a gyrator in cascade with a transformer whose scale fac­

tor equals the characteristic admittance. 

The transformer-coupled junction is shown i~ 

In FIG. 12, the multipliers 8-1 and 8-2 multiply 

and l/q.(t) where g.(t) equals {Z.(t)/Z. 
1

tt>J'. 
l. l. l. l.-

junction can be modulated, even in arbitrary 

FIG. 12. 

bv (". (t) 
• -:ii 

A single 

network 

topologies, by inserting a transformer immediately ~o the 

left (or right) of the junction. Conceptually, the charac­

teristic impedance is not changed over the delay-line 
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portion of the waveguide section; inst~ad it is ch~nged to 

the new time-varying value just before foe:- afterJ it maets 

the junction. When velocity is the wave variable, the co-
-1 

efficients gi (t) and gi LtJ in FIG. 12 are swapped (or in-

verted) . 

So, as in the normalized waveguide case, the two extra 

multipliers 8-1 and 8-2 of FIG. 12 provide two extra multi­

plies per section relating to the unnormalized 

(one-multiply) case, thereby achieving time-varying digital 

filters which do not modulate stored signal energy. More­

over, transformers enable the scattering junctions to be 

varied independently, without having to propagate 

time-varying impedance ratios throughout the waveguide net­

work. 

In FIG. 13, the one-multiply junction 26' -i _includes 

three adders 7-1, 7-2, and 7-3, where adder 7-3 functions 

to subtract the second rail signal, P~(t), from the first· 
- l. 

rail signal, [P: 
1

(t-T)][g.{t)). Junction 26'-i also in-
i- 1 

eludes the multiplier 8 which multiplies the output from 

adder 7-3 by k. (t). FIG. 13 utilizes the junction of FIG. 
l. 

12 in the form of rnul ti pliers· 8-1 and 8-2 which multiply 

the first and second rail signals by g. (t) and l/gi(t), 
1 . 

respectively, where g. (t) equals [(1-k. (t})/(l+kl.. (t)}]~. 
1 l. 

It is interesting to note that the transformer-coupled 

waveguide of FIG. 13 and the wave-normalized waveguide 

(shown in FIG. 11) are equivalent. One simple proof is to 

start with a transformer and a Kelly-Lochbaum junction, 

move the transformer scale factors inside the junction, 

combine terms, and arrive at FIG. 11. The practical impor­

tance of this equivalence is that the normalized ladder 

filter (NLF} can be implemented with only three multiplies 

and three additions instead of four multiplies and two ad­

ditions. 

The _limit cycles and overflow oscillations are easily 

eliminated in a waveguide structure, which precisely simu­

lates a sampled interconnection of ideal transmissions line 

sections. Furthermore, the waveguide can be transformed 
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into all well-known ladde:- and lattice filter struct.ur.es 

simply by pushing delays around to the bottom C'ail in· the 

special case of a cascade, reflectively termi:ia~ed 

waveguide network. Therefore, aside from speci:ic 

round-off error and time skew in the signal and filter co­

efficients, the samples computed in the waveguide and ~he 

samples computed in other ladder/lattice filters are iden­

tical (between junctions) . 

The waveguide structure gives a precise implementation 

of physical wave phenomena in time-varying media. This 

property is valuable in its own right for simulation pur­

poses. The present invention permits the delay or advance 

of time-varying coefficient streams in order to obtain 

physically correct time-varying waveguiae (or acoustic 

tube) simulations using standard lattice/ladder structures. 

Also, the necessary time corrections for the traveling 

waves, needed to output a simulated pressure or velocity·, 

are achieved. 

Waveguide Networks with Non-Linear Junction - FIG. 14 

In FIG. 14, a plurality of waveguides 53 are intercon­

nected by a non-linear junction 52. In the particular em­

bodiment of FIG. 14, the junction 52 has three ports, one 

for each of the waveguide networks 53-1, 53-2, and 53-3. 

However, junction 52 can be an N-port junction intercon­

necting N waveguides or waveguide networks 53. The control 

variable register 51 provides one or more control variables 

as inp~ts to the junction 52. In FIG. 14 when only a sin­

gle waveguide is utilized, the single waveguide becomes a 

special case, single-port embodiment of FIG. 14. Single 

port examples of the FIG. 14 structure are described here­

inafter in connection with reed instruments such as 

clarinets or saxophones. Multi-port embodiments of the 

FIG. 14 structure are described hereinafter in connection 

with stringed instruments such as violins. A multi-port 

variation of the FIG. 14 structure is also described here-

inafter in connection ~ith a reverberator. Many other 
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instruments not described in detail ca:i. also be simulated 

in accordance wi -:h the present invent.ion. For e:i:.J.mple, 

flutes, organs, recorders, basoons, oboes, all brasses, and 

percussion instruments can be simulated by single or mul­

ti-port, linear or non-linear junctions in combination with 

one or more waveguides or waveguide networks. 

Waveguide with Non-Linear Terminatinq Junction - FIG. 15 

In FIG. 15, a block diagram representation of a 

waveguide 53 driven by a non-linear junction 52 is shown. 

The non-linear junction 52 provides the input on the first 

rail 54 to the waveguide 53 and receives the waveguide out­

put from the second rail on lines 55. A control variable 

unit 51 provides a control variable to the non-linear junc­

tion 52. The FIG. 15 structure can be used as a musical 

instrument for simulating a reed instrument in which case 

the control variable unit 51 simulates mouth press~re, that· 

is the pressure drop across a reed. The non-linear junc­

tion- 52 simulates the reed and the waveguide 53 simulates 

·the bore of the reed instrument. 

Non-Linear Junction - FIG. 16 

FIG. 16 depicts further details of a non-linear junc­

tion useful in connection with the FIG. 15 instrument for 

simulating a reed. The control register input on lines 56 

is a control variable, such as mouth pressure. The control 

variable forms one input (negative} to a subtracter 57 

which receives another input (negative) directly from the 

most significant bits of the waveguide second rail on lines 

55. The subtracter 57 subtracts the waveguide output on 

lines 55 and the control variable on lines 56 to provide a 

9-bit address on lines 69 to the coefficient store 70 and 

specifically the address register 58. The address in reg­

ister 58 provides the address on lines 68 to a table 59 and 

to a multiplier 62. The table 59 is addressed by the ad­

dress, x, from address register 58 to provide the data, 

g(x), in a data register 61. The contents, g(x), in the 
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data register 61 are multiplied by the address~ x, f~om.ad­

dress register 58 in multiplie= 62 to prov·ide· an output, 

x*g {x) in the multiplier register 63 which is ec;ual t.o 

f (x}. The output from the multiplie= register 63 is added 

in adder 64 to the control variable to provide the :irst 

rail input on lines 54 to the waveguide 53 of FIG. 15. 

