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1.1.1.1. INTRODUCTION AND OBJETIVES  
 
 
This project has been oriented to present a detailed implementation of a digital 

waveguide model in one dimension (1-D), using MATLAB as programming language. 
On the inside is explained step by step all parts that compose a digital waveguide model 
implemented in any programming language, companied by formulas and mathematic 
calculations needed. 

 
 

The second part of the project is for experimenting with the implemented DWM code 
and looking for responses to how our DWM work. Analysing results and understanding 
the changes applied to the code parameters; at the end we will be able to understand the 
usefulness and versatility of digital waveguide modelling in musical instruments or 
voice synthesis. 

 
As the last part it will be created a code that will translate musical notes and durations 
(scores) of text files, and these scores will play with different configurations of the 
digital model, which simulates the sound of different musical instruments.  

 
 
 
 
 
 
 
 
 
 
 
 
 
KEYWORDS 
 
DWM, physical model, physical output, digital delay line, reflection coefficient, node, 
extraction point, insertion point, inserted signal, extracted sound. 
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2.2.2.2. THEORY AND STATE OF THE ART  
 

In this chapter it will introduce the basic needed theory to understand the 
fundamentals of digital waveguide modelling. Focused in 1-D models, but the main 
theory of digital waveguides is common for any kind of acoustic modelling. 
 
First definition must be done is to define the principal component of any digital 
waveguide acoustic model with delay, the delay line. [1] 

2.1 Delay Lines  

Delay lines are elementary functional units which model acoustic propagation 
delays. It is a fundamental building block of both digital waveguide models and 
delay effects processors. The function of a delay line is to introduce a time delay 
between its input and output, as shown in Fig.2.1.1.  

 

 
Figure 2.1.1: The -sample delay line. 

 
n ≡  0,1,2…N 
x(n) ≡ input signal  → x(n)≡0  for n ‹ 0 
M ≡ samples of the delay-line 
y(n) ≡ output signal 

 

 
 

To implement a delay line are usually used circular buffers. Delay lines are used 
typically in digital reverberators or other acoustic simulators. 
 
We use delay lines to simulate the horizontal linear shift of the travelling waves in 
the waveguide. A travelling wave is any kind of wave which propagates in a single 
direction with almost not change in shape. 
 
 

2.2  Sampled Travelling Waves  

 
The one-dimensional wave equation was previously derived for a stretched string as:  
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where  is the speed of wave motion on the string, T is the string tension, 
and is the mass density of the string.  

 

The travelling-wave solution of the wave equation was published by d'Alembert in 
1747. It has the general form 

y (t, x) = yr (t - x/c) + yl (t + x/c), 

for arbitrary functions and . A function of (t - x/c) can be interpreted as 
a fixed waveshape travelling to the right (positive x direction) and a function (t + 
x/c) can be interpreted as a fixed waveshape travelling to the left (negative x 
direction), both with speed c.  

To develop a discrete-time model or simulation of travelling wave motion, it is 
necessary to sample the travelling-wave amplitudes in both time and space. The 
temporal sampling interval is T seconds, which corresponds to a sample rate 

samples per second.  

The spatial sampling interval is given most naturally by meters, or the 
distance travelled by sound in one temporal sampling interval. In this way, each 
travelling-wave component moves left or right one spatial sample for each time 
sample.  

Using the change of variables 

 

the travelling-wave solution becomes  

 

This representation can be further simplified by suppressing T and defining  

 

where the superscripts ‘+’ and ‘-’ note wave travel to the right and left, respectively. 
The resulting expression for total pressure at time ‘n’ and location ‘m’ is given as 
the sum of the two travelling-wave components  



DIGITAL WAVEGUIDE MODELLING BASES & SOUND SYNTHESIS 
__________________________________________________________________________________________________________ 

 

 - 9 - 

 

 
 
 
 

Figure 2.2.1 Example off appearance of travelling w ave components just after plucking an infinitely 
long string at three points.  

 

At t0 the initial displacement is the big triangle that below will become in the 
division of the two others triangles that would be the sum of the big one, but 
representing time t1. When the travelling waves (equal top triangles) fully separate all 
the string will be zero but for the two triangles with half amplitude of the t0 triangle, 
travelling to the left and to the right infinites at c speed. 

 

 

c c

p

p p

Travelling wave components
at time t1

String shape at
time t1

String shape at
time t0
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2.3 Physical Outputs 

Physical variables (force, pressure, velocity ...) are obtained by summing 
travelling-wave components, as shown in Fig.1.11.  

 
Figure 2.3.1:  Extracting a physical signal from a digital waveguide using delay-line taps. 

It is important to understand that the two travelling waves in a digital waveguide 
are now components of a more general acoustic vibration. The physical wave 
vibration is obtained by summing the left- and right-going travelling waves. A 
travelling wave by itself in one of the delay lines is no longer regarded as “physical” 
unless the signal in the opposite-going delay line is zero. Travelling waves are 
efficient for simulation, but they are not easily measured directly in the physical 
world, except when the travelling-wave component in one direction can be arranged 
to be zero.  

 

2.4 Digital Waveguide Models  

The term yr [(n - m) T] = y+ (n - m) can be interpreted as the output of an m-
sample delay line of input y+(n). Similarly, the term yl [(n + m)T] = y-(n + m) can be 
interpreted as the input to an m-sample delay line with output y-(n).  

Physical wave variables are given by the superposition of travelling waves. In a one-
dimensional system, we can use two systems of unit delay elements to model left- 
and right-going travelling waves and sum delay-line values at corresponding 
“spatial” locations to obtain physical outputs, as depicted below.  

 
Figure 2.3.1: Discrete-time simulation of ideal, lossless wave p ropagation with observation points at x = 0 

and x = 3 X = 3 cT. 
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Any ideal, lossless, one-dimensional waveguide can be simulated in this way. The 
model is exact at the sampling instants to within the numerical precision of the 
processing system.  

To avoid aliasing, the travelling waveshapes (input signal) must be initially 
bandlimited to less than half the sampling frequency, obeying Nyquist-Shannon 
sampling theorem. [2] 

In many modelling contexts, the calculation of physical output values can be 
limited to just one or two discrete spatial locations. Individual unit delay elements 
are more typically combined and represented by digital delay lines, as shown below.  

 
Figure 2.3.2 : Digital waveguide simulation of ideal, lossless wa ve propagation using delay lines. 

The delay lines can be initialized with displacement data corresponding any 
bandlimited, arbitrary waveshape. 

 

2.5  Lossy wave propagation 

Real wave propagation is never lossless. Sound waves in air lose energy via 
molecular frictional forces. Mechanical vibrations in strings are dissipated through 
yielding terminations, the viscosity of the surrounding air, and via internal frictional 
forces. In general, these losses vary with frequency.  

Losses are often well approximated by the addition of a small number of terms to 
the wave equation.  

In the simplest case, we can add a frequency-independent force term that is 
proportional to the transverse string velocity. Using the wave equation derived for 
the string,  

 

where  is the resistive proportionality constant. Assuming the friction coefficient 
is relatively small, the following general class of solutions to this equation can be 
found:  
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When this solution is sampled, we get  

y(tn, xm) = gmy+(n - m) + g-my-(n + m), 

where .  

 
Figure 2.5.1 : Discrete-time simulation of ideal, l ossy wave propagation. 

Because the system is linear and time-invariant, the loss terms can be commuted and 
implemented at discrete points for efficiency.  

In the more realistic situation where losses are frequency dependent (and typically 
of ‘lowpass’ characteristic), the g factors are replaced with frequency responses of 

the form . These responses can likewise be commuted and implemented at 
discrete spatial locations within the system.  

 

 

 

2.6 Reflection and scattering 

In this way, we have only considered wave propagation along or within a 
uniform, one-dimensional medium of seemingly infinite length. In an anechoic or 
non-reflecting waveguide, waves travelling in only one direction may exist and can 
thus be simulated with just a single delay line.  

In most situations, however, the media in which waves travel are of finite length and 
reflections occur at the boundaries that give rise to waves travelling in two 
directions per dimension.  

