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Abstract 
 

The FDN reverb is based on a number of delay lines that each sample of the audio stream divides 

onto. The samples travel through a matrix of gain coefficients and once again divide onto all the 

delay lines. The results pops out to the output after every pass through the line and will therefore 

decay at a given rate depending on how the delay lines and matrix are configured. 

This report means to examine how the number of delay lines affects the output in terms of reverb 

sound quality. To accomplish this, a program has been written for creation of the reverbs. This 

program will use six and twelve delay lines respectively. The actual reverb method was first written 

as a recursive function though this turned out to be highly ineffective due to the huge amount of 

function calls being made. The author revised the method as an iterative function with a vector 

buffer. But as it turns out this produces just as many function calls to the vector class. Finally the 

vector buffer was replaced with a circular array buffer with pointers keeping track of the read and 

write indexes. This turned out to be a lot faster. 

The test files, in form of acoustically dry recordings of a flute and a guitar, was loaded and run 

through the reverb functions to produce a reverb. As the program’s delay lines have been written 

with a large number of different settings, it took some time to determine a good setup. It came down 

to an initial time delay gap of about 30ms and a separation of the delay lines of about 14ms (varies 

between lines). The delay times were slightly varied to prevent the lines becoming multiples of each 

other. 

And so the test reverbs was created and a survey handed out to six participants of different 

background stretching from home user to audio educated experienced listeners. The participants got 

to listen to the original sound, the six line sound and the twelve line sound.  

The outcome was surprisingly good. None of the participants found the reverb unrealistic or thin. 

Instead they found it quite good and realistic. The number of delay line didn’t seem to affect the 

sound output quality. 

Ordinarily a greater amount than six lines is used. Either that’s not necessary with general FDN 

reverbs or this method makes it unnecessary. There might also be other reasons as to why one would 

choose a greater number of delay lines. This might be a good reason to try this experiment with even 

more delay lines, but according to the investigation at hand, less delay lines will not equal less 

quality. 
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Introduction 
 

This project began with the author’s curiosity with reverberation. How do digital reverbs work? Are 

there different methods to use? It turned out to be a few candidates. In the end the method FDN 

(feedback delay network) seemed most interesting and the author decided to study it in more detail.  

The interesting part of the FDN[1] method was that it uses a number of “delay lines” to manipulate 

audio data. This then raised the question: “How does the number of delay lines affect the sound 

quality?” 

With this report, the author means to answer this question. 

Purpose 
 

This project was initiated to determine how the number of delay lines affects the reverb output 

quality. The report features the implementation into a JAVA program with all code and algorithms 

that comes with it. 

To get a reverb, one must write some kind of repetitive function/statement if the code is to be 

efficient. As the author’s knowledge of JAVA included iteration and recursion, the project was limited 

to these. The first step was to determine which of these would be most efficient. As stated above, 

the project was limited to the FDN method simply because it intrigued the author.  

To determine the level of success for the project, the results will be presented partially by the actual 

java code and partially by a survey of the sound quality. The survey gave the participants free hands 

to comment on the sound files. 

The question to answer will be: How does the number of delay lines affect the sound output quality? 

Theory 

History 
 

Before diving into the problem at hand one should know what led up to the recent developments 

regarding the subject. The concept of reverberation is nothing new and has been practiced for 

decades.  

In the thirties, and before, reverberation was basically a result of the ambient sound of the recording 

room. To change the reverberation time one had to change the room itself. Not an ideal scenario. At 

the mid-thirties the jukebox was invented and this, one might say extraordinary, machine suffered a 

lot from prerecorded room ambient sound. Due to this, reverberation in recordings was abandoned.  



5 FDN-reverb implementation and delay line configuration| Luleå Tekniska Universitet 

 

The first reverb chamber was created by Bill Putnam Sr. who recorded the ambient sound in the 

studio bathroom. This caught the audience and chamber reverb became somewhat of a standard 

throughout the fifties. [2] 

The next big breakthrough would come from the German company EMT (Elektromesstechnik) who 

created the first artificial plate reverb in 1957. EMT was by far the most popular creator of artificial 

reverbs in the time to come. The later came to build the EMT250 digital reverb.  