In FIG. 16, table 59 in one embodiment stores 512 

bytes of data and provides an 8-bit output to the data reg­

ister 61. The multiplier 62 provides a 16-bit output to 

the register 63. The high order 8 bits in register 63 are 

added in saturating adder 64 to the 8 bits from the vari­

able register 51' to provide a 16-bit output on lines 54. 

Similarly, the high order 8-bits from the 16-bit lines 55 

are subtracted in subtracter 57. 

The contents of the table 59 in FIG. 16 represent corn-. 
pressed data. If the coefficients required are f (x) from 

the compressed table 70, only a fewer number of values, 

g(x), are stored in the table 59. The values stored in ta­

ble 59 are f (x) /x which are equal to g (x). If. x is a 

16-bit binary number, and each value of x represents· one 

8-bit byte of data for f {x), table 59 is materially reduced 

in size to 512 bytes when addressed by the high-order 9 

bits of x. The output is then expanded to a full 16 bits 

by multiplication in the multiplier 62. 

Further compression is possible by interpolating val­

ues in the table 59. Many table interpolation techniques 

are well known. For example, linear interpolation could be 

used. Interpolation can also be used to compress a table 

of f (x) values directly, thus saving a multiply while in­

creasing the needed table size, for a given level of rela­

tive error. 

Other examples include a double look-up, address nor­

malization, root-power factorization, address and value 

quantization, address mapping to histogram. Other com­

pression techniques can be employed. 
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In FIG. 17, further details of a sc:hematic repres.em:.a­

tion of the waveguide 5 3 are shown. The waveguide .5 3·. i:l­

c ludes a first rail receiving the input on lines 54 and 

comprising a delay 65. A terminator 67 connects the delay 

65 to the second rail delay 66 which in turn provides the 

second rail output on lines SS. 

In an embodiment where the FIG. 16 signal processor of 

FIGS. 16 and 17 simulates a reed instrument, the terminator 

67 is typically a single pole low-pass filter. 

To simulate clarinet tone holes, a three-port scatter­

ing junction is introduced into the waveguide. Typically, 

the first three or four adjacent open tone holes partici­

pate in the termination of the bore. 

In FIG. 17, the terminator 67 includes a multiplier . 
74, an inverting low-pass filter 72 and a DC blocking cir-. 

cuit 73. The multiplier 74 multiplies the signal on line 

75 from the delay 65 by a loss factor g 1 where g 1 is typi-
-4 cally 1-2 = 0.9375 for a clarinet. The output from the 

multiplier 7 4 is designated y 
1 

(n) where n is the sampled 

time index. The output from the low-pass filter 72 is des­

ignated y 2 Cn}, and the output from the DC blocking unit 73 

is designated y
3

(n). 

For a clarinet, the low-pass filter 72 has a transfer 

function H12 (Z) as follows: 

-1 H12 tz) = -(l-g)/(1-gZ ) 

Therefore the signal y
2 

(n) output from the low-pass 

filter 72 is given as follows: 

In the above equations, g is a coefficient which is 

typically determined as equal to 1-2-k where k can be any 

selected value. For example, if k is 3, g is equal to .875 
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and g equal to O. 9 is a typical value. As af'lot~er e·xanl'ple, 
-3 -s 

1-2 +2 = 0.90625. 

In FIG. 1 7, the trans f e:- function, H
2 3 

{ z J , o: the DC 

blocking circuit 73 is given as follows: 

With such a transfer function, the output signal y
3

(n) 

is given as follows: 

In simulations, the value of r has been set to zero. 

In actual instruments, DC drift can cause unwanted numer­

ical overflow which can be blocked by using the. DC '!?lock 
' 

unit 73. Furthermore, when using the compressed table 70 

of FIG. 16, the error terms which are produced are relative 

and therefore are desirably DC centered. If a DC drift oc­

curs, the drift has the effect of ~mphasizing unwanted er­

ror components. Relative signal error means that the ratio 

of the signal .error to signal amplitude tends to remain 

constant. Therefore, small signal values tend to have 

small errors which do not significantly disturb the intend­

ed operation. 

In FIG. 17, for a clarinet, the delays 65 and 66 are 

typically selected in the following manner. One half the 

desired pitch period less the delay of the low-pass filter 

72, less the delay of the DC bloc_k in unit 73, less the de­

lay encountered in the non-linear junction 52 of FIG. 16. 

When a saxophone is the reed instrument to be simulat­

ed by the FIG. 16 and FIG. 17 devices, a number of changes 

are made. The non-linear junction of FIG. 16 remains the 

same as for a clarinet. However, the waveguide netwo=k 53 

of FIG. 15 becomes a series of cascaded waveguide sec~ions, 

for example, of the FIG. 4 type. Each waveguide· section 

represents a portion of the bore of the saxophone. Since 

the bore of a saxophone has a linearly increasing diameter, 
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----··----' each waveguide section simulates a cylinC.riqal S'i!ctioo of 

the saxophone bore, with the waveguide sect~on5 represent­

ir.g linearly increasing diameters. 