The simplest cases are ideal terminations that are either completely rigid or 
completely free.  
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If we consider a string to be fixed at a position L, the boundary condition at that 
point is y(t, L) = 0 for all time. From the travelling-wave solution to the wave 
equation, we then have yr(t - L/c) = -yl(t + L/c), which indicates that displacement 
travelling waves reflect from a fixed end with an inversion (or a reflection 
coefficient of -1). The simulation of displacement wave motion in a string rigidly 
terminated at both its ends (and without losses) is shown in the figure below.  

 
Figure 2.6.1:  Digital waveguide simulation of wave propagation on a string fixed at both ends. 

From an earlier discussion of the boundary conditions at a free end, travelling waves 
of displacement will reflect without inversion (or a reflection coefficient of +1).  

Any change in waveguide impedance will cause wave scattering, which in general 
involves partial reflection and partial transmittance at the boundary in such a way 
that energy is conserved.  

 

2.7 Filtering and human perception 

As it is known the output of a waveguide digital model that it is get of an 
execution in a program is not the same that our ear and brain perceive. The 
frequency output of the model would be affected by the frequency response of out 
human hearing. It happen the same when musical instruments have resonance 
bodies, curve shapes or directly resonance boxes, which attenuate, amplify or 
modify their frequency response.  

The frequency response of an LTI filter may be defined as the spectrum of the 
output signal divided by the spectrum of the input signal. In this section, we show 
that the frequency response of any LTI filter is given by its transfer function 

evaluated on the unit circle, i.e., .  

In the beginning we have  

 

where X(z) is the z transform of the filter input signal , is the z 

transform of the output signal , and is the filter transfer function.  
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A basic property of the z transform is that, over the unit circle , we find 
the spectrum. To show this, we set in the definition of the z transform, to 
obtain 

 

which may be recognized as the definition of the bilateral discrete time Fourier 
transform (DTFT) when is normalized to 1 [59,84]. When is causal, this 
definition reduces to the usual (unilateral) DTFT definition:  

DTFT  

 

 
 

Applying this relation to gives  

 

 
 

Thus, the spectrum of the filter output is just the input spectrum times the 
spectrum of the impulse response . We have therefore shown the 
following:  

 

This immediately implies the following:  

 

We can express this mathematically by writing  
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Frequency response specifies the gain and phase shift applied by the filter at each 

frequency. Since , , and are constants, the frequency response is 
only a function of radian frequency . Since is real, the frequency response may 
be considered a complex-valued function of a real variable. The response at 

frequency Hz, for example, is , where is the sampling period in 
seconds. It might be more convenient to define new functions such as 

and write simply instead of having to 
write so often, but doing so would add a lot of new functions to an already 
notation-rich scenario. Furthermore, writing makes explicit the connection 
between the transfer function and the frequency response.  

Notice that defining the frequency response as a function of places the 

frequency ``axis'' on the unit circle in the complex plane, since . As a 
result, adding multiples of the sampling frequency to corresponds to traversing 
whole cycles around the unit circle, since  

 

whenever is an integer. Since every discrete-time spectrum repeats in frequency 
with a ‘period’ equal to the sampling rate, we may restrict to one traversal of the 

unit circle; a typical choice is [ ]. For convenience, 

is often allowed.  

We have seen that the spectrum is a particular slice through the transfer function. 
It is also possible to go the other way and generalize the spectrum (defined only 
over the unit circle) to the entire plane by means of analytic continuation. Since 
analytic continuation is unique (for all filters encountered in practice), we get the 
same result going either direction.  

Then if it is liked to perform a model the most fair to reality its spectrum should 
be modulated or filtered in any way with a frequency response that simulate these 
musical instrument features. We need Finite Impulse Response (FIR) digital filters. 

Digital filters can be designed to give arbitrary accurate differentiation and 
integration by finding an optimal, complex, rational approximation to H(ejw)=(jw)k 

over the interval -wmax≤w≤-wmax, where k is the integer corresponding to the degree 
of differentiation or integration, and wmax< П  is the upper limit of human hearing. 
For small guard bands δ≡ П-wmax, the filter order required for a given error tolerance 
is approximately inversely proportional to δ. 
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3.3.3.3. CODE & IMPLEMENTATION  
 

In this chapter it is explained how we have applied the digital waveguide 
modelling theory discussed in the previous chapter to implement our own waveguide 
model of an acoustic instrument. 
 
The reference model for strings or air tubes is a 1-D waveguide. It consists of a set of 
nodes connected by delay lines. This allows us to inject a wave at any point, simulate its 
propagation along the waveguide and extract the final sound, Fig.3.3.2. 
 
We started by implementing a reference digital waveguide model using a certain choice 
of input sound and simulation parameters. We then explored the effects of modifying 
those parameters and choosing different excitation signals. 
 
We are going to explain how we have created this reference DWM, which will be the 
root of our future analysis. The programming language used to implement this software 
has been MATLAB. 
 
 
 

3.1 Creating and sampling the input signal 

 
First of all we need a discrete signal with which to excite our DWM. To do this 

we need to set a frequency of sampling (Fs) who will give us a sampling period (Ts) and 
will stipulate the distance between values of the discrete signal. If our inserted signal is 
continuous it will be sampled.  
 
 

%Sampling period of the inserted signal  
fs=XXXXX; % sampling frequency (Hz)  
Ts=1/fs; % sampling period 
 
%Range of values introduced in the inserted signal  
interval=(-X:Ts:X);  

 
%Signal or wave introduced  
signal=XXXXX; %Signal formula  
signal=signal-mean(signal); %Adjust signal values in the X axe. 

 
 

 
The variable interval  will fix the X axe values in which the signal will be sampled. The 
X on the code shows that the variables are set up by the executor of the program. 

 
 
 
 
 
The following diagram illustrates the wave being sampled as the program progresses. 
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3.2 Creating the waveguide/string model 

 
The relationship between the sampling period (Ts), the speed of sound 

propagation (c) and the distance between DW nodes (dist), is given by the following 
formula: 

 
   c ≡ speed of sound [m./s.] 
   d ≡ distance between nodes [m.] 

   Ts ≡ sampling period [s.] 
 
From this relationship and given the desired waveguide length (L), the code excerpt 
below determines the number of nodes to be considered and Figure 3.2.1 shows the 
waveguide shape, separated in nodes. 

 
 
 
c=xxx; % wave speed(m/s)  
dist=c*Ts; % distance between nodes  
L=xxx; % length of the waveguide (flute)  
nodes=round(L/dist); % number of nodes making up the flute  
 
%Wave array values from left to right  
yright=zeros(1,nodes);  
%Wave array values from right to left 

Nodes which make up
the discrete signal

L

1

-1

Ts (seg.)

t

0,15 0,45 0,87 0,94

Figure 3.1.1 How create the vector of the digital insert ed signal
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yleft=zeros(1,nodes); 
 
 

 
 

  
Once the excitation signal is created and the waveguide formed, we have to 

choose at which nodes we are going to inject the signal and pick up the resulting sound 
wave.  
 

They are two an example in which X represents any value that belongs to a 
position in the nodes that create the waveguide. This way you could insert and extract 
wherever you want along the waveguide: 

 
 
%Waveguide point in which you insert the wave  
ins_node=round(0.X*nodes);  
  
%Sound extraction point  
ext_node=round(0.X*nodes);  
 
 
 The time duration of the travelling wave, that will be the duration of the 
extracted sound, is calculating by the multiplication of the number of time steps (N) and 
the duration of each step Ts. 
 
%Time during wave is going to be travelling  
N=XXXX; 
duration=N*Ts; 
 

nNn0 n1 n2 …

Waveguide length (L)

N ~ number of nodes

Distance between
nodes
(dist)

Figure 3.1.2    Waveguide shape
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3.3 Wave travelling and reflection 

Finally, it is described the implementation of the algorithm for the actual 
simulation of wave travelling and reflection that takes place inside the tube or string. 
Here is the MATLAB code. 
 
 
 
for  k=1:N  
  
    % Injecting signal  
    if  (k<=length(signal))  
        yright(ins_node)=yright(ins_node)+signal(k) /2; % superposition  
        yleft(ins_node)=yleft(ins_node)+signal(k)/2 ; % superposition  
        % injecting s/2 in both rails gives s/2+s/2=s  
    end  
  
 
    %Wave travelling  
    rr=yright(end)*Kr; % ready to go into the lower rail  
    lr=yleft(1)*Kr; % ready to go into the upper rail  
  
 %Rotation  
    yright(2:end)=yright(1:end-1);  
    yleft(1:end-1)=yleft(2:end);  
    yright(1)=-lr;  
    yleft(end)=-rr;  
  

 
    %Recording sound  
    sound_out(k)=yright(ext_node)+yleft(ext_node);  
  
    sum=yright+yleft;  
end  
 
 

We created a variable named ‘N’ to store the duration of the excitation signal.  
Like each time we rotate the waveguide we extract the sound at the extraction point, the 
output vector sound will have the same size as the value of N variable.  

