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1. Introduction
This report intents to look into sound synthesizing techniques and apply them in MATLAB. It will look into fundamentals of notes and some mathematical relations between them. Exploring harmonics of waveforms will also be required to better understand sound making techniques as well as looking into sound envelopes and their purpose. Then, it will move on to making sounds using analog and hybrid techniques using voltage-controlled circuits. Lastly, the project will intent to achieve sound synthesis in MATLAB which methods for, will be inspired by analog electronics. MATLAB will connect to a MIDI keyboard as a source of notes frequencies.
2. Background
2.1. Notes Fundamentals
The musicians are using notes to translate music onto a piece of sheet which can be read by another artist. The notes describe the pitch (pitch is the same as frequency), and the duration of a particular musical tone that can be tested scientifically. If you were to plug a microphone into an oscilloscope, you would be able to see the waveform of a sound as well as its frequency and amplitude that causes air around it to vibrate, creating sounds. All of the above properties of a sound in music are known as tones and these have names [1]: [image: ]
Figure 1. Numbering and Solfeggio Example
The above figure shows “Do Re Mi’s” of the C Major scale and the method for naming musical tones using syllables is known as Solfeggio or Solfege [2]. You can also use numbers to describe the tones and use them to play music but the most accepted way of naming musical pitches uses first 7 letters of the alphabet – A, B, C, D, E, F, and G. Reason for that is because alphabet method is absolute and always refers to the specific frequency of a note unlike numbering where the starting point can be assigned to any pitch [3]. A great way to visualize the 7 basic notes is by looking at the piano keyboard:[image: ]
Figure 2. Piano Keyboard with labelled white keys
Every white key links to one of the seven main notes and the black keys seem to form a pattern. The white key located to the left from pair of black keys is always assigned to note C, and for the black keys with the group of 3, the white key on the left is always F. Knowing exactly where C and F are, helps finding all other notes [4]. Those notes are drawn on a music staff that made out of lines and spaces which also contains clefs. The main clef is known as Trebble Clef and it is placed precisely to represent specific pitches [5] (see Figure 1.). There is also another clef known as Bass Clef, which is used to write the music that is placed bellow the Middle C. The Bass Clef (Figure 3.) is sometimes referred to as F Clef because the two dots on the clef are surrounding the fourth line, which is an F note. This clef is mostly used by low-pitch instruments such as trombones, tubas, bass guitars, and singers singing the bass part [6]. There are more clefs such as alto, tenor, percussion, but they are used for different instruments [7].
[image: ]
Figure 3. The Bass Clef on a music Staff
The lines on the Bass Clef Staff corresponds to notes that are below the Middle C but their frequency intertwines between two octaves, or two sets of 7 base notes. There are mnemonics to remember the lines of Bass Clef: “Good Boys Do Fine Always” and “All Cows Eat Grass” where each capital letter represents a matching note from right octave [6].
2.2. Frequencies
This section could have been a simple table of frequencies for a range of octaves but that would be functional but lengthy in plain numbers instead, let’s look at the Pythagorean Scale which could produce a number of octaves from one starting note. Interesting fact is that it was invented before times of Pythagorean who lived around 550 BC but it is associated with him because of theoretical justification and later, of its construction in mathematical terms.
The Scale is built by first choosing a starting note and produce others which are going to relate to original note using whole-number ratios with security that notes will sound consonant due to Pythagorean principles. The fundamentals of this Scale revolve around frequency ratios of 2:1 and 3:1.
Naturally, when a string is plucked, it begins to vibrate and produce its own note which depends on the string. Let’s imagine a vibrating string producing sound at a frequency of t.
[image: ]
Figure 4. Vibrating string with frequency t
When the same string is vibrating at twice the original frequency, it will produce a note with frequency 2t. This will create an interval between the two notes which is given by the ratio of those frequencies, 2t:t or 2:1, essentially, an octave.
[image: ]
Figure 5. Vibrating string with frequency 2t
If that original string would vibrate at 3 times the original frequency instead, it would make a sound of a note of frequency 3t.
[image: ]
Figure 6. Vibrating string with frequency 3t
Therefore, the interval between notes of frequencies 3t and 2t is 3:2 or . At the same time, the note an octave bellow 3t is  and then the interval between this note and the note with frequency t is . This logic gives a three-note scale: {t, , 2t}, and if t is a note C and C’ is an octave higher, then the scale is:
Table 1. Pythagorean Scale with C, G, and C'
	
	C
	G
	C’

	
	t
	
	2t

	e.g.
	16
	
	


This gave a formula for the note G, which has the interval between C known as perfect fifth with the ratio  and the interval between note C’, a perfect fourth, with the ratio  , or . This method gives ability to generate more notes, lowering C’ by a perfect fifth, or dividing its frequency by , gives the note F with the frequency  and it lies between notes C and G.
Table 2. Pythagorean Scale with additional F
	
	C
	F
	G
	C’

	
	t
	
	
	2t

	e.g.
	16
	
	
	


This process for creating a scale is based on comparing each new note to its nearest neighbour and thus creating a new interval that can be used to further generate notes. Next interval created between notes F and G is , or , which is also known as major second, or a whole tone. This new interval simultaneously lowers both F and G by a perfect fourth and generates a new note because a whole tone above C is D. knowing a whole tone allows filling remaining notes.



Table 3. Pythagorean Scale with remaining notes
	
	C
	D
	E
	F
	G
	A
	B
	C’

	
	t
	
	
	
	
	
	
	2t

	Inter-
-vals
	
	
	
	
	
	
	

	e.g.
	16
	
	
	
	
	
	
	


The narrow intervals E to F and B to C is  because of the  ratio which is a minor second, or semitone. By sticking to octaves and perfect fifths, only numbers 2 and 3, along with their powers, are allowed in the ratio calculations and each individual note can be written as , where p and q are integers.
Hence, the scale can be written as:
Table 4. Pythagorean Scale converted to powers of 3 and 2
	C
	D
	E
	F
	G
	A
	B
	C’

	1
	
	
	
	
	
	
	2


Unfortunately, this scale is not universal. In a case of finding a major seventh above A  where note is  and lowering it by an octave which gives  will show that this note is placed somewhere between G and A because . This also shows how Pythagorean Scale doesn’t close and the method under which it is constructed will cause an indefinite number of notes [8].