For a saxophone and other inst~uments, it is usefal it 

have a non-linear bore simulation. Non-linearity results 

in excess absorption and pressure-dependent phase velc.aity. 
In order to achieve such non-linear simulation in ac.co::r-

dance with 

the delays 

8, each of 

the present invention, one 

in the waveguide structure 
-2T the delays, Z , includes 

method is 'to Cbdify 

of FIG. 8. rt FIG. 

two uni ts of delay. 
ln order to introduce a non-linearity, one of the t~o ani.t.s 

of delay is replaced by an all-pass filter so that tbe ae­
-2T lay D changes from Z to t.he following: 

With such a delay, the output signal, y 2 (n} is :-·-=­

in terms of the input signal, y
1 

(n) as follows: 

In the above equations, in order to in trod"Qce. the 

non-linearity, the term h is calculated as a £\.::.net.Lac of 

the instantaneous pressure in the waveguide, which. Ls the 
sum of the travelling-wave components in the first ~ail and 

the second rail. For example, the first rail sigoal i..apat 
+ to the delay, y
1 

{n) 

and then utiliz~d by 

is added to second rail signal r
1 

a 

table look up or otherwise tc'J ge:mcate 

some function for representing h as follows: 

h= f[y~(n) +y~(n)J 

The delay of the first-order all-pass as a ftJCctl.on of 

h can be approximated by (1-h) I (l+h) at low freqi;eacias 

relative to the sampling rate. Typically, h is bet•een 1-e 

and 0 for some small positive E: (the stability margi..o . 
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Using the principles described, simulation of a 
non-linear waveguide medium (such as air in a clarinet bore) 
is achieved. For clarinet and other instruments, the bore 

which is modeled by the ~aveguides includes tone holes that 

are blocked and unblocked to change the pitch of the tone 

being played. In order to create the equivalent of such 

tone holes in the instruments using waveguides a three-port 

junction can be inserted between cascaded waveguide 

sections. One port connects to one waveguide section, 

another port connects to another·waveguide section, and the 

third port is unconnected and hence acts as a hole. The 

signal into the third port is represented as p+ and this 
3 

signal is equal to zero. The radiated signal from the third 

port, that is the radiated pressure, is denoted by Pj. The 

three-port structure for the tone hole simulator is 

essentially that of FIG. 14 without the waveguide 53-3 and 

without any control variable 51 input as indicated by 

junction 52 in FIG. 14. The junction 52 is placed as one of 
; 

the junctions, such as junction 26-i in FIG. 4. With such a 

configuration, the junctions pressure PJ, is given as 
follows: 

3 + 
PJ = I: a.P. 

i=l J. J. 

where, 

a. = 2ri/(r 1 
+ r + r 3 > , 

J. . 2 

r. =characteristic admittance in ith waveguide 
l. 

+ 
P. = PJ - P. 

J. l 

+ + + + 
PJ = 0 lpl + a p = 0 1p1 + ( 2 - a - a3)P2 r2 1 
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Pj = PJ - P; = PJ (tone hole output} 

Let, r 3 = 
<rl + r2)/2, open hole 

O, closed-Role 

Then, 

= 11, open hole 
a3 O, closed hole 

= 11-a1 , open hole 
a2 

2-a 1 , closed hole 

Then, with P+ = P+ - P+ we obtain the one multiply 
6. 1 2' -

tone-hole simulation: 

In a smooth bore, r
1 

= r
2 

= r and r
3 

= sr, where a is· 

··the cross-sectional area of the tone _hole divided by the 

cross-sectional area of the bore. For a clarinet, s=0.102 

and for a saxophone, s=0.436, typically. So we have: 

sr, open 
r 3 b. sr = 

= O, closed 

Then, 

al= a2 = 2r/(2r+sr> = 2/(2+s) ~a 

ci 3 = 2s/ (2+sl = so., 

There is now a single parameter 
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121 (2+S), open 

11, closed 

tone hole simulation is 

= ( 'P + + P+) (if open) a · 1 2 

given by 

pl p+ + + p+ (if closed) = PJ = aP
2 + (a-l)Pl = 2 2 

Summary: 

0.95, clarinet 
a = 

0.821, saxophone 

r3 = sr 

PJ 
+ P+) = a(Pl + 

2 

pl = PJ 
p+ 

l 
------- ··----·-···-----, 

REpr A,.,, .. ., r·;·, , .. ,, ">J,.,,..'T, I 
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p2 = PJ - p+ 
2 

• 
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21 (2+S) I open 
a = 

1, closed 

a = bore radius 

b = hole radius 
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s = = 10.102, 

lo.436, 

a= (2a 2}/(2a2+b2) 

a = 1 - hole closed 

clarinet: 

saxophone 

hole open 

PJ is radiated away spherically from the open hole with a 

(l/R) amplitude attenuation. 

Reed Simulation 

In FIG. 23, a graph is shown representing the data 

that is typically stored in the table 59 of FIG. 16 for a 

reed instrument. The output signal R-(n) on line 54 is as· 

follows: 

The control variable input on line 56 

the input on line 68 to the table 59 is 

is P ( n) I 2 and m 

(P~) /2 = (R+ (n) - Pm (n) /2) 

where R+(n) is the signal sample on line 55 of FIG. 16. 

The table 59 is loaded with values which, when 

graphed, appear as in FIG. 23. The curve 92 in FIG. 23 has 

a maximum value of one and then trails off to a minimum 

value of zero. The maximum value of one occurs between 
+ + 

(PA . } / 2 and ( P , ) I 2 • ,min ~,c 

the closure of the reed. 

+ The value (PA )/2 corresponds to 
+ ,c + 

F rem ( P... ) / 2 to (Pt. ax ) '/ 2 the 
~,c ,m 

.. curve 9 2 decays gradually to zero. The equation for the 

curve 92 is given as follows, 

Curve 
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where 2. = l, 2, 3, 

The output from the table 59 is the variable k as giv­

en in FIG. 23, that is, 

k = k[ {P~) /21 

Bowed-String Simulation 

In FIG. 2 4, a graph is shown representing the data 

that is typically stored in the coefficient table 59 of the 

signal table 70 (see FIG. 16) of FIG. 18. The output 

signals V- 1 on line 54 and V on line 49 are as follows: s, s,r 

V = k(V:) s,l u 

v = ktv"!"> s,r u 

The control variable input on line 56 is bow velocity, 

Vb, and th~ input on line 68 to the table 59 is 

v+ = v - (V+ + v+ > 
6 b s,l s,r 

where V+ 
1 

is the signal sample on s, 
line 55 and V+ is s,r 

signal sample on line 50 of FIG. 18. 

The table 59 is loaded with values which, when 

graphed~ appear as in FIG. 24. The curve 93 in FIG. 24 has 

a maximum value of one and then trails off to a minimum 

value of zero to the left an_d right symmetrically. 
. 1 f + + maxunum va ue o one occurs between -VA and +VA . 

+ + ,c ,c 
{V~,c) to (VA,max> the curve 93 decays gradually to 

The equation for the curve 93 is given as follows, 

Curve = [ (V+ V+) I (V+ - V+ ) ] £. 
~,max - A A,max A,c 

where 2. = l, 2, 3, ..• 

.The 

From 

zero. 