 
There are two delay lines: one for the left-to-right travelling component ‘yright’ and the 
other for the right-to-left travelling component ‘yleft’ of the wave. Another important 
point is how we have implemented reflection at the waveguide terminations (left and 
right ends of the tube or string). We have taken the last node value of each delay line 
and we have inserted it in the first node of the other delay line multiplied by   -1, 
because we have a full reflection. However, we could add attenuation by using a 
reflection coefficient ‘KR’ with an absolute value lower than 1. 
 

We are dealing with a plane-transversal wave travelling in 1-D space. Our wave 
collides with a fixed boundary at the DW termination. The reflection is governed by 
Huygens theorem. [3] 
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It says that if a transversal wave collides with a fixed wall, it suffers a hard reflection. 
This means that the reflected wave has exactly the same shape as the incident wave and 
travels with the same speed in the opposite direction. 
 
 
 
 
 
 
 
     
     

Figure 3.3.1 Transversal fix wall reflection 

 
 
 Here is where take place the reflection coefficient. If it would not exist the wave 
would keep travelling forever in the waveguide, and as consequence the sound extracted 
would be infinite. 
 
 
The figure below is an illustration of how our DW model works. 
 
 
 

0.25 0.5 0.15

0.5 0.15

0.5 1 0.3

Values come divided by two in each delay line 
cause their summatory were the hole value

0.25

How reflection works

0.25 0.5 0.15

-0.25

0.5 0.25

-0.250.25

0.25

-0.25-0.5

-0.25 -0.25

0.5

 
Figure 3.3.2  Insertion, travelling and reflection in the waveguide 
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4.4.4.4. OPERATION WAY 
 
 

In this section it is used an example to demonstrate how we have applied the 
principles of digital waveguide modelling to create our own 1-D digital waveguide 
model. We want to prove that when our code is run, the final score is faithful to the 
theory, and mathematically exact.  

 
 

4.1 Physical shape of the digital model 

First is needed to get a conceptual idea of the digital model. Following we show 
a digital simulation diagram. The digital simulation we have created can be described by 
the diagram presented in Fig. 4.1.1. It is a lossless model because it has closed endings 
in both direction, and none impedance added between delay blocks. It will be applied a 
loss due to reflection at both endings. In subsequent chapters we will work with both 
lossless and lossy models. 

 

y+(n)

y -(n)

Z-1 Z-1 Z-1 Z-1 Z-1

Z-1 Z-1 Z-1 Z-1 Z-1

-KR
-KR

XK = { X1 , X2 , X3 , X4 ,…, XK }

Discrete signal or continuos sampled signal.

y+(n-1)

y+(n-N)y+(n-N+1)

y(nT-N+1)

y -(n+1)

y -(n+N-1)

(x = 0) (x = cTs)
(x = (N-1) • cTs)

y -(n+N)

(x = (N cTs)

y+(n-2)

y -(n+2)

Insertion point (ins_node)

Extraction point
(ext_node)

Reflected value on the left,
goes to the upper delay line

(lr)

Reflected value on the right,
goes to the lower delay line

(rr)

Figure 4.1.1  Digital diagram of lossless waveguide  with one observation point at 
x = (N-1) • cTs and two reflection points at each end.

 
 
In order to fit the model, the input must be a digital signal. It can be obtained 

from an analogue signal by sampling and A/D conversion. The shifts or delays (Z-1) 
could be from one to big numbers; it depends on the quantity of nodes with which we 
setup the waveguide. KR is a reflection coefficient; it represents reflection attenuation at 
the end points of the waveguide. In this example we chose to place the insertion point at 
the leftmost node of the waveguide and the extraction or observation point at the second 
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node from the right, as shown in Fig. 4.1.1. The integer number N represents the length 
of the waveguide in number of nodes; this equals the number of unit delays, represented 
by Z-1. [4] 

 
 

Now go through each step of the waveguide model calculations on a small, arbitrary 
example (see figure 4.1.1) and compare the results with those obtained with our 
MATLAB implementation. 
 
 
 

4.2 Digital waveguide model simulation  

 
Consequently as in last chapter, it will be done an example which 

mathematically can prove how that what we shown in the conceptual diagram Figure 
2.1.1, works as a real waveguide model. If the result of the simulation becomes positive 
we could extend this example to any kind of signal we would like to work. 
 
 
 

4.2.1  Wave travel steps simulation 
 

The diagram below is substantially the same as in Figure 4.1.1 but in this case 
has been inserted a digital signal. As is visible in Fig. 4.2.1.1, we have eight square 
arrays representing four nodes and nine travelling steps of the waveguide. They show 
their values step by step.  
 
The upper four arrays represent the right-going components of each node, and the lower 
ones are the corresponding four left-going components. 
  
Each array has nine squares inside, which are ordered, from top to bottom and in each 
line from left to right. They show the value of each node in every time step of the nine 
ones. 
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Z-1

- 1.4850.8551.35

-0.22500.9

-0,4500

0.8551.35
-0.225
+0.75

0-0.5
0.9
-1.5

-0.45
+0.25

0-10,5

1,350.525-0.5

-0.6-0.20

-10,50

-0.955-0.5-0.6

-0.20-1

0,500

01.65-0,95

-1.50.250

-10,50

0.180
0.9

+0.75

-0.45
-0.5

0-1.50.25

0-10,5

0.540.180

0.9-0,450

000

0.450.540.18

00.9-0.45

000

Z-1

Z-1

Z-1

Z-1

Z-1

XK={1, -2, 0, 0´5, -3, -1, 1´5}
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Figure 4.2.1.1  Digital simulation of 9 steps lossl ess waveguide with 
the inserted signal Xk={1, -2, 0, 0´5, -3, -1, 1´5}

 
 
Every inserted value of the signal is inserted divided by two and after added to the 
correspondent node of the waveguide by two in both levels (upper and lower). This 
way, in agreement with the theory, the values in the two delay lines add up to the total 
value of the signal, each component travelling in the correct direction (to the right on 
the upper delay line and to the left on the lower one). 
 

It is worth to say that these work outs have been done by hand, previously to use 
any kind of software to run the waveguide. Let’s now work out the signal picked up at 
the observation point. 
 

4.2.2 Calculating output vector at observation point 
 

In Figure 4.2.1.1, there are two arrays whose backgrounds are painted on red. 
Those ones perform the extraction point node. Next figure, Fig.4.2.2.1, will show us, 
what would pick up the observation point having in account that the array order is from 
top to bottom and from left to right. 
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These calculations have been done by hand and shown here with the aim of explaining 
step by step what operations happen along our waveguide.  
 

4.3 Check and comparison 

 
Now, results can be confronted with those obtained with our MATLAB script 

using the same parameters. This will provide a sure indication of whether our program 
is correct or not. 
 