2.3. MIDI
MIDI stands for Musical Instrument Digital Interface and it took a major role in development of electronic music since 1983 [9]. It provides an interface to exchange data between a computer and a musical instrument. In most cases scenario, this interface doesn’t transfer the actual sounds but instead, it transfers data regarding the events such as key being pressed, drum being hit, or a full stop of a sequencer. For example, a keyboard with MIDI controls will only output data surrounding the events that are happening on the keyboard and when notes are played, it will output description of what notes are being played using a series of messages.
MIDI works using a serial interface which means that binary sequence flows through a single cable and the numbers are representing musical values and events. The data transmission through the cable works using current instead of voltage and the principle is as follows: The current flowing through a cable from sender to a receiver lights an LED at the receiving end and the current travels back to sender device which controls current flow and in turn, the LED flashing pattern. The flashing pattern is organized into blocks of 10 flashes or non-flashes with the flow of current defining zero and the lack of the current flow, defines a one. Blocks starts from zero, followed by an 8-bits string of data, and finished with one that completes block of 10. This gives an error protection because when cable is disconnected the cable can only send end of the block bits.
At the receiver end, there is a transistor which turns on when LED light touches the base. This combination of LED and transistor is known as opto-isolator and it allows to transfer data without direct electrical connection between two nodes which helps with problems such as AC hum from power supplies.
Just like in computer networking, MIDI is compromised out of physical layer – made out of LED opto-isolator circuit; transport layer – which controls organisation of bits; and protocol – the way 8-bits are used to carry the message [10].

3. Sound Making
3.1. Waveforms and Harmonics
One of the simplest waveforms is a sinewave, it is a smooth and rounded waveform produced by a mathematical sine function. Such sinewave contains only one harmonic known as first or fundamental and because of it, it is not suitable for subtractive synthesis because it has no harmonic content that could be filtered.
[image: ]
Figure 7. Harmonics of Sine Wave
Triangle waveform shows two linear slopes and it contains only few odd-numbered harmonics but this gives enough content to filter.
[image: ]
Figure 8. Harmonics of Triangle Wave


A square wave contains a number of odd harmonics and it produces a very synthetic sound. Sound might sound familiar because music played using square waves were commonly used in 8bit videogames.
[image: ]
Figure 9. Harmonics of Square Wave
Another square wave is known as pulse waveform and because of the ratio between two parts, it can contain both even and odd harmonics. The harmonic content changes as the pulse width gets smaller and if the pulse becomes too small, the harmonics can disappear completely. This can be prevented by carefully tweaking PWM that is controlled by LFO or sound envelope.
[image: ]
Figure 10. Harmonics of Pulse Wave










The waveform used the most in subtractive synthesis is sawtooth waveform as it contains both odd and even harmonics which gives plenty of available harmonics. Some sawtooth waveforms replace the linear slopes with the exponential ones which allows achieving even higher number of harmonics [11].
[image: ]
Figure 11. Harmonics of Sawtooth Wave

3.2. Sound Envelopes
The envelope is a way of describing change of amplitude over time also known as volume of a sound. This is what makes an instrument sound like itself and used in synthesizers gives an approximation to that instrument. In early analogue synthesizers, this volume was controlled by a VCA and the voltage used is called an envelope. The fundamental envelope controls only the start and the end of a sound although there are advanced variants that have more complex parameters.
The envelope is made out of components. The point where sound starts from silence to loudest point is called attack time while, the segment after attack, which shows decrease to a steady-value, is decay time. For instruments that can produce continuous sound, there is a time where sound decays to the steady-state, called sustain time and lastly, time taken for sound to move to complete silence is release time.
[image: ]
Figure 12. ADSR Envelope
The above envelope is called ADSR because it is made out matching components, Attack, Decay, Sustain, and Release. There are move types of envelopes generally made from at least two components. In some cases, an envelope can even force a sound to remain high after attack time called hold time which are better for percussion and piano sounds [12].

3.3. Synthesizing Techniques
Synthesizing, in this case, is a process of creating sounds. Some methods use existing sounds by processing them but they are generally generated electronically or mechanically. The synthesis can bring together mathematics, physics, and in rare cases, biology with the musical skills as a science and art combo [15]. There are many types of synthesizers and their components and techniques vary:
Analog Synthesizers uses a combination of oscillators, filters, and amplifiers which are voltage controlled and the three main methods for synthesizing sounds are subtractive, additive, and wavetable. Wavetable and wavecycle are commonly used in Hybrid synthesizers which are neither fully analog nor digital. Frequency Modulation is mainly used in purely digital synthesizers but there are analog synthesizers that also use this technique.

3.3.1. Subtractive Synthesis
Subtractive Synthesis takes simple waveforms such as sawtooth, square, or triangle which are rich in harmonic content and applies filters to them. The most commonly used filters are low-pass and changing the cut-off frequency produces characteristic filter sweep sound that is often associated with subtractive synthesis [16].

Analog Synthesizers for subtractive synthesis are commonly arranged based on source and modifier or excitation and filter model. The theory behind source and modifier comes from idea that instruments are made out of three components: source of sound, modifier, and controllers. The modifier processes the output of the source and controllers connects performer and his instrument [14]. Typical arrangement of modules in analog synthesizers is similar to real instrument.
[image: ]
Figure 13. Source and Modifier for Analog Synthesizers
The source is made out of Low-Frequency Oscillator (LFO) which provides control over a couple of Voltage-Controlled Oscillators (VCO) while simultaneously synchronizing them. VCOs provide Control Voltage (CV) for the frequency or pitch and sometimes, output is mixed in with noise source to achieve raw timbre. Modifier is where filters are used to change the harmonics and amplifiers to change the volume (shape) of the sound. Both filters and amplifiers are controlled via Envelope.

Most commonly used waveform in subtractive synthesis is sawtooth because of its high harmonic content. When combined with filters and amplifiers in various configurations, it allows conversion from sawtooth to a number of different waveforms.
[image: ]
Figure 14. Achieving Different Waveforms from Sawtooth Wave
3.3.2. Additive Synthesis
The additive synthesis is opposite to subtractive as this method adds new harmonics instead of removing or attenuating them. New harmonics come from adding sine waves with different frequencies and amplitude and therefore, it needs more parameters to be controlled at the same which makes interface a lot more complex and new users can find it difficult to learn [17].
The principle behind additive synthesis is based on work of Fourier who has been a French mathematician living around 19th century. He has proven that any repetitive waveform can be produced by adding number of sinewaves together or, that any periodic waveform can be broken down and described by frequency and amplitude of different sine waves. The Fourier transform has limits as in order to be useful the waveform must repeat to keep mathematics simple however, ignoring this limit still allows conversion of any waveform but giving a waveform is not constant, the sine waves components are not going to be constant either.
It is possible to create complicated waveforms by summing sine waves. One of the simplest ways is to sum multiples a fundamental frequency. By denoting f as a fundamental frequency, the additional frequencies will be 2f, 3f, 4f and so on. When applying ratio of frequency to the amplitude and sum the resulting sine waves, new waveform will create an approximation of a sawtooth wave with just 4 harmonics and applying more harmonics will smooth it out.
[image: ]
Figure 15. Approximation of Sawtooth Waveform from Harmonic Sine Waves
3.3.3. Wavecycle
Wavecycle is also known as waveform but the terminology refers here to cycle because it shows difference between static, sample based repeating wavecycle oscillators and dynamic, loop-based oscillators from wavetable. In synthesizers that are analog, different waveforms have fixed repetitive shapes that are VCO controlled with an exception in PWM controlled waveforms, where pulse width can be changed using CV from LFO.
Hybrid Synthesizers generally use wavecycle to generate single-cycle mode sounds but they can also create more waveshapes using more than one cycle of a waveform before repeating shape. Whenever there is a large number of cycles, each different from another that do not repeat, the result is called a sample. The main difference between single and multi-cycle methods are length of an audio same and the number of repetitions and each have their own weaknesses and strengths [18].