The output from the table 59 is the reflection 

coefficient k as given in FIG. 24, that is, 



------------------------·----

- 34 -

k=k[(V~)] 

Comoressed Table Variations 
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The compressed tabk_ 59 of FIG. 16 containing 

g (x) =f (x) /x is preferable in that quantization errors are 

relative. However, alternatives are possible. The entire 

table compressor 70 of FIG. 16 can be replaced with a sim­

ple table. In such an embodiment, the round off error is 

linear and not relative. For linear errors, the error-to­

signal ratio tends not to be constant. Therefore, for 

small signal amplitudes, the error tends to be significant 

so that the error may interfere with the intended op­

eration. In either the table compressor embodiment 70 of 

FIG. 16 or a simple table previously described, the tables 

can employ compression techniques.such as linear, Lagrange 

and quadratic interpolation with satisfactory results. In 

a linear interpolation example, the curve 92 of FIG. 23: 

would be replaced by a series of straight line segments 

thereby reducing the amount of data required to be 

maintained in the table. 

Also table 59, address register 58 and data register 

61 of FIG. 16 each have inputs 94, 95 and 96 from processor 

85 (FIG. 22). 

The inputs from processor 85 function to control the 

data or the access of data from the table 59. 

Modifications to the data in the table can be employed, for 

example, for embouchure control for reed synthesis. 

Similarly, articulation control for bowed-string synthesis 

is possible. In one example, the address register 58 has 

high order address bits, bits 10 and 11, which are supplied 

by lines 95 from the processor. In this manner, the high 

order bits can be used to switch effectively to diff~rent 

subtables within the table 59. This switching among 

subtables is one form of table modi f ica ti on which can be 

used to achieve the embouchure and articulation 

modifications. 
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Non-Linear Junction with Plural Wavequide·s - FI:G. 18 

In FIG. 18, further details of another example of a 

non-linear junction is shown connected between a first 

'Waveguide 7 6 

junction 78 

register 51' 

and a second-waveguide 77. The non-linear -

receives an input from the control variable 

and .. provides inputs to the waveguide 76 on 

lines 54 and receives an output on lines 55. Also the 

non-linear junction 78 provides an output to the waveguide 

77 on lines 49 and receives an input on lines SO. 

In FIG. 18, the non-linear junction 78 includes an 

.adder 57 receiving as one input the control variable from 

the control variable register 51' on lines 56. The other 

input to the subtracter 57 is from the difference register 

79 which in turn receives an output from an adder 80. The 

adder 80 adds the inputs on lines SS. from the waveguide 76 

and lines 50 from the waveguide 77. 

The output from the subtracter 57 on lines 68 is input 

to the table c;ompressor 70. The table compressor 70 of 

FIG. 12 is like the table compressor 70. of FIG. 10 and pro-
;.· 

vides an output on lines 69. The output on lines 69 con-

nects as one input to each of the adders 81 and 82. The 

adder 81 receives as the other input the input from lines 

50 from the waveguide 77 to form the input on lines 54 to 

the first waveguide 76. The second adder s·2 receives the 

table compressor signal on lines 69 and adds it to the in­

put from the first waveguide 76 on lines 55. The output 

from adder 82 connects on lines 49 as the input to the sec­

ond waveguide 77. 

In FIG. 18, the waveguide 76 includes the top rail de­

lay 65-1 and the bottom rail delay 66-1 and a terminator 

67-1. 

Similarly, the second -waveguide 77 includes a top rail 

delay 65-2 and a bottom rail delay 66-2 and a terminator 

6i-2. 

In the case of a violin in which the long string por­

tion is approximately one foot and the short string portion 

is one-fifth of a foot, the waveguides of FIG. 18 are as 
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follows. The terminator 67-1 is mere l)' an. iqverter which 

changes the sign of the fi.~s~ rail value from delay 65-1 
going into the delay 66-1. For example, the changing the 
sign is a 2' s complement operation in digital arithmetic. 
Each of the delays 65-1 ·and 66-1 is the equivalent of about 
fifty samples in length for samples at a 50 KHz frequency. 
The terminator __ 67-2 in the waveguide 77 is typically ten 
Sal!lples of delay at the 50 KHz sampling rate. The termina­

tor 67-2 can be a single pole low-pass filter. Alterna­
tively, the terminator can be a filter having the 
empirically measured bridge reflectance cascaded with all 
sources of attenuation and dispersions for one round trip 
on the string. 

Reverberator - FIG. 19 

One lossless reverberator is augmented as shown in 
FIG. 19 by one or more simple loss factors (typically of 

the-form 1-2-n) in waveguides 30 to set the reverberation ... 
decay times to any desired values. The time, T60 , over 
which the reverberation decays 60 dB is arbitrary. This 

decoupling of reverberation time from structure incurs no 

loss of generality in the present invention. 

Some of the waveguides 30 of the network are de­
termined to give specific early reflections, while others 

are chosen to provide a desirable texture in the late 
reverberation. An optimality criterion for the late 
reverberation is to maximize homogeneity of the impulse re­
sponse by making it look like exponentially decaying white 
noise. 

The waveguide networks allow 
every signal path to appear as a feedback branch around ev­

ery other signal p~th. This connectivity richness facili­
tates development of dense late reverberation. Further­
more. the energy conse::ving properties of t.he waveguide 
networks can be maintained in the time-varying case ....,hich 

allows the breaking up of unwanted patterns in the late 



- 37 -
I -------·-._; 

reverberation by subtly changing the raverberator in a way 

that does not modulate the reverberation decay p:::-of.ile. 

Finally, the explicit conservation of signal energy pro­

vides an easy way to completely suppress limit cycles and 

overflow oscillations. 

In FIG. 19, one typical waveguide reverberator is 

shown including five waveguides {branches) formed by the 

waveguides 30-1, 30-2, •.• , 30-5. The waveguides 30 are 

connected to junctions 31 and 32. The waveguides 30-1 

through 30-5 have first rail inputs 33-1 through 33-5, re­

spectively, have first rail outputs 35-1 through 35-5, re­

spectively, have second rail inputs 36-1 through 36-5, re­

spectively, and have second rail outputs 34-1 through 34-5, 

respectively. The first rail outputs 3 5-i, where i has 

values.from l to 5, includes the output signals aiPl, for i 

= l through 5. The outputs 35-i each connect to the sum­

ming node 31. Summing node 31 is an adder which adds· all· 

of the a. P: signals to form the junction pressure signal 
l. l. . 