- Matlab code of chosen example 
 
signal=[1 -2 0 0.5 -3 -1 1.5]; 
 
nodes=4;  
 
%Wave array values from left to right  
yright=zeros(1,nodes);  
  
%Wave array values from right to left  
yleft=zeros(1,nodes);  
  
 
%Intrument point in which you want to insert the wa ve  
ins_node=2;  

1.890.705-0.50.3-0.650-10,50

1,350.525-0.5

-0.6-0.20

-10,50

0.540.180

0.9-0,450

000

Vector generated in the extraction point
(sound_out)

Figure 4.2.2.1 Resulting output at the end of nine time st eps

1.890.705-0.50.3-0.650-10,50

1,350.525-0.5

-0.6-0.20

-10,50

0.540.180

0.9-0,450

000

Vector generated in the extraction point
(sound_out)

Figure 4.2.2.1 Resulting output at the end of nine time st eps
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%Reflection coefficient  
Kr=0.9;  
 
%Time wave is going to be travelling  
N=9;  
  
%Point of sound extraction  
ext_node=3;  
  
for  k=1:N  
  
    %Wave travel  
    rr=yright(end)*Kr; % ready to go into the lower rail  
    lr=yleft(1)*Kr; % ready to go into the upper rail  
  
    %Air rotation  
    yright(2:end)=yright(1:end-1);  
    yleft(1:end-1)=yleft(2:end);  
    yright(1)=-lr;  
    yleft(end)=-rr;  
  
    % Injecting sound  
    if  (k<=length(signal))  
        yright(ins_node)=yright(ins_node)+signal(k) /2; % superposition  
        yleft(ins_node)=yleft(ins_node)+signal(k)/2 ; % superposition  
        % injecting s/2 in both rails gives s/2+s/2=s  
    end  
  
    %Recording sound  
    sound_out(k)=yright(ext_node)+yleft(ext_node);  
end  
 

Upon execution of this script, the value of the final sound vector (sound_out), is 
exactly the same as expected from the hand calculations. Moreover, we can run the 
MATLAB code step by step and confirm all the intermediate results shown in Figure 
4.3.1. 

 
 
 
 
 
 
 
 
 

 
 
 
 
 

Figure 4.3.1 Workspace after run the code 
Now code has been run using a MATLAB’s programmed function to do the 
wavetravelling along the delay line. That command function is circshift.  [5] 
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CIRCSHIFT Shift array circularly. 
 
B = CIRCSHIFT(A,SHIFTSIZE) circularly shifts the va lues in the array A 

by SHIFTSIZE elements. SHIFTSIZE is a vector of int eger scalars 
where the N-th element specifies the shift amount f or the N-th 
dimension of array A. If an element in SHIFTSIZE is  positive, the 
values of A are shifted down (or to the right). If it is negative, 
the values of A are shifted up (or to the left).  

  
Examples: 
 

       A = [ 1 2 3;4 5 6; 7 8 9]; 
  
 B = circshift(A,1) % circularly shifts first dimen sion values 
                     down by 1. 
 

       B =     7     8     9 
               1     2     3 
               4     5     6 
 
       B = circshift(A,[1 -1]) % circularly shifts first dimension 
                                 values down by 1 a nd second dimension 
                                 left by 1. 
        
 
       B =     8     9     7 
               2     3     1 
               5     6     4 
 

 
Using this command, could be simplify the part of the code relative to the 

horizontal shift of the two delay lines. But the true aim is leave alone the program to 
make calculations in which we might have had mistakes, and see if the result of the run 
code is the same. 
 
Here below is detailed the changed part of the code: 
 
for  k=1:N  
  
    %Wave travel  
    rr(end)=yright(end)*Kr; % ready to go into the lower rail  
    lr=yleft(1)*Kr; % ready to go into the upper rail  
  
    %Air rotation  
    yright=circshift(yright,[1 1]);  
    yleft=circshift(yleft,[1 -1]);  
    yright(1)=-lr;  
    yleft(end)=-rr;  
  
    % Injecting sound  
    if  (k<=length(signal))  
        yright(ins_node)=yright(ins_node)+signal(k) /2; % superposition  
        yleft(ins_node)=yleft(ins_node)+signal(k)/2 ; % superposition  
        % injecting s/2 in both rails gives s/2+s/2=s  
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    end  
  
    %Recording sound  
    sound_out(k)=yright(ext_node)+yleft(ext_node);  
end  
 
 

Changing this part of the code, are still gotten the same results as in Figure 
4.3.1. Then we can confirm that two ways of code are correct. 
 
Finally, let’s compare the input and output signals and realise what has happened. 
 
 
 

 
Figure 4.3.2 Digital input inserted vector 
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Figure 4.3.3  Output example vector 

 
This example has a very small number of transitions, so the wave has not travelled 
enough to make a reliable explanation of what happen. But as we can check the 
waveguide model is modifying our input signal in anyway. 
 
These verifications constitute a sure indication that our code is functioning properly. 
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5.5.5.5. TESTING AND EXPERIMENTING 
 
 
 In our waveguide model there are several parameters that being changed and 
adjusted, make to our built “sound creator”, works in different ways. Depending of the 
value or the existence or inexistence of these parameters we can obtain different final 
results or sounds. 
 
Our aim in this section is, by handling these parameters, try to know what would happen 
if we change any selected feature or parameter, and at the end, try to approach our 
sound to sounds of acoustic musical instruments. There are a lot of kinds of musical 
instruments, but we can try to show in this part, that with a basic waveguide model, 
adjusting and performing its properties, we could simulate a pluck in a string 
instrument, a blow in a wind instrument or a hit in a percussion instrument, but only 
will be available with instruments whose operation can be physically compared with 
and 1-D model. 
 
So, as we have said, we will separate these “changes” or “improvements” in fields. That 
fields works in different features of the waveguide whom influence in the DWM 
behaviour, handling specific things. To explain how we managed and classified these 
fields here is the diagram below. 
 
 
 

 
 

Figure 5.1 Diagram of fields and changes followed 
 
 At the moment we have shown how has been built our waveguide model and 
which will be the objective of the project. To analyse what would happen when we 
manage all these parameters, we have to set a reference model with standard 

Basic DWM structure 
(Basic  sound, standard input signal, standard 

parameters) 

 
C h a n g e a b l e  f i e l d s 

Input signal 
Filters & 

reflection coefficients 
Wave speed DW 

length 
Sampling 

Frequency 

Excitation length 
(time) 

Sound  
Injection/extraction point 

Combined they can replicate the sound of a 
musical instruments 

Analyse what and how we have get our final results 

Instrument 
Shape 
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parameters. From this reference model we were able to realise in what way is the 
extracted sound affected or changed. This could let us know what features of the model 
must be changed if would be wanted to extract a higher or lower sound, more 
longwearing sound, more metallic or natural sound, inclusive approach our final sound 
to a replication of some music instruments. 
 
 
 

5.1 Defining the reference model 

 

5.1.1 Input signal 
 
 The first task was to choose the excitation signal. After a few tests, was found 
that a triangular signal could be easily implemented and provided interesting initial 
results. We decided to use it in our reference model Fig.5.1.1.1. 

 
Since DC components are not audible, we have decided to suppress the signal’s DC 
component. We do this by subtracting the mean value of the signal: 

 
signal=signal-mean(signal); 

 

After this adjustment, the mean value of the signal corresponds to the origin of the Y 
axis. This amounts to offsetting the X axis by mean(signal) .This will be more useful 
for us, because what we are measuring are air vibrations, and air vibrations are 
amplitude variations graphical terms. Then variations are better measured from a mean 
point. 

 
Figure 5.1.1.1 Triangular signal 
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5.1.2 Sampling frequency (Fs/Ts) 
 
 We have chosen sampling rate fs of 44.1 kHz, as this is the audio CD-quality 
standard. The output sound files were generated in .wav format using MATLAB’s 
wavwite  command. Consequently Ts will be 2.2627·10-5.  

 
 

5.1.3 Wave speed 
 

We have assumed that our reference model works like an air column (pipe) 
closed at both ends. The speed of sound propagation in air is slightly variable, 
depending on temperature and humidity. We have chosen the value 343 m/s which 
corresponds to the speed of sound at 20ºC on dry air. 
 
 
 
In successive chapters it will be tried with other mediums. The speed of sound in a 
material in a liquid or a gas is given by, 

 
where B is the bulk modulus and ρ is the density. In a solid, the sound velocity is given 
by, 

 
where Y is the Young's modulus. Sound travels faster in water or a solid than in air. The 
speed of sound is temperature dependent and in air the dependence is approximated by 
(in meters/s), 

 
 
Here are showed the specific environmental conditions that we supposed to work with 
speed sound in air. 
 

Effect of temperature 
T in °C c in m·s-1 ρ in kg·m-3 Z in N·s·m-3 

+20 343.2 1.204 413.2 
 

T   is the temperature in °C 
c   is the speed of sound in m·s-1 
ρ   is the density in kg·m-3 
Z   is the characteristic acoustic impedance in N·s·m-3 (Z=ρ·c) 

 
[College Physics, Volume One. Serway and Faughn 2005.] 
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5.1.4 Waveguide shape 
 
 The reference length L of our instrument is going to be 40 centimetres. The 
shape chosen for our instrument (closed pipe) entails a reflection at each end of the 
waveguide. The reflection may be accompanied by an attenuation of the travelling 
wave. 
 