Another great pioneer is Manfred R. Schroeder[3] who among other things created the first vocoder 

(synthetic speech). But most importantly he, along with Gerhard Sesser and James West, proved that 

“integrating the square impulse response of a linear network gives the average of infinitely many 

noise-excited decays in a single measurement”[3]. To this day this is still the standard way to calculate 

reverberation time of an enclosure. 

As for the FDN method itself, the first investigations were done by M.A. Gerzon. He discovered that a 

single comb filter feedback gave the reverb poor quality while several loops improved the quality. He 

used an orthogonal matrix while Stautner and Puckette used a Hadamard matrix [3].  

Later on, J.M. Jot developed a “systematic FDN design methodology” [4]. This allowed him to tune his 

reverb with great quality. This method has served as a basis for the author´s algorithms and JAVA 

code. 

 

Basic statements and types for JAVA (JAVA for dummies) 
The JAVA language can be hard to understand for someone not involved in programing. This section 

provides a basic overview of the most regular JAVA types and expressions. Knowing these types and 

expressions makes it easier to understand JAVA code. 

 

 

Try/Catch: 

The try/catch statement is a piece of code that handles any exception thrown by the 

program. Without this statement to “catch” the error the program will fail and 

terminate itself with an error message. The try/catch statement avoids this by catching 

the error and making it possible for the programmer to make certain corrections when 

an error occurs. 
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Syntax:
  

 

 

If/else:  

The if/else statement is one of the most common statements in programming. The 

workings are very simple. “If something is true do this, if not, do something else”. 

There are many different ways to make an if statement. In “syntax” you will see one 

example ( if A more than B). 

Syntax:     

 

 

 

 

While: 

The while statement is very easy to understand. It simply puts the code within it in a 

loop as long as a certain statement is true. The example below states that: as long as A 

not equal to B the loop will continue. There are two statements that can be put inside 

the loop to either break it or jump directly to the next start. To break a loop and jump 

directly out of it without executing any of the remaining code, use “Break;”.  To jump 

back to the start of the loop without executing any of the code still remaining in that 

cycle use “Continue;”. 

Syntax:   

 

 

For:  

The for statement executes a loop much like the while-statement. But the For-

statement adds a counter that can be customized by the programmer. There are three 

things to configure: the start, the end and how to count. The example in “Syntax” 

shows a counter that starts at zero and works its way up by adding one on each loop. 

The loop continues as long as the counter value stays under 8. (i++ adds one to the 

variable “i”. If the programmer wants to add more he/she needs to use  

i+=someNumber). The counter can be increased or decreased by any method 

(addition, subtraction, multiplication, division) as long as the break statements remain 

false the loop will continue. 
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    Syntax:

 

 

Basic function: 

The basic function is the core of programming. A function is a container that holds a 

certain amount of code. This code can be executed by making a function call. A 

function can be made so that it either returns a value or object back to the initial call 

or void, which means that it doesn’t return anything at all. But just because a function 

doesn’t return anything doesn’t mean it doesn’t do anything. Variables can still be 

manipulated and saved without the function returning anything. 

A function can be “public” or “private”. A public function or variable can be accessed 

from any other class while a private function or variable can only be accessed from its 

own class. This stresses the concept of “set- and getters”. This is a public function 

within a class that sets or gets a private variable or accesses a private function. The 

program becomes more structured this way. A function can also take an argument as 

shown in the first example in “Syntax”. When the function call is made (as shown in 

the second example in “Syntax”) the programmer can choose to send something to 

the function which can be used by the called function in some way. 

Syntax: 

  

    

someObjectOfClass.someFunction(someObject); 
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Method 
The method consists of two parts:  

 The implementation of a FDN reverb into JAVA code. 

 A survey made to determine sound quality of the reverb. 

Two numbers of delay lines were chosen. A relatively small number would be practical to work with. 

Therefore the author chose to work with six and twelve delay lines. 