PI .. The PI signal connects in common to each of t~e second 

rail inputs 36-1 through 36-5. The PI signal at terminal 

20 is typically used to provide an output from the 

reverberator of FIG. 19. In FIG. 19, the input 18 is typi­

cally connected to at least one of the waveguides 30 such 

as waveguide 30-5. 

In FIG. 19, the waveguides 30-1 through 30-5 provide 

the second rail outputs 34-i for i = 1 to 5. The outputs 

34-i provide the signals a.R: which in turn connect as in-
l. l. 

puts to the sununing node 32. The summing node 32 sums all 

of the signals aiR1 to form the node signal R1 at terminal 

19. A second output is typically taken from terminal 19. 

Additionally, the RI signal from summing node 32 connects 

in common to all of the first rail inputs 33-1 through 

33-5. 

Reverberator Waveguide - FIGS. 20 and 21 

In FIG. 20, further details of the waveguides 30 of 

FIG. 19 are shown. Typically, each of the waveguides 30 in 
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FIG. 19 includes an R junction 37, a_ los:sless. waveg':lide ~S, 

a loss unit 39 and a P junct~on 40. 

In FIG. 21, further details of the typical waveguide 

of FIG. 20 are sho"""11. Ttle R junction 37 includes a sub­

tracter 
+ tracts R. 
l. 

41 and a multiplier 42. The subtracter 41 sub­

from the RI signal to provide the R~ signal on 

The multiplier 42 multiplies the R: times a gain line 43. 

factor, 

terminal 

- l. 
a., to provide the signal a. R: signal at output 

l. l. l. 

34-i. 

The lossless waveguide 38 includes a lossless delay 45 

and a lossless delay 46. The delay 45 delays by a delay, 

N. With the signal input to the delay on line 43 e9ual to 

Ri ( t} , the delayed output signal on line 4 7 is equal to 

Ri {t-N) • _Similarly the delay 46 delays the input signal 

Pi(t) by N to form the delayed signal on line 44 equal by 

definition to Pi(t-N), which is equal to the R1(t) signal. , 

In FIG. 2·1, the loss ·unit 39, ·­

includes a multiplier 24. Multip~ier 24 multiplies 

the signal on line 4 7 by t to provide on the ou:t:put the 
+ ; -

P. (t) signal equal to ~R. (t-N}. While the loss circuit in 
l. . l. 

the form of multiplier 24 has been inserted in the line 47, 

the loss circuit may alternatively be placed also in· any 

one or more of the lines 43, 44, 47 or 48. 

In FIG. 21, the P junction 40 typically includes a 

subtracter 21 and a multiplier 22. The subtractor 21 re­

ceives the P: signal and subtracts it from the junction 
J. 

pressure signal PI to produce the P~ signal. Multiplier 22 
+ l. + 

multiplies the P. signal by a. to form the a.P. ~ignal. 
l. l. l. l. 

In summary, the reverberator of FIGS. 19-21 consists 

of waveguides 30-1 through 30-5 connected together to form 

an arbitrary network. The waveguides 30-1 through 30-5 can 

be referred to as "branches" and their points of inter­

section 31 and 32 as "junctions" or "nodes". 

Reflections are c~eatea by a mismatch between the ad­

mittances r . of the int.er secting 'Waveguides. The ad.mi t­
i 

tance is the inverse of the characteristic impec:Ianc~ Zi · 

Setting the waveguide ad.mi ttances all equal is acceptable 
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as long as the waveguide delays N. are· different. E'qual 

l. 

characteristic admittances means that when a signal comes 

into a junction of waveguides, it will be split equally in­

to all outgoing waveguid~. In the reverberator of FIG. 

19, equal characteristic admittances result in a.=
2

/S for 
l. 

all i. Choosing a power of Z for the number of branches 

means a. is a power of Z and can therefore be implemented 
l. 

in binary arithmetic by means of a shift operation. 

If a waveguide with small admittance connects to a 

waveguide of much higher admittance, the pressure wave will 

be partially reflected with a sign reversal. In the limit: 

a pressure wave is completely reflected with a sign 

reversal when it encounters an ad.mi ttance which is infi­

nitely larger than the one in which it was traveling; 

a , pressure wave is completeiy reflected with no sign 

reversal when it encounters an admittance which is infi­

_nitely smaller than the one in which it was traveling; 

a pressure wave is not reflected at all. (complete 

transmission) when it encounters an admittance which is the 

same as the one in which it was traveling in, the 

"matched-impedance" case. 

Time-Varying Reverberation 

The effect of amplitude modulation of a waveguide ad­

mittance is to vary the admittance away from its original 

value. In order for the network to remain lossless, the 

sum of incoming scattering coefficients {ai of Eq. (2)] must 

equal 2. Let ri(t) denote the time-varying branch admit­

tances. Then from Eq. (2) 

N 
a.(t)=(2f.(t))/( I: r.(t)) 

i i . 1 l. 1= 

N 
and t a. (t)=2 at all times. 

. 1 1 1= 

The objective is to vary a. (t) in a complex waveguide net­
. l. 

work such that 
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N N 
I: a. (t)=2 and a. (t)=2f. (t)/I: r: (t) 

i=l l. 1. l. i=l i 

for some waveguide admitta.nce values r. (t). 
l. 

The easiest case is the two-junction network such as 

shown in FIG. 19. In this case, the a. (t) are identical at 
l. 

the two junctions. 

One time-varying reverberation technique in the 

two-junction case is to vary the r. such that 
1 

N 
I: r.=c for some constant c. Then 

i=l 1. 

N 
a: (t)=2f. (t)/c, and I a. (t)=2 as c. Then 

1. 1. i=l l. 

N 
a.(t)=2r. (t}/c, and Ea. (t}~2 

l. 1. • 1 l. 
l.= 
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as required for losslessness of the network. A special 

case is where r .+r .=c. in pairs. Another method for the 
1. J l. 

time varying case is, at each junction, to provide one "re-

flection-free port" (RFP) . Such a port is created when the 

admittance of one waveguide (that connected to the RFP) is 

equal to the sum of the admittances of all other waveguides 

meeting at that junction. In this implementation, the 

waveguide of the RFP has admittance 1, and it does not vary 

with time. We call this a "special" waveguide. Since ev­

ery waveguide must connect to exactly two junctions, a spe­

cial waveguide provides a RFP at two different junct;ions 

simultaneously. (A special waveguide is not very useful as 

a self-loop at some junction due to the next constraint.) 