 
 
 

5.1.5 Reflection coefficient (Kr) 
 
The reflection coefficient compares the amplitudes of the incident and reflected waves. 
 

Ar=Amplitude of the reflected wave 
Ai=Amplitude of the incident wave 

 
We have chosen R=0.97. This means at each reflection the reflected wave will be 3% 
attenuated relative to the incident wave. 
 
 
 
 

5.1.6 Insertion and extraction points 
 

Two other very important parameters are the injection and extraction points. 
These are the points along the instrument in which we inject the input signal and extract 
the final sound. They could affect the final result in very significant way. We started by 
setting them as follows: 
 
insertion=round(0.1*nodes);  
pointer=round(0.9*nodes); 
 

This means that the waveguide is excited near its leftmost point and the sound is picked 
up near the rightmost end. 
 
 
The following diagram illustrates this for a ten-node model: 
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Figure 5.1.6.1 Signal insertion and sound extraction  in the waveguide 
 
 
 

5.1.7 Excitation length 
 
 The variable N is going to be a number which will set up the time units or steps 
that the wave is going to be travelling on the waveguide. Then if we know the N steps 
value, we could calculate the time duration of our extracted sound using our sampling 
period (Ts): 
 
 
Ts=2,267e-5 s. 
N=10000  
duration=N*Ts 
 

  
 Finally when we will have run our waveguide and it will have been stopped, we 
would analyse the final sound extracted vector. The number of samples of this vector is 
given by N. Then N will be the steps or “movements” that we will apply. 
 

 
In the reference model we set N=10000 samples. Applying the previous formula, we 
can find sound output duration to be 0.2267 seconds. 
 
 

0,25 1

Input signal

0,5 0,250,5

0,25

We are adding all the sampled 
val ues of the input signal at this poi nt.

0,25 1 0,250,5

Three steps (ti me units) after…

…
At this vector we will store the extrac ted

values of the insturments at each time unit s0 s1 s2 s3 sN

+

-0,25

0,5 1 0,25
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The output sound’s shape in time domain is shown in the following figure. (Fig. 
5.1.7.1): 
 

 
Figure 5.1.7.1 Extracted reference model sound 

 
 
Figure 5.1.7.2 shows the corresponding spectrogram. In the X axis we have 

located the variable time (seconds), and in the Y axe we have the variable frequency 
(Hz). The power of the signal at a given time/frequency zone is indicated by the colour 
of the graph on that zone; lighter shades represent higher signal power.  
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Figure 5.1.7.2 Spectrogram of the reference model ou tput sound 

 
In first reflections, observed values are very high and alternative, with a lot of 

variation from the X axe. Then we have a high power values in almost all audible 
frequencies, but we can see that during time pass, power on all frequencies start to 
decrease cause of the reflection at waveguide endings. The spectrogram also shows how 
the most attenuated frequencies are high ones. In the beginning output sounds higher to 
become to sound lower.  
 

5.2 Changing model features and parameters 

In this section we will apply some changes to parameters of the model and 
assess its response to those changes. Only the parameters mentioned in each paragraph 
will be altered. All the others will keep their reference values. 
 
 

5.2.1 Travel time of the wave (N) 
 

As mentioned in previous chapters, the role of the variable N on this waveguide 
model is to define the simulation time, i.e. the number of time steps to be considered in 
the simulation. In each time step, the travelling components advance one node along the 
waveguide in their respective directions.  
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In the following Figure 5.2.1.1 we compare the results obtained with two very 
different values of N. One can see that if a large value is set, the output sound vector 
will be longer. 
 
However, if signal is not large in time axe, output sound will come zero because 
reflection attenuation will kill it in a short time. For instance, in the right picture of 
Figure 5.2.1.1 the N value is short and does not let the power of the signal becomes 
zero on the Y axe, it sounds like if we would stop the sound before it ends. To let us 
listen the whole sound it is necessary to set a convenient N value.  

Figure 5.2.1.1 Outputs with different values of N 
 
 

5.2.2 Input signal 
  
 

A) Random noise (white noise) 
 

signal=(rand (1, 1/Ts)); 
 

In this case we will used a large value of N (N=60000), to see the full behaviour 
of the inserted wave. 
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Figure 5.2.2.1   Time domain input and output sound s with white noise. 

 
 

With this input signal it is interesting to see the spectral changes that our 
waveguide has produced Figure 5.2.2.1. As we know white noise is a signal 
whose power spectral density is flat, i.e. it has the same power in all frequencies. 
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The waveguide gives us an output in which the uniform powered 
spectrum of the input signal has become a striped spectrum in which the power 
on the [Hz.] axe in concentrated in stripes in several frequencies. This frequency 
stripes are acoustic resonances of the model. They are harmonic amplitudes 
which depend of insertion and extraction points. [6] 

 
 
In both pictures of the output sound it is noticeable when the inputs 

signal stops being injected. In the temporal graph there is a decrease of 
amplitude and in the spectral view we can see how the stripes produced by the 
waveguide on several frequencies start to appear more clearly and defined. For 
instance at 3 kHz, 4 kHz and 5 kHz. 

 
 

 
B) Gaussian distribution 
 

Signal = normpdf(interval,0,1); %Normal 
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The effect of this signal is more or less the same as that of the triangular 
signal, because their forms are quite similar. The only difference is that in the 
normal distribution the slopes are smoother. 

 
Figure 5.2.2.4   Input and output with Gaussian dis tribution signal 

  
 
Results are very similar in perceptual terms. 

  
 

C) Sine (Tone 1 kHz) 
 
signal = sin(1000*2*pi*interval); %Sine 
 
Here is the result when a 1 kHz tone is injected for 0.02 seconds.  

Figure 5.2.2.5   Input and output with 1kHz sine 
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The final sound is a bit lower and less metallic then that obtained with the 
reference model, but it is still very high and sounds like a plucked metal string. Two 
different parts are apparent on the output signal: while the input signal is sine is being 
injected and after it stops. In the first part, there are big spikes that are produced by 
constructive interference between incident and reflected wave components.  

 
 

 
 
 
In the spectral view of the input tone, we see how the power of the signal is 

centred at   1 kHz. This region is white; the rest of the frequencies should be black. 
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They are not because the signal is short and the snaps at the end and at the beginning 
colour its spectrum significantly. With a longer tone the effect would be imperceptible.  
 
 
 
 

5.2.3 Waveguide length 
 
 

A) L = 1 m. 

 
Figure  5.2.3.1  Output L=1m. 
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B) L =2 m. 

 
Figure  5.2.3.2  Output L=2m. 

 
 
 
 
 
 

C) L= 0.1 m. 

 
Figure  5.2.3.3  Output L=0.1m. 
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The longer the waveguide the fewer reflections there are, and consequently, the 

longer the output sound will be. 
 
With few reflections (large L), the output will be longer. The travelling wave would 
pass less times for the reflection points and for the extraction point, then the travelling 
wave will be less times attenuated and slower extracted. 
 
 
 

5.2.4 Sampling frequency and period (fs/Ts) 
 
 
 

A) fs= 64000 Hz 
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B) fs = 96000 Hz 

 
 

C) fs = 192000 Hz 



DIGITAL WAVEGUIDE MODELLING BASES & SOUND SYNTHESIS 
__________________________________________________________________________________________________________ 

 

 - 45 - 

 
Like show A), B) and C) pictures. The bigger sampling frequency is the longer 

will be output sound duration. The reason is if fs is big, Ts is short and consequently 
variable dist will be shorter. Then they have to be more samples than with low values of 
fs.  
 
 
 
 

5.2.5 Lossy models 
 
 

Here it has been done a lossy model conserving all the other parameters of our 
reference model. As we have shown in theory chapter, [2.4]. To do the lossy waveguide 
we add between each delay black a coefficient ‘g’ that is defined as: 
 

 
 
 

Then it is needed, mass density of air, that is Є = 1.204 Kg/m3. It necessary to clear µ 
(resistive proportionality constant), as air impedance in the waveguide, µ =413.2 N·m·s. 
 