The FDN method 
The FDN method can be seen in figure 1[5]. The figure shows the theoretical signal path for the 

incoming sample. The general case states that an incoming sample is divided between the delay lines 

at the same time as it passes right to the output without being tampered with. Before the sample 

reaches the delay lines they get multiplied by the gain coefficients. Once again the samples get 

divided, but this time into two different directions. One part, multiplied by a gain coefficient, goes to 

the output while the other goes through the gain matrix. After the gain matrix the sample gets 

divided and added onto all the delay lines and round and round it goes. The samples diminish over 

time at a rate that is determined by the values of the delay matrix.  

 

Figure 1 The FDN method as described by Jot[1992] [5] 

In addition to the FDN method in figure 1, the reverb in this project has gained a halt statement. This 

means that the particular sample loop will halt at a given value. In this case: when the sample value 

falls short of 0.00001 (-100dB full scale). The reason for this is that the number of calculations quickly 

gets out of hand without a halt statement (a problem specific to the author´s solution). As one 

sample gets divided into six or twelve and that sample into six or twelve and so on, the number of 

calculations will escalate at some point.  For example: one of the test sounds was 0.56s@44.1kHz 

long. With a halt statement at 0.01 (for testing purposes only) the reverb was created with just over 

60 million iterations (this will of course vary with different sounds). As double values, in JAVA, can 

hold the smallest positive value of 2-1074 one can quickly see that having no halt statement would 

create an unreasonable amount of calculations.  

The choice to use six and twelve delay lines was purely a matter of convenience. There was nothing 

indicating that using this “few” delay lines would be a disadvantage of any kind, and using few lines 
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would make programming a bit easier. The values had to be separated so that a difference, if any, 

could be perceived. Therefore the larger value was chosen to be double that of the lower value. 
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The program 
At first the choice stood between the two programming languages JAVA and C# (C-Sharp). Both with 

their respective advantages, though the syntax of these languages is very similar. The final decision 

to use JAVA was based on the author’s previous experience with that particular language. For 

example, the sound output code was constructed by the author in a previous project regarding 

recreation of complex instrument tones with sine wave components. So in the end JAVA was the 

triumphant language. 

The focus of this project was to lie on the configuration of delay lines. But the author still wanted it 

to look good. It was clear from the beginning that a fairly “easy to understand” GUI (Graphical User 

Interface) had to be constructed. A text based interface would of course work but, in general, the 

graphical approach gives a much better overview of the state of the program (if it is constructed in a 

good way).   

To get a good understanding of how the program handles information, figure 2 is a good start.  

 

 

 

 

 

 

 

 

Figure 2 Basic representation of the data path inside the major classes of the program. Blue path: data. Red path: 

audiostream 

As seen in figure 2, the main menu works as an information router. The main menu retrieves the 

information stored in the input classes, and stores it in the processor class (in the correct format). 

The data input is handled with simple textboxes protected by “try/catch” statements to handle any 

input error that might occur (see statement list for detailed information, page 5).  

The program was written so that the reverbs were created when the files were loaded and saved in a 

vector. This vector could then be used for playback (no real-time generation). 

The code editor used to complete the program is called NetBeans[6]. NetBeans has a built in GUI 

editor which makes it very easy to create the interface. The user drags and drops various elements 

onto a template and the code is automatically generated and put inside a function called 

initComponents. This function is simply called within the constructor to create the GUI. This way one 

can collapse the GUI function to hide it from view.   
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A screenshot of the programs full GUI can be seen in appendix 7. The full sourcecode can be obtained 

by mailing the author and simply ask for it at: joherk-5@student.ltu.se or joheri85@gmail.com.  

Detailed class list 

Note: the vertical red lines in some code previews have nothing to do with the code. Note that the 

code previews are screenshots taken from within the NetBeans editor. Also, the classes that’s not 

represented by code can be obtained, once again, by mailing the author at the previously mentioned 

address.   