Single Cycle:
The pulse width control, which is sometimes found in analogue synthesisers, is possibly the simplest method of controlling a waveshape. A variety of timbres can be produced with a single control, ranging from the hollow-sounding square wave with the missing second harmonic to narrow pulses with a rich harmonic content and a thin, reedy sound.
Pulse waveforms have only two levels, positive and negative but, in some cases, there is a third with respect to central zero value. First user-programmable waveforms had those multiple levels, called slider scanning. The oscillator was set to run at large multiple of required frequency and drive a counter circuit which controlled a multiplexer. This multiplexer scans slider controls from which it builds a single waveform cycle with voltage output proportional to the position of relevant sliders. When setting half of the sliders to maximum and other half to minimum, the result would be a square wave although more waveforms are possible.
The problem is the number sliders, commonly a system would use 8 or 16 sliders which would also mean that oscillator is also running at 8 or 16 times the frequency of VCO to make the same note.
It is possible to get more control over the waveform by adding more sliders but that makes it more complicated. To solve this issue, it is convenient to store the slider position in storage memory such as ROM and RAM and use those pre-set values to produce a waveform. Those values would have to be converted to voltage using Digital-to-Analog Converters (DAC) which would convert sequential numbers to a series of output voltages [19].

Multi Cycle:
The difference between multi-cycle and sample is that sample can only be played completely once while in multi cycle oscillators, the output cycles are always in a sequence. The multi cycle has similarities to single cycle but the user interface is usually restricted for specific waveforms and it doesn’t have sliders. It also can use ROM and RAM combined with DAC to create waveforms with a single oscillator and the memory can be controlled dynamically. For example, ROM can store square and sawtooth waveforms and play them interchangeably (one cycle square wave, one cycle sawtooth and then repeat). This mixed shape waveform contains harmonic structure that has pieces from each of the waveforms and it also has lower frequency harmonics that are linked to half of the basic cycle frequency because cycle repeats at half of the fundamental cycle rate. In this method, the cycles are repeated one by one but there is an option to read them out in reverse or even use only a fraction of a wavecycle. This is used to create more complicated waveforms from a single wavecycle memory which can completely change the spectrum of a sound and greatly modulate the harmonics [20].
3.3.4. Frequency Modulation (FM)
The frequency modulation was originally used in analog synthesizer for special sound effects. Their VCOs can be affected by factors such as temperature, non-linearities, high-frequency tunning, and other effects that can cause frequency drift and makes it hard to produce timbre usable in music. However, the FM is very good for special effect sounds such as sirens, bells, metallic chimes, and more. FM became more useable in music after this method got digitalized.
FM works by taking an output of an oscillator and use it to modulate frequency of another oscillator. When tried in modular synthesizer, the output of the second oscillator will sound similar to bell timbres, especially if the control of first VCO is exponential but FM should use linear control. In synthesizers FM is the same as audio FM and has both of the oscillators’ frequencies are within human hearing range (20Hz to 20kHz). In an FM radio the audio is modulated into a much higher frequency and changed into a carrier wave for radio transmission.
The sound synthesis using FM is different from previous methods. It is not additive nor subtractive and it does not fit to the source and modifier model. Instead, it relies on mathematics to produce complicated waveforms from simple waves. It is more concerned with harmonics and spectrum of the sound unlike analog synthesizer where user is mostly focused on waveshapes [21].



3.4. Circuits
3.4.1. Amplifiers
Operational Amplifiers, also known as op-amps, is a signal amplification device with very high gain and its purpose depends on configuration.
Most common op-amp configuration is Inverting Amplifier which has a gain of 
 [27]: 
[image: ]
Figure 16. Inverting Amplifier
There is also a Non-Inverting Amplifier variant used for DC signals with gain of
 [27]:
[image: ]
Figure 17. Non-Inverting Amplifier
Another useful configuration is Exponential Amplifier used for subtractive synthesis which uses properties of bipolar transistor. The transistor base-collector voltage is maintained at ground using virtual ground concept of op-amps [28]:
[image: ]
Figure 18. Exponential Amplifier
Bipolar transistors are current controlled devices given by formula:

When transistor base is connected to ground, the :

Saturation current of transistor  given by:


In the example circuit, the  and so, the final formula is:

Comparator Amplifier configuration is capable of comparing two analog inputs, or one input and voltage reference and give an output voltage depending on which one is larger. Output of comparator can swing fully between positive supply rail and negative supply whenever a signal passes through a threshold [29].
[image: non-inverting op-amp comparator circuit]
Figure 19. Comparator Amplifier with Input and Output Waveforms
Above example shows non-inverting configuration with voltage reference connected to potential divider with  which gives a threshold of , or half the supply voltage.  being a triangle waveform, which increases linearly will cause op-amp to saturate towards positive supply rail when it reaches a threshold.