With these variables lossy coefficient g can be solved. 
 

g = 0.996 
 
 
Code must be changed as follows: 
 
 
 
ç%Air impedance  
u=413.2;  
  
%Air density  
e=1.204;  
  
%Lossy coefficient  
g=exp(-u*Ts/(2*e)); 
 
 
    %Rotation  
    yright(2:end)=g*yright(1:end-1);  
    yleft(1:end-1)=g*yleft(2:end); 
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The reference model output with loss will be this: 

 
Figure 5.2.5.1 Lossy output with g=0.99 

 
As it is shown the sound is shorter than in the lossless one, because wave is 

losing power every rotation. In terms of listening, it sounds a bit more metallic, like the 
tube was made of another material. 

 
 

5.2.6 Filtering 
 

• Linear filter 
 

Here is going to be defined the lumped 'loss' as an FIR filter that constitutes the 
reflection at the right end. [7] 
 
Resulting ‘r’ is the reflection of the digital FIR at the far end. Then the filter affect to 
the last three nodes of the DW like it would be a change of shape at the end in the way: 
 

 
 
For the example it is kept the reflection coefficient of the reference model ending  
r =0.97 It is necessary to change the code on this way. 
 
    %Digital filter  
    r=0.97;  
    r = -1/(r+2)*[1 r 1];  
     
    %Wave travel  
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right_reflection=r*vibration([end-2:end])'; % ready to go into the 
lower rail  
left_reflection=reflection(1)*coeff_reflection; % ready to go into the 
upper rail  

 
 
 
 

 
Figure 5.2.6.1  Output sound with digital filter at  right end, r =0.97 

 
 
 
 
 

Listening this output sound, we realise that perceptually the sound have changed a lot 
after the reference model. It sound very much lower and soft, likely, it looks like if a 
wood tube was beaten. 
 
 
 

5.2.7 Changing insertion/extraction points 
 

Let’s see what happen if we move the point of insertion of the input signal 
holding the extraction point as in the reference model, in the second to last node. 
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Figure 5.2.7.1 Waveform with ins=30% ext=90% 

 
 
 
The sound is a little lower and intense but amplitude and length are the same. If 

we try with ins=70% keeping the extraction point, the resultant sound would be a bit 
lower and intense than the last, and it sounds slightly more resonant. 

 
With several it is proved that is both distance between points and situation are decisive 
in the sound of the output. 
 
 
 

5.2.8  Changing reflection point 
 
 

In this section reflection point is while the program is running to check how it 
can modify the output. First has been tested with white noise, because changes are much 
more sensitive than with other signals. 
 
for  k=1:N  
  
% Injecting sound  
if  k<=length(signal)  
    y_right(ins_node)=y_right(ins_node)+signal(k)/2 ; % superposition  
    y_left(ins_node)=y_left(ins_node)+signal(k)/2; % superposition  
    % injecting s/2 in both rails gives s/2+s/2=s  
end  
  
%%%%%%%Simulating the change of reflexion point.  
if  k<=8000  
    %Wave travel  
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    rr=y_right(end)*Kr; % ready to go into the lower rail  
    lr=y_left(1)*Kr; % ready to go into the upper rail  
  
    %Air rotation  
    y_right(2:end)=y_right(1:end-1);  
    y_left(1:end-1)=y_left(2:end);  
    y_right(1)=lr;  
    y_left(end)=rr;  
end  
  
if  k>8000&&k<16000  
  
    y_right(round(0.5*nodes)+1:end)=0;  
    y_left(round(0.5*nodes)+1:end)=0;  
  
    %Wave travel  
    rr=y_right(round(0.5*nodes))*Kr; % ready to go into the lower rail  
    lr=y_left(1)*Kr; % ready to go into the upper rail  
  
    %Air rotation  
    y_right(2:round(0.5*nodes))=y_right(1:round(0.5 *nodes)-1);  
    y_left(1:round(0.5*nodes)-1)=y_left(2:round(0.5 *nodes));  
    y_right(1)=lr;  
    y_left(round(0.5*nodes))=rr;  
end  
  
if  k>=16000  
    %Wave travel  
    rr=y_right(round(0.7*nodes))*Kr; % ready to go into the lower rail  
    lr=y_left(1)*Kr; % ready to go into the upper rail  
  
    %Air rotation  
    y_right(2:round(0.7*nodes))=y_right(1:round(0.7 *nodes)-1);  
    y_left(1:round(0.7*nodes)-1)=y_left(2:round(0.7 *nodes));  
    y_right(1)=lr;  
    y_left(round(0.7*nodes))=rr;  
end  
 
 
 
 

As it is shown at this part of the code, we have changed the reflection point 
twice. First, the waveguide was reduced by its 50%, and in the second change we 
returned it to the 70% of the initial length. 
 
 
In the output waveform of the sound, is it not noticeable the reflection point change. 
That is because it is used random noise as input signal and in time domain it is not much 
perceptible. 
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Figure 5.2.8.1  Output waveform with two changes of  reflection points. 

 
 
 

 
Instead, let’s see the spectral frequency view. 

 

 
Figure  5.2.8.2  Output  changing reflections point s spectra 

 
 

It is very noticeable the effect of changing the reflection point. The stripes 
created by the model in some frequencies change completely. This means a variation of 
the pitch of the sound vary. First change (centre section 50% reduce L=0.2) sound 
becomes more high, than the first section sound (L=0.4). And in the last interval of the 
sound it becomes again lower but not so much than during the first section. Those 
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stripes are then harmonic frequencies for the white-noise with every length. 
Consequently we can say that change reflection point change the pitch of the sound. 

 
 
 
 

5.3 Experimenting 

Once done the parameters and variables changes on the model, it is interesting 
look for specific parameters which get rich and interesting sounds for the human 
hearing. The aim is to make sounds look like any musical instrument or even a pleasant 
synthesized sound. 

  

5.3.1 Test1 
 

This test model attempts to approximate the behaviour of a string guitar. For this 
purpose, some calculations are needed. Travelling wave propagation speed is given by 
the equation 

 
 
 
 
 
Considering a 40 cm-long guitar string with a density of 3.00 g/m subjected to a 

tension of 20 Kgf,, the result (in international system units) is 
       

 

 

 

and thus v=256 m/s.   
 
[8] 
 
 

• fS=64000 Hz. 
• c=256 m/s 
• L=0.4 m 
• signal=Triangle  
• insertion=2/10 
• KR=0.99 
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• extraction=4/10 
• sound duration= 0.90909s. 
• N=23000 
 
 
 
Here is set the configuration that approaches our model to a pluck string. The sound 

is very metallic and artificial because the output sound has not been process neither 
filtered with the features of any string musical instrument. 

 

 
Figure 5.3.1.1 Test 1 Output waveform 

 
 

 
 

Figure 5.3.1.2 Test 1 Frequency Analysis 
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5.3.2 Test2 
 

In this test it is tried to simulate a wood beaten pipe. It would be closed at one end 
and with an open ending on the other side. This opened side computationally will be 
affected by one linear filter (with coefficient KR) to approach the model to a wood-pipe 
full of air. Speed of sound grows here because sound is propagated by air. Other 
changes from test1 are that the sound is extracted at the end of the pipe, the length is 
longer and the sampling rate is much lower. The reflection coefficient is lower because 
of in this test it is supposed wood. We need less travelling duration because due to the 
filter, the speed and the length the signal came shorter. 

 
 

• fS=44100 Hz 
• c=343.4 m/s 
• L=0.7 m 
• signal=Triangle  
• insertion=1/10 
• KR=0.95 
• extraction=1 
• sound duration= 0.38549s. 
• N=17000 
 

 
Figure 5.3.2.1 Test 2 Output waveform 
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5.3.3 Test3 
 

Staring at test1, now it is wanted to filter the signal. It could be modulated to 
reproduce a sound closer one string sound affected for a guitar body.  
 
To modify the output sound with a filter that simulates the guitar body, one option is 
transform the output sound with the Fourier transform and then apply the filter in 
frequency domain that, exactly corresponds with the body-guitar transfer function. 
 
Discrete Fourier transform  
 
Y = fft(X) 
Y = fft(X,n) 
Y = fft(X,[],dim) 
Y = fft(X,n,dim) 
 
 
Definition 
 
The functions X = fft(x) and x = ifft(X) implement the transform and inverse transform 
pair given for vectors of length  by:   
 

 
where   
 

 
 
is an N th root of unity.  
 