Processor (data package) 

The processor class takes all the information collected by the input classes (Matrix data, Delay data, 

file loader and tone data). This information is stored in various arrays for easy access by the private 

functions. This class then consists of a number of set- and getters that calls on the private functions 

who does the major calculations for the program. For example, this is the class in which the file 

reverb is created. The core of the program if you will.  

Set- and getters are, mostly, very simple functions that are public inside a class. The sole purpose of 

these functions are to “get” and “set” different values from the private classes inside the class. The 

reason for this is that as many functions as possible can remain private. 

The class uses 2 different methods to create the reverbs: recursion (old and not in use) and iteration. 

Recursion 

The concept of recursion means that a function calls itself to create a loop. This loop continues until 

the code inside that function allows for it exit. If a function always calls itself the loop will be infinite. 

Therefore the function call will have to be inside an if-statement that, at some point, becomes false 

allowing the recursion to stop.  

The recursive method consists of 2 functions. The first dividing the initial sample between all the 

delay lines and the second writing the samples to an array of doubles and calling itself to continue 

the loop. 

The recursive method can be seen as appendix 2. The sample code, being old as it is, does not 

feature the correct number of delay lines as the iterative method does. 

As mentioned above, this function is not in use. It was removed in favor of the iterative method. 

Even so this function was an important part in finding the solution (the iterative method).  

Iteration 

Iteration is a statement that create a loop such as “while” or “for”. This is generally more memory 

efficient than a recursive loop due to the fact that a recursive function needs to keep every instance 

of the function still in the memory until the recursive loop ends. Recursion also involves a lot of 

function calls. An iterative loop on the other hand can “forget” one cycle as soon as the next cycle 

starts. 

The iterative method consists of one function that utilizes for and while loops to create the reverb. 

As suggested above this method uses less memory then the recursive one. This method should also 

be faster due to the total lack of function calls (the recursive method makes a function call every 

recursion). Whether this is noticeable or not will be revealed in the results.  

mailto:joherk-5@student.ltu.se
mailto:joheri85@gmail.com
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Another plus is that the code is less of a headache to follow. Everything is there to see. The recursive 

method on the other hand stores instances of the function running in the memory instead of using a 

vector or array buffer like the iterative method.  

The iterative method can be seen as appendix 3. 

The full function list of this class can be seen as appendix 1. 

In addition to the above differences between the two methods, the calculations are done in different 

orders. Picture a hierarchy tree with the one sample at the top branching down into groups of six or 

twelve. Each of the group members branching in to six or twelve and so on. The recursive method, 

unlike the iterative method, follows one branch to the end until it moves on to the next one. The 

iterative method follows the hierarchy as a reverse pool system (first the finals, the semi finals, 

quarter finals and so on). 

The first attempt at making the function iterative was less successful. Here the vector class was used 

as a buffer for the samples (instead of the recursive memory). It turned out that this method used 

just as many function calls as the recursive method (every time a vector is called upon to add or 

remove a value a function call is made). Instead a circular array buffer was constructed. This removed 

all function calls, and consequently, made the program work significantly faster.  

 

Besides the two ways of creating the actual reverb the processor class contains a number of other 

functions that helps along the process to make the reverb. The file loader is one of these functions. 

This function takes the file loaded by the main menu and checks it for compability issues. The actual 

compability check is a built in feature of the audioInputStream protocol (for more information about 

build in protocols, visit the API specification at Oracle[7]). Encasing the format check in a try/catch 

statement will effectively determine of the file is of a supported format.  Simply loading the file and 

checking for format support isn’t enough though. This program works with double arrays but the file 

reads chunks of bytes from the file. Converting a byte to a double, however, is not a complicated 

procedure. It can be done by simple casting of the byte.  

For example if A is an empty type double and B is a byte, one can simply type: 

 A = (double)B; 

This will save the byte B as a double value in the variable A. 

It is not enough, though, to simply cast a byte. The program works with 16-bit audio which means 

that each sample consists of two bytes. These bytes are stored in little endian format in the *.wav 

file. To convert the two bytes the following line is used: 

 

Where “c” is a type double. Little endian means that the lower byte is stored first. To cast the two 

bytes to a double one needs to shift the bytes (<<). 
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 When the conversion is complete the new double values are stored in a tone array. This array will 

later be used in the creation of the reverb. The conversion part of this function outputs “error in 

conversion” if any error should occur. 