Given a reflection-free port caused by a special 

waveguide of admittance 1, 

waveguide admittances is 1. 

to the reflection-free port 

the sum of the remaining 

Since the waveguide connected 

is time-invariant, the sum of 

all time-varying admittances will be 1. 
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A simple method for time-varying reverberatiori using a 

RFP is to pair off the time-varying waveguides so that 

their admittances sum to 1 in pairs. This pairing is handy 

because a pair is the smallest number of mutually con­

strained waveguides that can be arranged. When there are 

more than two node.s (junctions} , simple complementary pa~r­

ing of time~~arying junctions may be difficult. 

Musical Instrument - FIG. 22 

In FIG. 22, a typical musical instrument, 

that is signal processor, according to the present 

invention is shown. In FIG. 22, a processor 85, such as a 

special purpose or general purpose computer, generates a 

digital signal representing the sound to be produced or a 

control' ~ariable for a synthesizer. Typically, the proces­

sor 85 provides an address for a random access memory such 

as memory 86. ·Memory 86 is addressed and periodically pro­

vides a digital output representing the sound or control 

variable tp be generated. The digital sampie from the mem­

ory 86, typically at a sampling rate T {usually near s 
SOKHz} , is connected to the waveguide unit 87. Waveguide 

unit 87 processes the digital signal in accordance with the. 

present· invention and provides an output to the digi­

tal-to-analog (D/Al converter 88. The converter 88 in turn 

provides an analog output signal through a filter 89 which 

connects to a ~peaker 90 and produces the desired sound. 

When the signal processor of FIG. 22 is a reed instru­

ment, the structure of FIGS. 15, 16 and 17 is typically em­

ployed for waveguide unit 87. In FIG. 15, the control 

variable 51 is derived from the processor 85 and the memory 

86 of FIG. 22. The structure of FIGS. 15, 16 and 17 for a 

clarinet uses the FIG. 17 structure for waveguide 53 with a 

simple inverter ( -1) for te::::inina tor 6 7. For a saxophone, 

the waveguide 53 is more complex, like FIG. 4. 

When the signal processor of FIG. 22 is a bowed-string 

instrument, the ~aveguide unit 87 in FIG. 22 typically.em­

ploys the structure of FIG. 18. The control variable input 
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to register 51' of FIG. 18 comes fr..::>m the memc:i::y BC of FIG. 

22. The 

derived 

output from 

from a number 

the waveguide 

of different 

unit of FIG. 18 is 

points, for example, 

from the terminals 54 ana-ss for the waveguide 76 or from 

the terminals 49 and 50 from the waveguide 77 of FIG. 18. 

In one typical ··output operation, an adder 71 adds the 

signals app~aring at terminals 49 and SO to provide an in-
·.·· 

put at terminal 20 to the D/A converter SS of FIG. 22. The 

sum of the· signals in adder 11 corresponds to the s"t:ring 

velocity at the location of the bow on the instrument. 

When re.ed and other instruments are employed, it has 

been found useful to introduce white noise summed with the 

control variable.input to register 51' of FIG. 16. Addi­

tionally, .. the introduction of tremolo and other musical ef­

fects 'into the control variable enhances the quality of the 

sound produced. 

When the waveguide unit 87 of FIG. 22 is a digital 

reverberator, the waveguide of FIG. 19 is typical with the 

parameter.s ·.of TABLE 1. 

Attention is directed to EP-A-0248527 from which the 

·present invention is divided and which contains claims 

directed to the reverberation systems described above per ~· 

REPLACEMENT SHEET 
--........ ::r-
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TABLE 1 

NlTs = 5 ms. 

N2Ts = 17 ms. 

N°JTs = 23 ms. 

N4Ts = 67 ms. 

NS Ts = 113 ms. 
T = 20 microseconds s 
e: = 0.9 where I e: I s1 

5 
t a. = 2 (lossless condition) 

i=l l. 

where Osa.is2 
For_ time-varying reverberation: 

°' 1 
= 1 

a2 = 61/2 

0.3 = {l-s
1

>12 

Oss1sl 
REPLACEMENT SHEET 0.4 =· s /2 - 2 

Os-s 2sl 
2 6 FEB 1997 

°'s = n-s2> 12 

--~.___. 
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CLAIMS: 

1 . A real time ton~ generation system characterised 

by: 

means (51) for providing a variable control signal 

for initiating and thereafter controlling generation of a 

tone; 
wave transmission means (53) for transmitting wave 

signals, the wave transmission means including an input and 

an output, a first signal path for receiving signals from 

the input, a second signal path for providing signals to the 
output, the first signal path being coupled to the second 

signal path, and delay means (65,66) in at least one of the 

signal paths for delaying signals; 

junction means (52) having a first input (56) for ~ 

receiving the control signal, a second input (55) for 

receiving a signal from the output of the wave transmission 
means (53) and an output (54) for providing a signal as the 

input to the wave transmission means which is a function of 

at least the value of the control signal and the value of 

the signal received from the output of the wave transmission 

means (53) so as to cause a tone signal to propagate in the 
wave transmission means (53}; and 

tone signal extracting means for extracting a tone 
signal from at least one of the wave transmission means and 
junction means. 

2. A tone generation system as claimed in claim 1 

including coupling means (67} for at least partially 

coupling signals from the first path to the second path. 

3. A tone generation system as claimed in claim 2 
wherein the coupling means includes means (73) for blocking 
d.c. signals. 
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4. A tone generation system as claimed in claim 2 or 
3 wherein the coupling means couples less than all of the 
signal from the first path co the second path. 

5. A tone generation system as claimed in claim 2, 3 
or 4 wherein said coupling means includes a low pass 
filter. 

6. A tone generation system as claimed in any of 
claim 2 to 5 wherein said coupling means includes means (72) 
for inverting signals. 

7. A tone generation system as claimed in claim 6 
wherein' the coupling means includes means (72) for filtering 
signals passing therethrough. 

8. A tone generation system as claimed in any of 
claims 2 to 7 wherein the coupling means includes gain 
control means for controlling gain of signals passing 
therethrough. 

9. A tone generation system as claimed in claim 8 
wherein the gain control means controls gain 1n accordance 
with ·a preselected tone colour. 