Integrator configuration produces an output proportional to changes to the input. When , a step voltage, is applied to the input, it would charge a capacitor which acts a little like a short circuit because it has low resistance when discharged and cause a really high current to flow through the resistor. At the beginning, the impedance of capacitor  will be low and therefore, its gain ratio () will also be low. As the capacitor charge, its impedance will increase with proportion to its charge rate determined by time constant Τ for RC network. The feedback at negative side of the capacitor causes an output voltage to maintains a virtual earth at the X point. The resulting voltage building up across the capacitor between input and output of amplifier causes the impedance to increase and current to drop and if the capacitor is fully charged, it would block any more DC current to flow resulting in infinite gain and cause amplifier to go into saturation just like in comparator circuit. When input voltage is a square wave, it would cause capacitor to constantly charge and discharge according to changes of square wave. This circuit allows generating triangle wave and it is known as Ramp Generator [30].
[image: op-amp integrator amplifier circuit]
Figure 20. Integrator Amplifier
3.4.2. Filters
[image: ]
Figure 21. Low-pass Filter Circuit and Frequency Response
Filtering circuits are capable of attenuating a signal by combining a potential divider circuit with capacitive reactance. On its own, potential dividers simply split the signals using ratio of the two resistors using equation  and by replacing one of the resistors with capacitor allows signal attenuating. This is possible because of reactance of capacitors, given by formula . That reactance is a part of impedance of a circuit which combines resistance and reactance with formula  which then substituted for in Ohms law shows: . Formula to find cut-off frequency is  and the level of attenuation is measured in decibels (dB) where . Level of attenuation for a filter is given by formula .
Filters come in three main variants: Low-pass, High-Pass, and Bandpass. Low-pass filter only allows lower frequencies to pass through while attenuating higher frequencies and High-pass filter does the exact opposite. The Bandpass filter has a range of frequencies that it allows to pass called bandwidth. It is possible to cascade multiple filters, called next order, to produce a filter which has steeper attenuation. Problem with multiple filters in a row is that each new filter will affect the impedance of a previous one and change the cut-off frequency.
Signal filters also come in ‘Active’ variants which adds amplifier to the circuit which changes the attenuation to gain which is easily manipulated. The Op-Amp also benefits from high impedance at the input and low at the output which prevents external loading of the filter.
[image: ]
Figure 22. Low-pass, High-pass, and Bandpass filters circuits
Active filters look like a combination of filters and non-inverting amplifiers and by changing values of ‘R’ allows achieving different signal responses:
[image: ]- Chebyshev: 
Has a very notable peak of a response at which the signal increases in gain instead of attenuated.

[image: ]
- Butterworth:
Very round type of a response with a very long roll-off slope and short cut-off slope.


[image: ]
- Bessel: 
Very similar to regular response of a RC filter, a short roll-off and long cut-off slope.



3.4.3. LFO
Low Frequency Oscillator (LFO) is made out of two amplifiers in Integrator and Schmitt Trigger configuration.
[image: ]
Figure 23. Low Frequency Oscillator Circuit
At the beginning the U1b output is high which causes current to pass through R1 and C1 to build up a charge. The charge building in capacitor causes output of U1a to decrease over time. When output of U1a reaches about half of negative supply, the positive input of U1b goes bellow ground and its output switches to negative supply. This will reverse the current and cause the output voltage of U1b to increase until it reaches about half of positive supply and when U1b goes high again, the cycle will repeat [31].

3.4.4. VCO
Voltage-Controlled Oscillator is similar to LFO (Integrator + Schmitt) but, it is optimized for audio solution. Notable difference is the potential divider at the positive input of integrator.
[image: ]
Figure 24. Voltage-Controlled Oscillator Circuit
When control voltage is applied to the input, the integrator starts to charge the capacitor while potential divider at the positive input splits control voltage in half. When MOSFET turns on, the current from R1 flows through R5 which has half the resistance and twice as much current. There is also additional current coming from charging the capacitor which causes the integrator output to rise steadily. When the MOSFET is off, the current from R1, discharges the capacitor and causes integrator output to drop steadily which creates a triangle wave. Second op-amp is Schmitt Trigger which works the same way as in LFO but its output is controlling the MOSFET which in turn, controls the integrator.












3.4.5. DAC
There are many ways of converting digital signal to analog and the bellow example uses summing and inverting amplifier configuration, which is very precise, to convert 4-bit binary number.
[image: ]
Figure 25. Summing Amplifier as Digital-to-Analog Converter
4-bit binary number has 16 possible combinations () for each of the inputs A, B, C, and D ranging from 0000 to 1111 or 0 to 15 in decimal. Each input has to have double weight in respect to previous one to make 8-4-2-1 binary code correspond to , , , and . Starting from MSB, if input D have 1kΩ resistance, input C with 2kΩ (double D), input B with 4kΩ (double C), input A with 8kΩ (double B), and finally, feedback resistance Rf with 1kΩ then the transfer characteristics for this DAC would be [33]:

With R’s substituted with actual resistances:

Shows that:

Applying correct binary sequence allows generating different waveforms. For example, a sequence running from 0000 to 1111 will generate an approximation of sawtooth wave:
[image: ]
Figure 26. 4-bit Sequence DAC Output



3.5. Arranging Techniques
Creating waveforms from scratch is only a fundamental of sound making, so what about organising the modules to create music? Arranging techniques at their most basics are stacking and layering [22].
3.5.1. Stacking
Stacking technique is split into composites and doubles. The composites make use of multiple sounds or timbres and doubles, derives multiple pitches from a single sound [22]. The components are similar in shapes and often involves detuning which gives it a more orchestral feel.
3.5.2. Layering
Layering technique involves merging various different timbres that are in unison which means they have the same frequency. The sound layers can also have sound envelopes of different shapes, unlike stacking, where envelopes are similar [22].
[image: ]
Figure 27. Synthesizing Techniques
4. Project
The project is to translate functionality of an analog synthesizers into a discrete digital environment, in this case, MATLAB. The scripts will attempt to recreate subtractive and additive synthesis using stacking and/or layering techniques. MIDI device will also be connected and used as source and MATLAB will work as a modifier.
5. Testing
5.1. MIDI Device
MATLAB is capable of receiving MIDI data that describes sound using Audio ToolboxTM. Therefore, it is possible to extract frequency and amplitude of a note. The MIDI interface can be extracted using command in MATLAB:
mididevinfo

Matlab would then show available MIDI devices:
[image: ]
Figure 28. Extracting Available MIDI Device Information
This interface shows that MIDI input is ID 1 and output is ID 3 – ‘USB MIDI Interface’. To get this data out, a variable ‘device’ needs to be created which will contain and connect this MIDI device with MATLAB:[image: ]
Figure 29. Connecting to Chosen MIDI Device
Another variable, ‘receivedMessage’, was made to contain an array of MIDI messages. If no keys were pressed in the last few seconds, it will contain a message instead: [image: ]
Figure 30. MIDI Empty Message Tray
Whenever multiple keyboard keys got pressed recently, the same call will contain sound information in form of an array:
[image: ]
Figure 31. Full MIDI Array Message
The message contains message type, channel, extra parameters, timestamp and the exact message but in hexadecimal form.
If there are multiple keys are pressed in a row it is useful to shrink the MIDI message to only include a message for a single note: [image: ]
Figure 32. Restricting MIDI Message
Last stage would be to separate Note data from the array. With the MIDI message stored in a variable, a note can be reffered to by recalling an array and Note object type [25]:
[image: ]
Figure 33. Extracting Note from MIDI
The note parameter can be easily converted to frequency using formula:  which comes from note A440 and it’s suitable for all equal tempered scales [23][24].
In conclusion, the USB MIDI Interface can be used as a source of frequency for generating waveforms.
5.2. Waveforms
MATLAB has functions for generating different waveforms which will be useful for the project. First fundamental waveform is sinewave, generated by a sine function: [image: ]
Figure 34. Generating Simple Sine Wave
Where ‘T’ is the total wavelength, ‘fs’ is sample time, ‘t’ defines steps from 0 to ‘T’, and finally ‘sin’ contains mathematical function to calculate amplitude for each instance in ‘t’. Data plot on a graph shows a sinewave with frequency of 50Hz: [image: ]
Figure 35. Sine Wave