 

Another major function is the normalization function. The purpose of this function is to prepare all 

sound that’s sent to the soundcard. The sound class (audio in soundStream package) takes amplitude 

values in the interval [-1,1] and later converts them into full range 16-bit type shorts. Code preview 2 

gives a good idea of what the values might look like before normalization. Values are continuously 

stacked on top of each other which will, some time along the way, take the value below -1 or above 

1. If this is sent to the sound class without normalization the sound will simply be clipped.  

So what is normalization then? This is in fact a very easy procedure. The program runs through the 

specific array to find the highest value. Every value in the array is then divided by that value. This will 

keep the internal ratio between the samples and, at the same time, put every value inside the 

permitted interval. Code preview 1 shows the code for the normalization function. 

 

Code preview 1 the normalization function 

The function also gives the option to determine the length of the output array (if the programmer 

should want to make it shorter than the original for some reason.) 

 

Menu (GUI package) 

The menu class can be seen as an information router. The menu itself does not obtain or save any 

information; it is merely a tool for sending information from the gathering classes to the processor 

class.  Besides the GUI components integrated in the class and all the different buttons, there are one 

major function of interest.  

The action listener for the “load file” button opens a file chooser window where the user can choose 

a suitable file to load into the program. Once a file have been chosen its sent directly to the 

processor class for evaluation (format check). If the file format doesn’t match the supported types an 
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exception will be caught and displayed. If the format is supported a simple string is composed and 

displayed in the GUI, showing format and length of the file. To make file browsing easier a wave filter 

has been implemented in form of a small class shown as code preview 2 below. 

 

Code preview 2 the wave file filter 

 

FDNMatrix (GUI package) 

This class contains the GUI elements for the delay matrix.  Its function is simply to gather all the 

matrix data, convert it to workable types and send it to the processor class for later use. There’s 

basically one important function besides the GUI, “getMatrix();”. This function takes the text (string) 

from the matrix input fields and converts it to double values. The data is then saved in a [nr of 

lines][nr of coefficient (always 3)] array matrix (nr of lines X 3). The function returns this array matrix.  

 

Param (GUI package) 

Much like the FDNMatrix class, this class gathers information about the actual delay lines. This class 

holds the GUI elements that make this possible. Every delay line is configured by 3 sliders (delay, 

input gain and output gain). The sliders determine the delay in samples and the in- and output gain in 

percent. All values are stored in an 12x3 array matrix and sent to the processor class when the 

window is closed. This class contains no major functions besides the GUI initialization.  

 

FileInfo (GUI package) 

This is a very simple class. Apart from the GUI elements the only function of this class is to receive 

data from the loaded file and save it to the GUI. By clicking the file info area of the main menu 

(appendix 7) the fileInfo window will appear. This window is a table inserted into the gui that shows 

the files constellation such as: sample rate, bit depth, channels and so on.  

ImpulseResponse and impulseResponsPanel (GUI package) 

These classes are made only with the purpose of showing an impulse response of the created reverb. 

The panel will only show a correct impulse response if the impulse response *.wav file has been 

loaded. This file is simply a wave file containing one sample of max value. When the impulse 

response file is loaded the program attempts to create a reverb from its contents. As the file only 

contains an impulse, the output will be an impulse response. This response is then plotted onto the 

impulseResponsePanel. 
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Audio (soundStream package) 

This class handles all outgoing sound by creating an audio stream[7]. The program is designed to only 

work with 44.1 kHz sample rate and 16 bit resolution and so the audio output stream naturally abide 

by this rule.  Code preview 3 shows the code that creates the audiostream. 

 

Code preview 3 creation of the audio stream. The new audio format created uses the following template:  

(float sampleRate, int sampleSizeInBits, Int channels, Boolean signed, Boolean bigEndian) 

 

To send one of the created sound arrays to the soundcard two functions need to be used. Both of 

them named “play”. The reason that two functions can have the same name, in this case, is that they 

take different types of arguments. The first function takes an array of doubles, reads the samples one 

by one and sends them individually to the second play function.  