 
Description 
 
Y = fft(X) returns the discrete Fourier transform (DFT) of vector X, computed with a 
fast Fourier transform (FFT) algorithm.  
 
If X is a matrix, fft returns the Fourier transform of each column of the matrix.  
 
If X is a multidimensional array, fft operates on the first nonsingleton dimension.  
 
Y = fft(X,n) returns the n-point DFT. If the length of X is less than n, X is padded with 
trailing zeros to length n. If the length of X is greater than n, the sequence X is 
truncated. When X is a matrix, the length of the columns are adjusted in the same 
manner.  
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Y = fft(X,[],dim) and Y = fft(X,n,dim) applies the FFT operation across the dimension dim. 
 
The filter can be designed on a warped frequency scale based on the bilinear conformal 
mapping. 

 
The transfer function of the warped all-pole body-model is the following 
 

 
 
 

where λ is a warping parameter and D1(z) is a warped delay element. αk represents the 
LP coefficients, of order m, and D1 is the dispersive delay element of first equation. 
[Digital Body guitar modulation with one driving parameter. Henri Penttinen, Aki 
Harma and Matti Karjalainen. Verona, Italy 7-9 2000]. 
 
Then using Fourier transform for the expression (being h(k) time filter response in time 
domain): 

y(k) = h(k) ∗∗∗∗    x(k) 
 

TF 
 

Y(z) = H(z) · X(z) 
 
Finally will have in the output the filtered sound and H(z) would be the transfer function 
of the body-guitar. Just would left make the inverse transform to have the final sound 
(like is shown in definition) in temporal domain. 
 
 
But in main terms what a body-guitar does is to filter the signal applying any kind of 
reverberation and modifying some of their frequencies. It can be done in MATLAB 
easily than using Fourier transforms definitions as is explained below. 
 
 
Reverb with a guitar is exactly the same as creating reverb with any other sound signal.  
This can be modelled with a difference equation of the form: 
 
a(1)*y(n) = b(1)*x(n) + b(2)*x(n-1) + ... + b(nb+1)*x(n-nb) - a(2)*y(n-1) - ... - a(na+1)*y(n-na) 
 
For this implementation, the difference equation used had both feedback and 
feedforward delay.  The difference equation was: 
 
y(n) = gain * x(n) + x(n – delay) – gain * y(n – delay) 
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In order to get the desired reverb effect, the guitar signal is passed through this 
difference three times with increasing delay.  This adds multiple delayed copies of the 
signal to the original signal. 
 
The Matlab code that implements this  reverb is: 
 
function [output]=rev(sound, gain, delay) 
 
output = sound; 
d = delay * 5000; 
 
for i = 1:3, 
    b=[gain zeros(1,round(d/i)) 1]; 
    a=[1 zeros(1,round(d/i)) gain]; 
    output = filter(b, a, output); 
end 
 
output = sound + output; 

 
 
 

Applying this reverberation code to our test1 -that was the sound that was 
approach to a plucked string sound no filtered- it sounds very different to a guitar string. 
It sounds like a big tube organ. 

 
 
If it is used the reference model, used in other chapters, this reverberation gets a much 
closer sound to a plucked string of metal instrument. Here below are the analysis 
differences with a rev.m, setting gain=0, 9 and delay=0, 01. 
 
 
 

• Time domain. 

 
Figure 5.3.3.1 Reference temporal sound. 
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Figure 5.3.3.2 Reverberated output sound 

 
 

• Frequency domain 
 

 
Figure 5.3.3.4  Reference frequency analysis 

 
 

 
Figure  5.3.3.5  Reverberated frequency analysis 

 
 
 
 

5.3.4 Demo 
 

This section is a little demonstration of little basic melody done using the 
waveguide model we have designed. 
 
To understand something as a melody we should use musical notes. It means to have 
different sounds in frequency. Then it is needed to set up the parameters of our model to 
the musical notes frequencies. 
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In the Western musical system, has agreed to use only a specific frequencies, which are 
call notes. We divide the possible frequencies in portions called "octaves" and each 
octave in 12 portions we call notes. Each octave note is exactly half frequency than the 
same note at the top octave. 
 
Human ear picks up only frequencies that are above 20Hz and below 20,000 (very 
roughly). So, we can only hear as much about 10 octaves, each with twelve notes.  
 
The note La serves as a benchmark for all others. It is often called a "note of tuning". 
Occurs when a tweak of the air vibrates 440 times per second, ii means 440 Hz. 
Usually, the octave which contains this note is generally considered the third. [10] 
 
In general, a note n (n = 1 for Do, n = 2 for Do # ... n = 12 for Si) of the octave (or from 
1 to 8) has a frequency f(n,o) that can be calculated this way: 
 
 

 
 
 

Adapted for programming language is better: 
 
 

 
 
 
Using this formula we can obtain the frequency that belongs to each note between the 
eight of the musical octaves.  
 
 
Here is the MATLAB code of these theory to obtain frequencies and lengths belonging 
to each note per octave. 
 
  
Notes_octaves.m 
 
fs=44100; % frequencia de amostragem  
T=1/fs; % período  
  
  
escala=[]; % inicializa  
  
d=0.5; % segundos  
N=d/T; % número de amostras  
t=T*[1:N]; % vector tempo - instantes de amostragem  
  
cumprimento=1;  
for  n=1:12  
    for  o=1:8  
    f(n,o)=440*2^(((o-3)+(n-10)/12)); % frequência da nota  
    nota=sin(2*pi*f(n,o)*t); % nota  
    escala=[escala nota];  
    L(n,o)=(cumprimento/2^((o-3)+(n-10)/12)); % comprimento da corda  
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    L=L;  
    end  
end  
 
 
 
Frequencies (Hz.) are all these ones below: 
 
Do  1: 65,406 
Do# 1: 69,296 
Re  1: 73,416 
Re# 1: 77,782 
Mi  1: 82,407 
Fa  1: 87,307 
Fa# 1: 92,499 
Sol 1: 97,999 
Sol#1: 103,826 
La  1: 110 
La# 1: 116,541 
Si  1: 123,471 

Do  2: 130,813 
Do# 2: 138,591 
Re  2: 146,832 
Re# 2: 155,563 
Mi  2: 164,814 
Fa  2: 174,614 
Fa# 2: 184,997 
Sol 2: 195,998 
Sol#2: 207,652 
La  2: 220 
La# 2: 233,082 
Si  2: 246,942 

Do  3: 261,626 
Do# 3: 277,183 
Re  3: 293,665 
Re# 3: 311,127 
Mi  3: 329,628 
Fa  3: 349,228 
Fa# 3: 369,994 
Sol 3: 391,995 
Sol#3: 415,305 
La  3: 440 
La# 3: 466,164 
Si  3: 493,883 

Do  4: 523,251 
Do# 4: 554,365 
Re  4: 587,33 
Re# 4: 622,254 
Mi  4: 659,255 
Fa  4: 698,456 
Fa# 4: 739,989 
Sol 4: 783,991 
Sol#4: 830,609 
La  4: 880 
La# 4: 932,328 
Si  4: 987,767 

Do  5: 1046,502 
Do# 5: 1108,731 
Re  5: 1174,659 
Re# 5: 1244,508 
Mi  5: 1318,51 
Fa  5: 1396,913 
Fa# 5: 1479,978 
Sol 5: 1567,982 
Sol#5: 1661,219 
La  5: 1760 
La# 5: 1864,655 
Si  5: 1975,533 

Do  6: 2093,005 
Do# 6: 2217,461 
Re  6: 2349,318 
Re# 6: 2489,016 
Mi  6: 2637,02 
Fa  6: 2793,826 
Fa# 6: 2959,955 
Sol 6: 3135,963 
Sol#6: 3322,438 
La  6: 3520 
La# 6: 3729,31 
Si  6: 3951,066 

Do  7: 4186,009 
Do# 7: 4434,922 
Re  7: 4698,636 
Re# 7: 4978,032 
Mi  7: 5274,041 
Fa  7: 5587,652 
Fa# 7: 5919,911 
Sol 7: 6271,927 
Sol#7: 6644,875 
La  7: 7040 
La# 7: 7458,62 
Si  7: 7902,133 

Do  8: 8372,018 
Do# 8: 8869,844 
Re  8: 9397,273 
Re# 8: 9956,063 
Mi  8: 10548,082 
Fa  8: 11175,303 
Fa# 8: 11839,822 
Sol 8: 12543,854 
Sol#8: 13289,75 
La  8: 14080 
La# 8: 14917,24 
Si  8: 15804,266 

 
 
 
And the proportional lengths for these frequencies if they will be applied to any 
instrument would be this below. 
 