Another useful waveform is sawtooth which can be generated using the same variables but different function and also, for subtractive synthesis, it needs to be inverted by multiplying by -1:
[image: ]
Figure 36. Generating Simple Sawtooth Wave
When plot on a graph, it shows the sawtooth waveform with frequency of 50Hz: [image: ]
Figure 37. Sawtooth Wave
In analog synthesizers that use subtractive synthesis, sawtooth waveform is converted to different waveforms using amplifiers and filters in different configurations. The simplest way of converting sawtooth to exponential sawtooth is by using exponential function on existing waveform: [image: ]
Figure 38. Converting to Exponential Sawtooth Wave











When plot on a graph it shows that sawtooth now has exponential slopes:
[image: ]
Figure 39. Exponential Sawtooth Wave
Yet another waveform that can be generate from sawtooth is square wave. MATLAB has a function ‘square(x)’ which allows converting sine wave (or in this case sawtooth) into a square wave: [image: ]
Figure 40. Converting Sawtooth to Square Wave
The same function also has parameter for duty cycle (like in PWM) and when plot on a graph it shows square wave which also has a gentle miss-allignment caused by sampling distance:
[image: ]
Figure 41. Square Wave
Last waveform from sawtooth is triangle waveform. It is done identically to sawtooth but it also includes additional paramenter ‘(1/2)’ in function:
[image: ]
Figure 42. Creating Triangle Waveform











When plot on a graph it shows triangle waveform:
[image: ]
Figure 43. Triangle Waveform
5.3. ADSR Sound Envelopes
To imitate real instruments synthesizer needs to use envelope. This ADSR is made out of 4 segments and it needed to be a MATLAB script in order to work. The example bellow is the simplest way of generating envelope for the note C4 which has a frequency of around 261Hz [26].
[image: ][image: ]
Figure 44. Creating ADSR Envelope and Applying it to Signal
First 4 lanes of code define variables: ‘fs’, ‘t’ have the same purpose as in section 5.2. with the difference of ‘tiv’ which holds the time between the samples; and ‘fC’ defines the frequency of a note C4 in Hz. The ‘NA’ holds number of samples for Attack segment and ‘evA’ contains an array of zeros 1 by ‘NA’ samples long. Next ‘for’ function runs from ‘nn’ (starting from 1) to ‘NA’ and for each sample, ‘evA’ array zeros are filled with linearly increased amplitude matching ratio between ‘nn’ and ‘NA’ multiplied by 2.
The Decay segment works identically to Attack with different variables but the array ‘evD’ is filled with linearly decreased amplitude.
Sustain segment is filling its array with constant value and the Release segment works the same as decay but twice as slow because it has twice as long duration than remaining 3 segments. Lastly, the segments are added together into a single matrix and applied to variable ‘yC’ which multiplies envelope matrix with formula for sine wave. Then the script plays the note through speakers and plots resulting volume of a note on a graph:
[image: ]
Figure 45. Volume of a Sound using ADSR
Important note is that this example is very fundamental and note duration is absolute which means it only works with notes of duration of 1 second.
5.4. Filters
Filtering in MATLAB is similar to analog filters, and it comes with the same variants (low-pass, high-pass, bandpass), however the filtering is done differently. In digital filters there are more factors to consider such as aliasing. Aliasing is a result of under-sampling of the signal that causes system to be unable to reconstruct it. This is prevented using Nyquist Interval which shows that system needs to have two samples for each polarity of a signal at minimum [34].
MATLAB has built in functions to filter multichannel signals without need to design filters or compensate for delays [35]. An example is lowpass function which have input criteria for signal, passband frequency, sampling rate and more. By default, lowpass uses minimum order filter with attenuation of 60dB at the stopband. There is identical function for high-pass and bandpass with difference that input for passband frequency is a vector [36].
Testing of lowpass filter was done by summing two sine waves and called it ‘Z’, 1 with frequency of 5Hz and another with frequency of 250Hz at 20% amplitude:
[image: ]
Figure 46. Noisy Sine Wave
When this signal got applied to a lowpass filter function, where ‘Z’ is the noisy signal, ‘2’ is the cut-off frequency, and ‘fs’ is sampling rate:[image: ]
Figure 47. Low-pass Filter Code
The high frequency signal got filtered out:[image: ]
Figure 48. Noisy Sine Wave Smoothed out
5.5. Synthesis – Stacking
Stacking method synthesis was done using two sound envelopes of similar shapes and waveforms of 3 different frequencies and then resulting signal was put through a low-pass filter.
[image: ]
Figure 49. Code for Connecting to MIDI Device and Sampling of Signal
First line of code connects the MIDI device to MATLAB which is followed by variable that will keep program looping, waiting for MIDI response. Then 3 variables were defined using same principles as in Section 5.2.
[image: ]
Figure 50. ADSR Sound Envelope 1
Then a matrix was created using Section 5.3. as a framework for ADSR envelope with Attack, Decay, and Sustain segments for duration of 0.2 second each, while Release has 0.4 second duration. The process was repeat for second envelope which has faster increase for Attack segments with 0.1 second and longer decay, with 0.3 seconds duration. 
[image: ]
Figure 51. ADSR Sound Envelope 2
Compared envelopes looked like this:
[image: ]
Figure 52. 2 Sound Envelopes Compared
Next section of program is the loop that reads the first 2 lines of MIDI message, which is in form of array, and then test that array to find if keys on a keyboard has been pressed. If there is a message waiting in an array, the program then reads it and converts it to frequency using equation from Section 5.1. Program then creates 3 different variables that contain detuned original frequency in form of a matrix as shown in Figure 27. These frequencies are then used to create 3 Sawtooth Waveforms with different frequencies: first waveform has original frequency; second has its frequency moved to second octave, or multiplied by 2; and last frequency is original frequency moved by a perfect fifth which thanks to Pythagorean Scale (Section 2.2.), is as simple as multiplying original frequency by . Those waveforms also have different envelopes, of similar shape, applied to them to shape their volumes and when summed together, they give a sharp sound that resembles out of tune violin and therefore, the final signal is also put through Low-pass filter which completely changes the sound and now it resembles pipe organ instrument.
[image: ]
Figure 53. MATLAB Sound Making Loop
The frequency of produced sound changes based on what keys have been pressed on MIDI device but the volume (shape) always remains the same: [image: ]
Figure 54. Final Shape of Sound
5.6. Synthesis – Layering
Layering technique is less complicated than stacking in terms of coding because it doesn’t require additional frequencies from detuning or multiplying however, this method involves using waveforms of different shapes and sound envelopes of different shapes. First envelope is the same as in stacking method A, D, S segments with 0.2 second duration and R with 0.4 second:
[image: ]
Figure 55. Code for First Envelope
Second envelope has slower Attack with duration of 0.4 seconds, Decay has 0.2 seconds duration, Sustain has 0.25 seconds duration, and Release has 0.15 seconds:
[image: ]
Figure 56. Code for Second Envelope
Third Envelope is made out of less segments, it only has Attack, Sustain, and Release segments. The Attack is very slow with 0.6 seconds, and the remaining time is split between Sustain and Release with 0.2 seconds each:
[image: ]
Figure 57. Code for Third Envelope
The Envelopes compared looks like so:
[image: ]
Figure 58. 3 Envelopes Compared
Next lines of code work the same as in stacking method but it doesn’t require detuning and the waveshapes used are: Sawtooth, Square, and Sinewave. And just like before the waveforms have their unique envelopes applied to them and get summed together to then be placed through a lowpass filter to get final sound:
[image: ]
Figure 59. Loop Code for Sound Making