The data line, to which the samples are written in the second play function, can only handle values 

on the interval [-32767,32767]. Therefore a safety measure has been put in to place in the form of 

sample clipping. If a sample value is less than -32767 or more than 32767 that sample will be written 

to the line as -32767 resp. 32767. This should however never happen as all tone arrays are 

normalized. After this check the samples (double value) are converted to a byte array with little 

endian and sent to the sound card for immediate playback. 

 

Save (soundStream package) 

This class was created so that the survey would go as smoothly as possible. Judging by the way the 

program operates it soon became clear that a save function had to be written in order to make the 

survey possible. Without a save function every test sound had to be imported and configured on the 

go. This would simply be extremely unpractical.  With the option to save the configured files one can 

use an external media player for the survey and easily switch between the different sounds and their 

originals.  

The Save class consists of two major functions. The read and the save function.  The read function 

saves the configuration of the loaded file (sample rate, bit depth and so on). This is so the save 

function saves the output in the same configuration as the input. The read function can be seen as 

appendix 4 and the save function as appendix 5. 
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Further it turns out that it’s not as simple as using casting to convert the double values back in to 

byte arrays. This procedure is far more complex. The solution was to create a byte buffer with byte 

order little endian.  The double values could then be inserted to the stream and taken out as bytes.  

This class also contains a small function to save the loaded files configuration as strings. These strings 

are being sent to the FileInfo class when a new file is loaded into the program.  

As seen in the code appendix for the read (appendix 4) and save (appendix 5) functions, to read and 

save a wave file is not just writing an array of samples to a file. A number of bits have to be set to 

various values. Figure 3 illustrates this. 

 

Figure 3 the wave file structure as shown by Scott Wilson [8].  
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The survey 
The survey was constructed to give feedback on the created reverb. The participants are free to 

comment on anything they think is good or bad. But even though they are free to say whatever they 

like, some guidelines in form of questions have been composed.  

1. Does the reverb sound realistic? 

a. If not, why? 

2. What environment would you say the reverb represents? 

3. Describe the reverb with your own words.  

4. Did you perceive a difference between 6 and 12 delay lines? 

a. Yes: what difference? 

 

All participants are studying for university degrees and a few of them in acoustics (one participant 

holds a master’s degree in media technology). All participants reported normal hearing. In addition 

to this the author tried to spread the knowledgebase and listening experience of the participants as 

much as possible to be able to see a more general opinion. There was also geographical spread 

between the participants (Göteborg, Örnsköldsvik, Luleå).  

The survey doesn’t require the participants to have extensive knowledge about acoustics. This is not 

supposed to be a statistic investigation but rather a way to gather opinions on what needs to be 

improved. The outcome of the survey is presented under “results”. 

Also the participants have been given no indication as to if there “should” be a difference between 

the two delay line configurations. If this information would be given out prior to the test each 

participant may develop preconceptions as to which clip “should” sound better than the other.     

Two different files were used in the survey.  

 An acoustically dry guitar. 

 An acoustically dry flute. 

Both of these sounds are frequently used as test sounds on reverbs in signal processing classes at 

LTU. Reverb with six and twelve delay lines were created for both files. The participants could now 

listen to the files in which order they wanted, making it easy to switch between files fast. 

The survey can be viewed as appendix 6. 
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Reverb configuration 
After reading up on history the Hadamard matrix seemed like the best choices. The author decided 

to try this and used a standard Hadamard 12x12 (and 6x6) matrix multiplied by:
1

√12
 (and 

1

√6
) as 

suggested by Julius Smith[4]. Without the multiplication there would be no volume decay. This turned 

out to be a very good idea as the reverb sounded quite well. But more about that under “results”. A 

Hadamard matrix has half elements in each row 1 and the other half -1, though these elements can 

be spread out. More about the Hadamard matrix can be found in the references [3]. 