10. A tone generation system as claimed in any 
preceding claim wherein the junction means (52) includes 
conversion means for converting the signal from the second 
path in accordance with a conversion characteristic and 
switching means for selecting the conversion characteristic 
in accordance with the value of the control signal. 

1-----------
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11 . A tone generation system as claimed in any 
preceding claim wherein the junction means includes non­

linear conversion means whfCh receives the signal from the 

second path and converts it to the signal provided to the 

first path in accordance with a non-linear characteristic. 

1 2. A tone generation system as claimed in claim 11 

wherein the non-linear conversion means includes table means 

(59) for storing values representative of the non-linear 

characteristic and addressing means (58) for addressing the 

table means in accordance with the values of the control 

signal and the signal from the second path (55), wherein the 

output of the table means is employed to generate the output 

of the junction means. 

13. A tone generation system as claimed in claim 12 

wherein the addressing means (58) receives the control 

signal and the signal from the second path (SS) and 
addresses the table means (59) in accordance with the 
difference between the signals. 

14. A tone generation system as claimed in claim 12 
wherein the table means (59) stores compressed data and 
further including modification means (62) for modifying the 

compressed data read out from the table means to provide the 
output of the junction means. 

15. A tone generation system as claimed in claim 14 

wherein the table means stores data of a predetermined 

number of bits and wherein the modification means (62) 
includes means for operating on the output of the table 
means (59) to provide expanded data of a number of bits 

greater than the predetermined number of bits. 

REPLACEMENT SHEET 
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16. ·A real time tone generation system as claimed in 
any of claims 1 to 9 comprising: 

at least first and second wave transmission means 
(76,77), each including an input (54,49) and an output 
(55,50), a first signal path for receiving signals from the 
input, a second signal path for providing signals to the 
output, coupling means (67-1,67-2) for coupling signals 

from the first path to the second path, and delay means 
(65,66) in at least one of t~e signal paths for delaying 
signals propagating therethrough. 

17. A tone generation system as claimed in claim 16 
wher~in the junction means includes operating means for 
processing the signal ·at the second input as a function of 
the control signal to provide an operation result to the 
output of the junction means. 

18. A tone generation system as claimed in claim 17 
wherein the operating means includes adding means (80) for 
adding signals from the outputs of the first and second wave 
transmission means to provide an addition signal, the 
junction means providing at least one output ·signal whose 
value is a function of the control signal and the addition 
signal. 

19. A tone generation system as claimed in claim 18 
wherein the operating means includes subtracting means (57) 
for subtracting the addition signal from the control signal 
to obtain a subtraction signal, the junction means providing 
at least one output signal whose value is a function of the 
subtraction signal. 

R~PLACEMENT SHEET 
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20. A tone generation system as claimed in any of 
claim 16 to 19 wherein said junction means has a plurality 
of second inputs each of w1ITch is connected to the output of 
a wave transmission means, and a plurality of outputs each 
of which is connected to the input of a wave transmission 
means, the junction means providing outputs whose values are 
functions of the values of the control signal and the 
outputs of the wave transmission means, said control signal 
causing periodic signals to be generated and propagate in 
the wave transmission means. 

21. A tone generation system as claimed in claim 19 
further including table means (70) for providing an output 

from a ·predetermined table in response to the subtraction 
signal, the junction means providing outputs whose values 
are functions of the output from the table. 

22. A tone generation system as claimed in claim 21 

further including plural output adding means (81,82) each 
having an output to a wave transmission means (76,77), each 
adding means for adding the output from the table (70) with 
the output of at least one wave transmission means other 
than the one to which the output of the respective output 
adding means is connected, the outputs of the output adding 
means forming the outputs of the junction means. 

23. A tone generation system as claimed in any 
preceding claim wherein the coupling means includes means 
for introducing a loss into signals passing therethrough. 

24. A tone generation system as claimed in any 
preceding claim wherein there are two wave transmission 
means each providing a predetermined amount of delay in 
order to provide a desired frequency content in the musical ------
tone signal. Rr==~~,T 

~-··-j 
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\ \;-25. A tone generation system as claimed in any 

preceding claim wherein the system simulates a bowed s~ring 
instrument and wherein the control signal represents bow 

velocity. 

26. A tone generation system as claimed in claim 25 
including means for providing a control signal which varies 

with time to represent bow velocity. 

27. A real time tone generation system as claimed in 

any preceding claim wherein said wave transmission means 

comprises: 
a plurality of wave transmission sections each 

having a first end and a second end, a _first signal path for 

propagating signals from the first end to the second end and· 

a second signal path for propagating signals from the second 

end to the first end, wherein each wave transmission section 

includes at least one delay element in at least one of its 
signal paths and said junction means is connected to the 
first end of a first wave transmission section; and 

at least one cascade junction connected to a first 

end of one wave transmission section and a second end of 

another wave transmission section so as to interconnect the 
wave transmission sections in a cascade fashion, the or each 

cascade junction receiving signals from the wave 

transmission sections connected to it and partially 

transmitting the signals from one wave transmission section 
to the other wave transmission section and partially 

reflecting the signals back to the wave transmission section 

from which the signals were received; and 

coupling means are provided connected to the 
second end of a last wave transmission section for at ieast 

partially coupling signals from the first signal path to the 

second signal path of the last wave transmission section; 

and said tone signal extracting means are arranged to 
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extract a signal from at least one point in the cascaded 
wave transmission section and junction combination to 
provide a musical tone signal which is created and 
propagated within the wave transmission sections in response 
to the control signal. 

28. A tone generation system as claimed in claim 27 
including means for controlling the transmission and 
reflection characteristics of at least one additional 
junction to control the pitch of the musical tone signal. 

29. A tone generation system as claimed in claim 27 or 
28 wherein at least one of the additional junctions includes 
at least three ports including a first port connected to an 
end of one waveguide, a second port connected to an end of 
another waveguide and a third port, each of at least two 
ports from among the three ports having an input path to the 
junction and an output path from the junction, wherein a 
signal received at the input path of any particular port is 
partially transmitted to the output paths of the other ports 
and is partially reflected to the output path of the 
particular port. 