The final volume is shown:
[image: ]
Figure 60. Final Volume of Sound
6. Analysis
In conclusion, the report has looked into the sound synthesis and explored different sound making techniques and their requirements. The fundamentals of sound making comes from first understanding the harmonic content of waveforms and how they can be used such as modulating a single signal to achieve different waveforms from sawtooth wave used in subtractive synthesis or how to create waveforms by adding them together used in additive synthesis. The report also looked into circuits that are used in analogue and hybrid synthesis also known as Voltage-Controlled devices. It also shown application of sound envelopes that makes instruments sound like themselves and applied it in MATLAB. As for project, it is very fundamental as a proof of concept that MATLAB is capable of sound synthesis by giving user absolute control over all paraments which makes it a great tool to try new synthesizing techniques and experiment with sound. To make project actually useable as an instrument there are more improvements to be made. First is to make program observe the duration of notes coming from MIDI instead of using absolute length of 1 second. At the same time, it would need to be applied correctly to the sound envelopes so that Sustain segment will run as long as user holds the keys down and Release apply only after key is released. The program would also benefit from different filter programs that allow applying various frequency responses and simulate envelope-controlled filters by using variable bandwidth filters that is also used in synthesis. MATLAB works well for sound synthesis but it does require vast mathematical and technical skills to make it useable.
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>> mididevinfo
MIDI devices available:
ID Direction Interface Name

0 output MMSystem 'Microsoft MIDI Mapper'

1 input MMSystem 'USB MIDI Interface'

2 output MMSystem 'Microsoft GS Wavetable Synth'
3 output MMSystem 'USB MIDI Interface'

Je>> |
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>> device = mididevice ('USB MIDI Interface')
device =
mididevice connected to

Input: 'USB MIDI Interface' (1)
Output: 'USB MIDI Interface' (3)
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>> receivedMessage = midireceive (device)
receivedMessage =

empty MIDI message array
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recelvedMessage =

MIDI message:

NoteOn Channel: 1 Note: 50 Velocity: 72 Timestamp: 8109.1 [ 90 32 48 ]
NoteOn Channel: 1 Note: 50 Velocity: 0 Timestamp: 8109.26 [ 90 32 00
NoteOn Channel: 1 Note: 53 Velocity: 47 Timestamp: 8109.43 [ 90 35 2F
NoteOn Channel: 1 Note: 53 Velocity: 0 Timestamp: 8109.56 [ 90 35 00
NoteOn Channel: 1 Note: 57 Velocity: 58 Timestamp: 8109.83 [ 90 39 3A
~ NoteOn Channel: 1 Note: 57 Velocity: 0 Timestamp: 8109.99 [ 90 39 00
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>> receivedMessage = midireceive (device, 2)
receivedMessage =
MIDI message:

NoteOn Channel: 1 Note: 60 Velocity: 90 Timestamp: 752.837 [ 90 3C 5A ]
NoteOn Channel: 1 Note: 60 Velocity: 0 Timestamp: 752.969 [ 90 3C 00 ]
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>> receivedMessage.Note
ans =

60
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>>
>>
>>
>>
>>

T = 10*(1/50);

fs = 1000;

t = 0:1/fs:T-1/fs;
x = s5in(2*pi*50*t);
plot(t,x)
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>> plot (t, x)

>> T = 10*(1/50);

>> fs = 1000;

>> t = 0:1/fs:T-1/fs;

>> X sawtooth (2*pi*50*t) ;
>> x = x*(-1);

>> plot(t, x)
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>> X = exp(x);
>> plot(t, x)
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>> x = sawtooth (2*pi*50*t);
>> x = x*(-1);

>> x = square (x);

>> plot(t, x)
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>> x = sawtooth (2*pi*50*t,1/2);
>> plot(t, x)
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1 % ADSR synthesis of audio sine signal

2= fs = 30000 ; % sampling frequency in Hz

34 tiv =1/fs ; % time interval between samples ;

4— t=0:tiv: (1-tiv); % time intervals set (1 second)
B fC=261; % C note in Hz

[3 % setting the ADSR envelope:

7= NA=fs/5; evA=zeros(l,NA); % evA during 0.2 seconds
8 — [lfor nn=1:NA

9 - evA (nn)=2* (nn/NA); % evA linear increase

10— end
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ND=fs/5; evD=zeros(1,ND); % evD during 0.2 seconds
for nn=1:ND

evD(nn)=2-(nn/ND); % evD linear decrease

end

NS=fs/5; evS=zeros(l,NS); % evS during 0.2 seconds
for nn=1:NS

evS(nn)=1; % evS constant

end

NR=2*fs/5; evR=zeros(l,NR); % evR during 0.4 seconds
for nn=1:NR

evR(nn)=1-(nn/NR); % evR linear decrease

end

evT=[evA,evD,evS,evR]; % the total envelope

% C ADSR note

yC = evT.*sin(2*pi*fC*t);

% playing the notes

soundsc (yC, £s) ;

plot(t,yC,'g"); % plots the C ADSR signal

axis ([0 1 -2.2 2.2]);

xlabel ('seconds'); title(' ADSR sine signal');





image50.png
File Edit View Insert Tools Desktop Window Help -
EEFDIEIEEE]
ADSR sine signal ., A 5 {1@ Q¢

0 01 02 03 04 05 06 07 08 09 1
seconds





image51.png
File Edit View Insert Tools Desktop Window Help ~
EEEECIEEIY:

15

o5 B

05 H

0 01 02 03 04 05 06 07 08 09 1





image52.png
>> myFilter = lowpass(z, 2, fs);
>> plot(t, myFilter)
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=
2|

al=
5=
Gl=

device = mididevice ('USB MIDI Interface');
endProgram = false; %looping variable
%Sound sampling and time scale

fs = 44100;

tiv = 1/fs;

t = 0:tiv: (1-tiv);

$connect midi device
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%Envelope 1
%attack

NAl=fs/5; evAl=zeros(l,NAl); % evAl during 0.2 seconds

~Ifor nn=1:NA1l

~end
%decaﬂ

~Ifor nn=1:ND1

~end
%sustain

~Ifor nn=1:NS1

evSl(nn)=1; % evS constant
~end
%release

~Ifor nn=1:NR1

~end
evTl=[evAl,evDl,evSl,evR1l];

evAl (nn)=2* (nn/NAl); % evAl linear increase

ND1=fs/5; evDl=zeros(1,ND1); % evD during 0.2 seconds

evDl (nn)=2- (nn/ND1); % evD linear decrease

NS1=fs/5; evSl=zeros(l,NS1); % evS during 0.2 seconds

NR1=2*fs/5; evRl=zeros(l,NR1l); % evR during 0.4 seconds

evRl (nn)=1-(nn/NR1); % evR linear decrease

% the total envelope
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%Envelope 2

%attack

NA2=fs*0.1; evA2=zeros(l,NA2); % evAl during 0.1 seconds
for nn=1:NA2

evA2 (nn)=2* (nn/NA2); % evAl linear increase

end

%decay

ND2=fs*0.3; evD2=zeros(1,ND2); % evD during 0.3 seconds
for nn=1:ND2

evD2 (nn)=2- (nn/ND2); % evD2 linear decrease

end

%sustain

NS2=£fs5*0.2; evS2=zeros(l,NS2); % evS during 0.2 seconds
for nn=1:NS2

evsS2(nn)=1; % evS2 constant

end

%release

NR2=fs5*0.4; evR2=zeros(l,NR2); % evR during 0.4 seconds
for nn=1:NR2

evR2 (nn)=1- (nn/NR2); % evR2 linear decrease

end

evT2=[evA2,evD2,evS2,evR2]; % the total envelope
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while endProgram ~= true
receiveMIDI
testMIDI
if testMIDI
noteMIDI = receiveMIDI.Note;

note

f1l =
f2
3 =

wavel
wave2
wave3
waves

soundWave = lowpass(waveSum, note*2, fs);

no
no
no

um

= midireceive (device,2);
isempty (receiveMIDI) ;

440 * 2~ ((noteMIDI-69)/12);

te-1l:tiv: (note-tiv);
te*2:tiv: (((note*2)+1)-tiv);

te* (3/2)+1:tiv: (((note* (3/2))+2)-tiv);

evTl.*sawtooth (2*pi*fl.*t);
evTl.*sawtooth (2*pi*f2.*t);
evT2.*sawtooth (2*pi*£3.*t);
= wavel+wave2+wave3;

soundsc (waveSum, fs);




image59.png
File Edit View Insert Tools Desktop Window Help ~
EEEECIEEIY:

aéa@aam

4 T





image60.png
10—
11 =
12=
13=
14

15
16—
17/ =
18 —
19

20—
2=
22[=
Z3=
24

Z25=
26—
27|
28 —
Z28)=

%Envelope 1

%attack

NAl=fs/5; evAl=zeros(l,NAl); % evAl during 0.2 seconds
for nn=1:NA1l

evAl (nn)=2* (nn/NAl); % evAl linear increase

end

%decay

ND1=fs/5; evDl=zeros(1,ND1); % evD during 0.2 seconds
for nn=1:ND1

evDl (nn)=2- (nn/ND1); % evD linear decrease

end

%sustain

NS1=fs/5; evSl=zeros(l,NS1); % evS during 0.2 seconds
for nn=1:NSl

evSl(nn)=1; % evS constant

end

%release

NR1=2*fs/5; evRl=zeros(l,NR1l); % evR during 0.4 seconds
for nn=1:NR1

evRl (nn)=1-(nn/NR1); % evR linear decrease

end

evTl=[evAl,evDl,evSl,evRl]; % the total envelope




image61.png
31

32

3=
34—
35=
36—
37

38—
3=
40 —
41 —
42

43 —
44 —
45—
46 —
47

48 —
49 —
50 —
51 =
52=

%Envelope 2

%attack

NA2=fs5*0.4; evA2=zeros(l,NA2); % evAl during 0.4 seconds
for nn=1:NA2

evA2 (nn)=2* (nn/NA2); % evAl linear increase

end

%decay

ND2=fs5*0.2; evD2=zeros(1,ND2); % evD during 0.2 seconds
for nn=1:ND2

evD2 (nn)=2- (nn/ND2); % evD2 linear decrease

end

%sustain

NS2=£fs5*0.25; evS2=zeros(1,NS2); % evS during 0.25 seconds
for nn=1:NS2

evsS2(nn)=1; % evS2 constant

end

%release

NR2=fs5*0.15; evR2=zeros(1l,NR2); % evR during 0.15 seconds
for nn=1:NR2

evR2 (nn)=1- (nn/NR2); % evR2 linear decrease

end

evT2=[evA2,evD2,evS2,evR2]; % the total envelope
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%Envelope 3

%attack

NA3=fs*0.6; evA3=zeros(l,NA3); % evAl during 0.6 seconds
for nn=1:NA3

evA3 (nn)=2* (nn/NA3); % evAl linear increase

end

%sustain

NS3=fs5*0.2; evS3=zeros(l,NS3); % evS during 0.2 seconds
for nn=1:NS3

evsS3(nn)=1; % evS2 constant

end

%release

NR3=fs5*0.2; evR3=zeros(l,NR3); % evR during 0.2 seconds
for nn=1:NR3

evR3 (nn)=1-(nn/NR3); % evR2 linear decrease

end

%total

evT3=[evA3,evS3,evR3]; % the total envelope
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VE] while endProgram ~= true %keep looping

74 — receiveMIDI = midireceive(device,2); % receive 2 lines of MIDI msg
/5 testMIDI = isempty(receiveMIDI); % test if message tray is empty
76 — if testMIDI 0

il noteMIDI = receiveMIDI.Note; % Receive the note code

78 — note = 440 * 2~ ((noteMIDI-69)/12); % convert note to frequency
79

80 — wavel = evTl.*sawtooth(2*pi*note*t); % Generate Sawtooth

81— wave2 = evT2.*square (2*pi*note*t); % Generate Square Wave

82 — wave3 = evI3.*sin(2*pi*note*t); % Generate Sine Wave

3= wavesSum = wavel+wave2+wave3; % Sum Waves

84 — soundWave = lowpass(waveSum, note/2, fs); % apply Low-pass filter
85

86 — soundsc (soundWave, fs);