The delay line configuration was a bit harder to set up. The input and output gain seemed to affect 

the outcome the most. The delay times did of course effect the outcome but not in the same way. 

With too much input gain the output would be unrecognizable. It seemed that around 10% of the 

input was just right (a small variation was set between the lines to separate them). The output gain, 

on the other hand, was set to 100% on all lines. Though the gain was divided by the number of active 

lines (since 12 lines = 12 times the amplitude, the amplitude needed to be controlled in some way). 

See appendix 8 for full configuration.      

After a lot of testing the author came to the conclusion that a start value of roughly 1300 samples 

(~30ms) and a separation, between the lines, of around 600 samples (~14ms) was the best way to 

configure the delay times. This might of course vary between persons although the results support 

these settings.  
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Results 
The result of the survey was quite surprising. Most of the answers leaned towards the same end, 

though not the end the author had anticipated. Before starting the project the author was under the 

impression that more delay lines equals better sound. It seems this assumption was drawn too 

hastily. The survey answers can be seen as appendix 6.1-6.6. 

All of the survey participants thought the reverbs sounded good and realistic (both with six 

respective twelve delay lines) though one participant mentioned that the twelve line reverb started 

to sound a bit “computerized” when listening to the flute. The same user also thought that the 

twelve line reverb interfered with the original sound too much. This could perhaps be fixed with only 

dampening the delay lines when a higher number is used. When it comes to number of delay lines 

the responses were somewhat divided. Three of the participants thought that the reverb sounded 

better with six delay lines due to the fact that there was “too much” reverb with twelve lines. On the 

other hand the other three participants did not mention the difference this way. One comment was 

(quote translated from Swedish): “the reverb appears deeper with twelve delay lines”. The 

participants were almost fully in agreement that there was a difference between six and twelve delay 

lines. Only one participant failed to hear a difference.  

The participants seemed to fully agree that the reverb with twelve delay lines represented a larger 

room while thoughts on the six line reverb varied slightly. The general thought however, was that the 

six line reverb represents a smaller room. 

The experience of the participants varied from home users to experienced listeners. This was 

deliberately staged by the author to get different perspectives. One of the participants holds the title 

“Master of Science in Media Technology” and described the reverbs as “smooth”. The impulse 

response supports this statement as one can see in figure 4.  

 

Figure 4 Reverb impulse response (y= amplitude, x=time. window shows 1 sec interval @ 12 delay lines). 

The impulse response contains no major peaks or dips that would be suspicious. The graph in figure 4 

indicates a smooth drop-off and further supports the limitations added to the software. As one can 

see the later part of the graph shows minimal sample amplitudes. On a “real” *.wav file the different 

sample impulses would, of course, build upon each other but at some point the generation has to be 

stopped (there is no sense in generating something we couldn’t possibly hear).  
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Discussion 
The expectations for this project were quite straight forward. The author strongly thought that “the 

more delay lines the better”. Furthermore, the author did not expect that his first reverb would 

sound as good as it apparently did. 

Against previous beliefs conclusions can be drawn that the number of delay lines does not 

necessarily mean better sound. It might be a good idea for future work to test this further by creating 

a reverb with 24 and 48 delay lines and see if the pattern repeats itself. This might just be a 

phenomenon occurring between six and twelve delay lines. The results can of course also have been 

impacted this way by the certain configuration used all though the author tested a good number of 

different configurations before settling for the current one. 

Despite all buts and maybes the author has proven that it is just as easy to create a well sounding 

reverb with six as with twelve delay lines. As for the research question: “how does the number of 

delay lines affect the sound output?”. According to these results, the number of lines does not 

necessarily affect the sound quality.   

It’s important to point out that a bigger room simulation might need more delay lines in order to 

obtain the same smoothness for a longer reverberation time. However the reverb created here 

clearly mimics the characteristics of a large room or a hall according to the survey participants. In 

most cases that’s enough. 