30. A tone generation system as claimed in any 
preceding claim wherein the wave transmission means and 
junction means comprise signal processing means. 
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ABSTRACT 

TONE GENERATION SYSTEM 

A real time tone· generation system for synthesis 

of musical instruments comprises means (51) for providing a 

control signal for initiating and thereafter controlling 

generation of a tone, connected to wave transmission means 

(53) via a junction (52). The junction receives signals 

from and passes signals to the wave transmission means, the 

supplied signals being a function of the control signal and 

the signal received from the wave transmission means. Thus, 

the nature of the signal propagating in the wave 

transmission means depends on the characteristics of the 

wave transmission means and the junction means and the value· 

of the control signal. 

[FIGURE 14] 

r--------···--···--·····--·-·· 



1 

11-1 
(~_ 

12-2 12-1 

NODE I 

11-4 

12-3 12-4 

FIG. - I 

16-1 

REPLACEMENT _SI1~~~ 

26FEB=~ 

15 

...... --..--_ OUT 2 

12 16-2 
12 

FIG. ~2 

16 p~-.- 16 

12 

FIG. - 3 



26-1 

P.+ 
1
<t - T/2) 

1-

P.+
1 
{ t - TI 2) 

1-

p-t- { t + T /2) 
1-I 

2 

26-2 27-2 

27-1 Pz(t)) 

kit) 

Fl G. -4 
26-i 

Pj {t) 

z 
kj (t) 

z 
Pi(t) 

27 

Fl·G. - 5 

z 

z 

27 

27 

-T/2. 
---- Pj {t -T/2) 

-T/2 

27 
REPLACEMENTSHEET t --, 

2 6 FEB 1(),,..., I 

f. -1 ) 
26 . 27 

271 

-T -
lZ 

27 
( 

-T 
z 

kj(t-T/2) 

-
- p 

tt ~-f T) 

·FIG. -6 

\ 
26 i -

k· {t-T/2) 
I 

FIG. -7 

-T 

z 

(27 

-T 
z 

-

----~-·- --

p:- { t "" T 12) 
I 



3 

t- UPPER RAIL PORTION OF PIPELINE-i 

k. {t ·T/2) 
---~ 1-r 

Pi: 1{ t - T 12) 

-L26-i 

F IG.-8 
r-LOWER RAIL PORTION OF PIPELINE-i 

Zi {t) 

I ) ... . 
I 

\ 
..... 

\ 

FIG . ...:. 9 

ZdCONSTANT} t 
I 

-· 
-· 

26 ~1} 

FIG. - 10 

P.+ 1{t-T} ----~ 1-

8-4 8-2 

REPLACEMEN.'T°SHEET'i Pi_ ft + T) ---~ 

26FEB1997 

FIG. -11 



+ pi-I {t-T) 

pi: l{t+T) 

CTRL 

VAR 

REPLACEMENT SHEET 

I 2 6FE6:W97 I 

+ p. I 
1-

_ _...., ...... ---1J 8- l v ... 
gi {t) 

c-s-2 
pi - I .. ..---..... •e----<<j- .. 

Zj {t) 

FIG. -12 

8-1 

llgj(t) 

8-2 

FIG-13 

51 

53-1 
52 

WG JUNCTION 

WG 

FIG. -14 

.. p~ 
I 

+ 
pi (t) 

p:-{t) 
I 

WG 

53-3 

53-2 



-~------------=--·-·-··-· --

51 

CONTROL 
i-----

V AR I ABLE 

56 

5 

52 

NON­

LINEAR 
JUNCT 
lNLJ) 

54 

55 

53 

Wt.. VEGU IDE 
NETWORK 

r- -- -
F I G. - I 5 _{52 

------ ----;-, 
NLJ 64 

I 
l 

154 
I 

VAR----~-~~~~~~~~ 

REG I I 
----,I __ 1 

54 

I 
I 
I 
I 

TABLE 

63 
I I 
I I 

MPY j I 

·REG 
11 
I l 

· - - - - - - - - - J 1 ss I · I 

L __ ------ -- ------- ___ _j 
95 94 96 

FIG. - 16 
r- ---- - - - - ------, 
I I 

---'--..c DEL A Y l I-----------, I 

·1 65 I 
74 

12 I I 

I 
I -1 I I 

YI (M) L p F I I 
I 67\ lg I 531 'i YzlM)I I 
t I 73 I I 
I 66 DCB I 

I Y3{M) I ~ 
L- _______ JI 

55 

DELAY 

- - - - - _. - - __ J 

2bFEb1997 FIG.-17 

1.-----~--



6 

78 

_ _[ ___ _ 
r----
1 

I 51
1 

5~ (76 

- I I - - .-. - - "l 
s1 I I I 

...---+--. I 70 
69 

I 1 I 
DELAY I I 

CTRL 
VAR 

REG 
.....___ 

156 

I 
I 

TABLE 

COM-
PRESSOR 

l 
I 
I 
I 
I 

ss-1 I 
,__.....__--. I 

67-l TERM I I 
'-----.---....... I 

66-1 

I 
I DELAY2 I 

L _____ _J 
9 
I-·- - -WG2l 

I I I 

I I l DELAY I I 

I 79 I I 65-2 : 

I l I l 
I DIFF I I 67-2 TERM 2 I 
I REG I l 

( I 

l I I 

66-2 

'----.---1 DELAY 2 

I _ I I I 

L _ - - - - - -- - - - _J s~ - - -11:; ..J 

71 

20 ,_ _______ , 
REPLACEMENT SI~EET 

26FEB19Q7 
FIG.-18 



7 

18 33-5 

REPLACEMENT SHH: ·~ ~ 

2bFEB=~~ 
WG -----
N5 

34-5 30-5 
Wu 
N4 

30-4 

WG 
19 OUT I 

N3 
20 

OUT 30-3 
WG 
N2 

30-2 

WG 
N1 

30-1 36-1 

30 FIG.~19 
33 r- -37 43---~--41-39---40-1 35 

Rr 1 I iP1 
R LOSSLESS P t-:-1 ---1.0 

. +' . R. l 
I I JUN.C WG 

LOSS 
1 

pl 
JUNC 

I I 
34 . 44 48 36 
L-----------------~ 

FIG. -20 



85 

PROCESSOR 

+ . 
p ,min/2 

I 
v+ min , 

8 

18 
86 

87 

-WG MEM UNIT 

20 

FIG. -22 

k 

p+ ,C/2 

Fl G. -23 

k 

1----~-
I 

I 

I 

I 

0 

+ -v c 
' 

FIG.-24 

88 .~St 90 

DIA 
FITT Sp 

CT:NV 

p+ 
,max/2 

I 
+ 

V ma:ir; 
I 