87 — end

88 — end
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Layering.m


Layering.m
device = mididevice('USB MIDI Interface'); %connect midi device

endProgram = false; %looping variable

%Sound sampling and time scale

fs = 44100;

tiv = 1/fs;

t = 0:tiv:(1-tiv);



%Envelope 1

%attack

NA1=fs/5; evA1=zeros(1,NA1); % evA1 during 0.2 seconds

for nn=1:NA1

evA1(nn)=2*(nn/NA1); % evA1 linear increase

end

%decay

ND1=fs/5; evD1=zeros(1,ND1); % evD during 0.2 seconds

for nn=1:ND1

evD1(nn)=2-(nn/ND1); % evD linear decrease

end

%sustain

NS1=fs/5; evS1=zeros(1,NS1); % evS during 0.2 seconds

for nn=1:NS1

evS1(nn)=1; % evS constant

end

%release

NR1=2*fs/5; evR1=zeros(1,NR1); % evR during 0.4 seconds

for nn=1:NR1

evR1(nn)=1-(nn/NR1); % evR linear decrease

end

evT1=[evA1,evD1,evS1,evR1]; % the total envelope



%Envelope 2

%attack

NA2=fs*0.4; evA2=zeros(1,NA2); % evA1 during 0.4 seconds

for nn=1:NA2

evA2(nn)=2*(nn/NA2); % evA1 linear increase

end

%decay

ND2=fs*0.2; evD2=zeros(1,ND2); % evD during 0.2 seconds

for nn=1:ND2

evD2(nn)=2-(nn/ND2); % evD2 linear decrease

end

%sustain

NS2=fs*0.25; evS2=zeros(1,NS2); % evS during 0.25 seconds

for nn=1:NS2

evS2(nn)=1; % evS2 constant

end

%release

NR2=fs*0.15; evR2=zeros(1,NR2); % evR during 0.15 seconds

for nn=1:NR2

evR2(nn)=1-(nn/NR2); % evR2 linear decrease

end

evT2=[evA2,evD2,evS2,evR2]; % the total envelope



%Envelope 3

%attack

NA3=fs*0.6; evA3=zeros(1,NA3); % evA1 during 0.6 seconds

for nn=1:NA3

evA3(nn)=2*(nn/NA3); % evA1 linear increase

end

%sustain

NS3=fs*0.2; evS3=zeros(1,NS3); % evS during 0.2 seconds

for nn=1:NS3

evS3(nn)=2; % evS2 constant

end

%release

NR3=fs*0.2; evR3=zeros(1,NR3); % evR during 0.2 seconds

for nn=1:NR3

evR3(nn)=2-(nn/NR3); % evR2 linear decrease

end

%total

evT3=[evA3,evS3,evR3]; % the total envelope



while endProgram ~= true %keep looping

    receiveMIDI = midireceive(device,2); % receive 2 lines of MIDI msg

    testMIDI = isempty(receiveMIDI); % test if message tray is empty

    if testMIDI == 0

        noteMIDI = receiveMIDI.Note; % Receive the note code

        note = 440 * 2^((noteMIDI-69)/12); % convert note to frequency

        

        wave1 = evT1.*sawtooth(2*pi*note*t); % Generate Sawtooth

        wave2 = evT2.*square(2*pi*note*t); % Generate Square Wave

        wave3 = evT3.*sin(2*pi*note*t); % Generate Sine Wave

        waveSum = wave1+wave2+wave3; % Sum Waves

        soundWave = lowpass(waveSum, note/2, fs); % apply Low-pass filter

        

        soundsc(soundWave, fs);

    end

end
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Stacking.m


Stacking.m
device = mididevice('USB MIDI Interface'); %connect midi device

endProgram = false; %looping variable

%Sound sampling and time scale

fs = 44100;

tiv = 1/fs;

t = 0:tiv:(1-tiv);



%Envelope 1

%attack

NA1=fs/5; evA1=zeros(1,NA1); % evA1 during 0.2 seconds

for nn=1:NA1

evA1(nn)=2*(nn/NA1); % evA1 linear increase

end

%decay

ND1=fs/5; evD1=zeros(1,ND1); % evD during 0.2 seconds

for nn=1:ND1

evD1(nn)=2-(nn/ND1); % evD linear decrease

end

%sustain

NS1=fs/5; evS1=zeros(1,NS1); % evS during 0.2 seconds

for nn=1:NS1

evS1(nn)=1; % evS constant

end

%release

NR1=2*fs/5; evR1=zeros(1,NR1); % evR during 0.4 seconds

for nn=1:NR1

evR1(nn)=1-(nn/NR1); % evR linear decrease

end

evT1=[evA1,evD1,evS1,evR1]; % the total envelope



%Envelope 2

%attack

NA2=fs*0.1; evA2=zeros(1,NA2); % evA1 during 0.1 seconds

for nn=1:NA2

evA2(nn)=2*(nn/NA2); % evA1 linear increase

end

%decay

ND2=fs*0.3; evD2=zeros(1,ND2); % evD during 0.3 seconds

for nn=1:ND2

evD2(nn)=2-(nn/ND2); % evD2 linear decrease

end

%sustain

NS2=fs*0.2; evS2=zeros(1,NS2); % evS during 0.2 seconds

for nn=1:NS2

evS2(nn)=1; % evS2 constant

end

%release

NR2=fs*0.4; evR2=zeros(1,NR2); % evR during 0.4 seconds

for nn=1:NR2

evR2(nn)=1-(nn/NR2); % evR2 linear decrease

end

evT2=[evA2,evD2,evS2,evR2]; % the total envelope



while endProgram ~= true

    receiveMIDI = midireceive(device,2);

    testMIDI = isempty(receiveMIDI);

    if testMIDI == 0

        noteMIDI = receiveMIDI.Note;

        note = 440 * 2^((noteMIDI-69)/12);

        

        f1 = note-1:tiv:(note-tiv);

        f2 = note*2:tiv:(((note*2)+1)-tiv);

        f3 = note*(3/2)+1:tiv:(((note*(3/2))+2)-tiv);

        

        wave1 = evT1.*sawtooth(2*pi*f1.*t);

        wave2 = evT1.*sawtooth(2*pi*f2.*t);

        wave3 = evT2.*sawtooth(2*pi*f3.*t);

        waveSum = wave1+wave2+wave3;

        soundWave = lowpass(waveSum, note*2, fs);

        

        soundsc(soundWave, fs);

    end

end
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