A rather strange thing is how the impulse response looked. Ordinarily this should look like an 

exponential decay. This impulse response builds up to a point and then decays. Even so the 

participants seemed to think the reverbs sounded realistic which obviously points out that the decay 

doesn’t have to look exactly like it is “supposed to”. 

Are these results reliable? In retrospect the participants should have been told less. It was not 

necessary to tell them how many delay lines the sounds consisted of. This might have made them 

draw premature conclusions. It would have been better to ask something like “listen to these sounds 

and tell us what you hear”. Also, the delay times between different delay lines should be calculated 

using prime numbers. This will eliminate the chance that two or more delay lines become multiples 

of each other.  

The code makes no attempt to generate overtones as would have been the case in “real life”. The 

outcome would most likely be altered if this was the case.  

Despite the above, the participants thought the sound to be realistic. A fact that might have been 

different had the number of participants been larger. 

Another interesting aspect for future work is real-time support. The program is neither optimized nor 

configured for real-time operations but creates the whole reverb as the file is loaded. The use of 

threads might be a good idea as well as optimizing the actual code. This is not within the author’s 

knowledge base at the moment and was therefore left as possible future work. 

All in all, this project yielded some interesting results and laid down a broad basis for future work. 
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1 Processor class function list 
Functions for class “Processor”  

Public void setDelayData(double[][] i){} Saves the delay data from the input class 

public double[][] getDelayData(){ Returns the delay data 

public void setMatrixData(double[][] i){ Saves the matrix data from the input class 

public double[][] getMatrixData(){} Returns the matrix data 

public String getFileLength(){} Returns length of loaded file in sec 
“format error” if not supported 

public void setFile(File f){} Takes the loaded file from the input class, checks for 
format support. Outputs into double array 

public File getLoaded(){} Returns the loaded file 

public double[] getReverb(){} Normalizes the tone reverb and returns it 

public double[] getFileReverb(){} Normalizes the file reverb and returns it 

public double decimals(double toRound, int 
decimalCount){} 

Rounds “toRound” to “decimalCount” decimals and 
returns it. 

public double[] getFile(){} Normalizes the file data and returns it 

private double[] normalize(double[] a, int s){} Normalizes the vector “a” with length “s” and returns 
it 

public void doFileReverb(){} Creates a reverb for thew loaded file and stores it in a 
double array 

public void doReverb(){} Creates a reverb for the generated tone and stores it 
in a double array 

private void sendLine(double sample, int index, int 
from, int to, int what){} 

The delay line behavior for the recursive reverb 
functions 

public void doFileIterativeReverb(){} Creates a reverb using iteration instead of recursion. 
(less memory usage) 

 

 

 

 

 

 

 

2 The recursive methods from the class: Processor 
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Take under consideration that this method was discontinued early on because of poor performance. 

The code may contain errors and uncommented areas cause of the testing, such as the value 132300 

above. This is only set to a fixed value due to testing. Delay[x][y] is a matrix containing delay and gain 

values at this point. 

 

 

 

 

 



24 FDN-reverb implementation and delay line configuration| Luleå Tekniska Universitet 

 

3 The iterative method from class: Processor 
 

 

As the recursive method this screenshot was taken during testing. The function however, is finished. 

In this particular screenshot the function values is setup for making the survey reverbs. Hence the 

values “44100000” (max reverb length) and “6144” (buffer length) which were the values needed for 

that particular length of input sounds.   
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4 The read function from class: soundStream 
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5 The save function from class: soundStream 
 

 

The 0,2 and 4s in “outfile.write…” obeys the following template:  

outfile.write(data, startByte, endByte);   
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6 The survey 
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6.1      Survey answer: 1 
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6.2      Survey answer: 2 
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6.3     Survey answer: 3
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6.4     Survey answer: 4 
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6.5    Survey answer: 5 
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6.6    Survey answer: 6 
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7 Program GUI 

 

 

The two windows in the lower right corner can be ignored. They are a part of a tone generator that 

have nothing to do with the reverb part. Furthermore this is an early screenshot which contains the 

wrong gain matrix. This picture only here to show what the program GUI looks like. 
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8 Delay line configuration 

 

 

 

 