 

 
 
 
Where rows are notes from Do to Si and columns are octaves from the first to the eight. 
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To simplify on this demo has been chosen only the third and the fourth octaves of the 
table. 
 
 
Using this code it is met the length proportions for each note on our model of one 
octave in a string. And is played an example note done with a sine. 
 
 
 
 
Notes_octave.m 
 
fs=44100; % sampling frequency  
T=1/fs; % period  
  
  
escala=[]; % inicialitation  
  
d=0.5; % seconds  
N=d/T; % number of samples  
t=T*[1:N]; % time vector – sampling instants  
  
comprimento=1;  
for  n=0:12  
    f=440*2^((n/12)); % note frequency  
    nota=sin(2*pi*f*t); % note  
    escala=[escala nota];  
    disp(comprimento/2^(n/12)); % string pushed point  
end  
 
 

La 1 
La# 0.9439 
Si 0.8909 
Do 0.8409 
Do# 0.7937 
Re 0.7492 
Re# 0.7071 
Mi 0.6674 
Fa 0.6300 
Fa# 0.5946 
Sol  0.5612 
Sol# 0.5297 
La 0.5000 

 
 
Then if a melody would be composed we need to set these lengths for the corresponding 
notes to our model. 
 
 
To do that it is needed to execute our waveguide model with different lengths in the 
same execution. It is also needed to know which are going to be the duration of each 
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note. For running a melody is used this code (reader.m), in which the program extract 
the note’s name and note’s duration from a .txt document and use them as parameters to 
run the code. 
 
 
reader.m 
 
fid=fopen( 'partiture.txt' );  
  
while  1  
    tline = fgetl(fid);  
    if  ~ischar(tline), break , end  
    disp(tline)  
    line=tline;  
end  
  
fclose(fid);  
  
melodia=[];  
for  i=1:3:length(line)  
    melodia=[melodia play(line(i),(line(i+1)-48)*11 025)]; %Second 
    transform from Ascii to double  
end  
 soundsc(melodia, 44100); 

 
 
 

This program calls other MATLAB code function, play.m. It has as input 
parameters the note (string), and the time duration of the wave in the waveguide (char 
� double), and finally run the waveguide with the selected length and duration. 
 
 
 
play.m 
 
function  [sound_out]=play(note,duration);  
%Sampling period of the inserted signal  
fs=44100; % sampling frequency (Hz)  
Ts=1/fs; % sampling period  
  
c=343.2; % speed of sound (m/s)  
dist=c*Ts; % distance between nodes  
  
%Reflection coefficient  
Kr=0.97;  
  
%Range of values introduced in the inserted signal  
interval=(-1:Ts:1);  
  
%Signal or wave introduced  
signal=1*(1-abs(interval)); %Triangle  
  
signal=signal-mean(signal); %Adjust signal values in the X axe.  
  
if  note== 'Z'  
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    signal=0;  
end  
  
L= 0.5^((double(note)-65)/12); %Make the length with the Ascii value of 
the CHAR of the note.  
L=L*0.4;  
  
nodes=round(L/dist); % number of nodes making up the waveguide  
ins_node=round(0.5*nodes);  
ext_node=round(0.9*nodes);  
yright=zeros(1,nodes);  
yleft=zeros(1,nodes);  
  
  
tempo=60; %shakes per minute (Adagio)  
  
 
%Translate the input parameter of the duration into  real musical 
duration  
if  duration ==1  
    duration =0.25;  
else  if  duration ==2  
        duration=0.5;  
    else  if  duration ==3  
            duration=1;  
        else  if  duration ==4  
                duration=2;  
            else  if  duration==5  
                    duration=4;  
                else  if  duration==6  
                        duration=8;  
                    else  if  duration==7  
                            duration=16;  
                        end  
                    end  
                end  
            end  
        end  
    end  
end  
                         
N=duration*60*fs/(60*4*10); %Divide for 3 cause is the reference figure 
(back)  
  
  
    %Digital filter  
    r=0.97;  
    r = -1/(r+2)*[1 r 1];  
     
for  k=1:N  
    if  (k<=length(signal))  
        yright(ins_node)=yright(ins_node)+signal(k) /2; % superposition  
        yleft(ins_node)=yleft(ins_node)+signal(k)/2 ; % superposition  
    end  
     
  
%    Wave travel  
    rr=r*yright([end-2:end])'; % ready to go into the lower rail  
    lr=yleft(1)*Kr; % ready to go into the upper rail  
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    yright(2:end)=yright(1:end-1);  
    yleft(1:end-1)=yleft(2:end);  
    yright(1)=-lr;  
    yleft(end)=-rr;  
  
     
 sound_out(k)=yright(ext_node)+yleft(ext_node);  
end  
 
 
 
 
 

As it is shown in the code (play.m), it was preferred to divide the string in two octaves, 
the reason is that many musical song notes belong to two octaves, this way it will be 
given more flexibility. Note equivalences are these: 
 
 
 
 

1st 
octave 

Note Length 
2nd 

octave 
Note Length 

La ‘A’ 1 La# ‘N’ 0.4719 
La# ‘B’ 0.9439 Si ‘O’ 0.4454 
Si ‘C’ 0.8909 Do ‘P’ 0.4204 
Do ‘D’ 0.8409 Do# ‘Q’ 0.3969 
Do# ‘E’ 0.7937 Re ‘R’ 0.3746 
Re ‘F’ 0.7492 Re# ‘S’ 0.3536 
Re# ‘G’ 0.7071 Mi ‘T’ 0.3337 
Mi ‘H’ 0.6674 Fa ‘U’ 0.3150 
Fa ‘I’ 0.6300 Fa# ‘V’ 0.2973 
Fa# ‘J’ 0.5946 Sol ‘W’ 0.2806 
Sol ‘K’ 0.5612 Sol# ‘X’ 0.2649 
Sol# ‘L’ 0.5297 La ‘Y’ 0.2500 
La ‘M’ 0.5000 Silence ‘Z’ --- 

 
 

And the variable N, which function is explained in chapter 4.1.7, will be adjusted by the 
equation: 
 
 
N=duration*60*fs/(tempo*4); 
 
 
 

That means, when a quarter note (duration=4) is inserted and tempo was 60 (Adaggio), 
the output note will have one second time duration. 
 
 
 

On that way musical figures will correspond to these values of the variable duration: 
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Input Figure Duration 

7 16 

6 8 

5 4 

4 2 

3 1 

2 0.5 

1 

 

0.25 

 
 
 
The format as the .txt document must be written to be read from reader.m, is write note 
and duration, one space and note and duration again in the same line and as notes as you 
want. 
 
 
For a better understanding of how the reader works here below is shown how a real 
musical score would be read. 
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Z7 F4 F4 R5 O5 K5 J5 H5 P4 P4 O5 K5 M5 
K6 F4 F4 H5 F5 K5 J6 F4 F4 
H5 F5 M5 K6 F4 F4 R5 O5 K5 
J5 H5 P4 P4 O5 K5 M5 K9 
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6.6.6.6. CONCLUSIONS 
 

In general, the main idea got with this project and with the bibliography read and 
the work done is that, artificial sounds and sounds simulating any physical model could 
be easily implemented with digital waveguide modelling. That is the reason why the 
majority of new synthesizers that are sold nowadays are using this technology. 
 
 
 
Other fact is the same as is easy to perform a good sound with DWM, is very difficult to 
get natural sounds of digital instruments. Results get by us have been good but in terms 
of naturally or realistic has been very difficult to improve the model.  
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7.7.7.7. FUTURE JOBS 
 
Staring at future jobs there are two big fields in which work could be continue. Once we 
have a good model built, the improvements and extensions suggested are the below 
ones: 
 
 

1. Extend the waveguide for a 2-D or even 3-D model. 
 

2. Improve output signal to perfect and make it looks like to a specific musical 
instrument. 

 
3. Implement a better code for reading scores and interpret more symbols and 

music figures. 
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