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Introduction

With the advancing development of digital technology, today’s aspiring electronic music producers enjoy a significant degree of creative freedom. Now, for a cost which seemed unimaginable twenty years ago, electronic music producers can set up a studio in their own homes and, using the resources then available to them, go on to produce highly accomplished soundtracks.

This facility has led to a boom of both interest and creativity in music production. Many independent artists are now producing their own unique music independently of market-led forces. The development of the World Wide Web further enables them to upload their tracks to a potential audience of millions. The degree of freedom such producers now enjoy is clearly unparalleled.

One of the downsides to this freedom is a glut of available music, the quality of which may be questionable. Previously, music had to attract the attention of a record label or radio station to get heard. To do so it probably had to be of a high standard, both in terms of its originality and saleability. Now, anybody can post music online even if they are just starting out. In some ways this can be useful as feedback obtained from your listeners enables improvements to be made; but it also means that there is a lot of amateurish music out there.

One of the biggest mistakes would-be producers make is believing that, by careful listening and study of the basic elements of their chosen genre(s), they can acquire all the knowledge necessary to be a successful producer. This knowledge can certainly get them a long way towards that point, but sometimes it simply is not enough.

Other kinds of knowledge are needed, such as a knowledge of how music works as a language. It is no good writing a powerful bass line and a beautiful soaring lead, for example, if they are in conflicting keys. The result will be both chaotic and unpleasant to listen to, yet this is a common mistake I hear repeatedly. The student’s knowledge of their genre may be unsurpassed – but the result fails because, in purely musical terms, the producer doesn’t really know what they are doing.

Beneath all the enormously different styles of modern electronic music lie certain fundamentals of the musical language, which are the same no matter what kind of music you write. To acquire an understanding of these fundamentals is very important if you are to develop as a music producer. Put simply, you need to know what you are doing regarding the music that you are writing.

The aim of this book is to explain these fundamentals in as simple and accessible a way as possible. By reading this book and following the exercises contained within it, you, the aspiring music producer/computer musician, will find yourself making great progress towards understanding and using these fundamentals of the musical language. The result will be a great improvement in your ability to write and produce your own original music.


Chapter 1 – The Study of Sound


Whatever your own studio setup as a computer musician, you will no doubt be using a particular music production program (DAW: Digital audio workstation) at the very heart of that setup. Of course, everybody has their own favourite programs, whether these be Ableton Live, Logic Pro, Reason, REAPER, Studio One, FL Studio, Bitwig Studio or any others.


If your studio is large enough, you might also have the use of live recording facilities, through use of which you may then record or sample live sound as a part of your musical production setup. Additionally, you may also be using audio samplers to import, process and manipulate a great variety of pre-recorded audio samples, either created by yourself or procured from elsewhere.


Whatever you do use and however you do use it, the desired result will always be the same, which will be a completed musical track. Bearing this in mind, when studying music theory as a computer musician, it makes great sense to begin your journey through a keen study of the raw material that you will be using to create your tracks. Here, of course, I am referring to the subject of sound.


Every art has a medium through which it works. The visual arts work through the medium of light and colour, while the plastic arts work through the medium of shape and form. The musical arts, however, work through the medium of audio – more commonly referred to as sound.

When developing a viable theory of music suitable for computer musicians, it thus makes a great deal of sense to begin with a study of the medium through which music works. This study will then give you a solid platform from which to understand and approach all the various features of music as they present themselves to us in our modern technological age.


These features include the increasingly common use of modern technology in the production of music. An important characteristic of this is the use of electronic musical instruments, such as synthesizers, which produce sound through the action of electronic circuits. Or perhaps the use of samplers and drum machines, which make great use of audio files that can then be triggered by playing either on the keyboard or touch-sensitive pads. To understand how these work and the kinds of sound that they produce, we need to have a good understanding of the very nature of sound itself – a subject which, curious though it may seem, is not generally taught as a part of conventional music theory.


A theory of music for computer musicians also needs to refer to music from outside of our Western cultural traditions. This is because a knowledge of these non-Western musical styles continues to inform processes of modern musical production. Indeed, for this reason, you may hear examples of non-Western music being used everywhere – featuring in films, video games, the recording of independent artists, and so on.


A good example of this is Mongolian throat singing – xöömei – which, due to the presence of skilled touring practitioners, is now well-known in the West and increasingly featured in a great variety of musical productions. Then of course, there are the various styles of African drumming whose influence upon modern methods of musical production has been deep and profound. There is also the beautiful, sparkling music of the Balinese Gamelan. What modern synth does not feature patches directly inspired by the hypnotic sound of the Gamelan orchestra?


A theory of music for computer musicians also needs to embrace a broader and more expansive use of different types of sound in music. As a good example of this, consider how often you have heard running water used in modern music – or how about the use of audio recorded from a busy city street?

To understand and appreciate all these features, we clearly need a foundational understanding of the medium through which they all work, which is of course the audio domain. Now, as a tutor, I am all for study through the media of books, articles and other sources of valid information, and fortunately there is now a great deal of material available to the student about how sound works. 

However, I also like to encourage the use of some of the most sophisticated listening equipment that it is possible for us to use. Here, of course, I am talking about our own sense of hearing. If you are fortunate enough to have a keen sense of hearing, you will already be endowed with one of the best possible tools for the study of sound. This, in turn, will enable you to learn through direct experience, and to be honest with you, there can be very little better than this. However, when using our sense of hearing to learn about sound, we need to realise that there are different kinds of listening.

For instance, there is casual listening, which tends to be used to passively monitor the various sounds that might be occurring in the environment around us. Then there is relaxed or easy listening, which we use when we put on a record and just lie back to become absorbed and engrossed by a piece of beautiful music.


For the purposes of the study of sound in music, however, another type of listening is required. This is what might be called active or attentive listening. Have you ever watched a cat sitting atop a fence post, listening carefully for the sounds of a mouse rustling beneath the long grass? The cat is so focused upon listening that it completely absorbs its attention. This is true attentive listening. And this is the type of listening that you will find the most useful when you are studying sound.



So how can you learn this type of listening, if you have not learned it already?


A good start can be made by spending some time each day mindfully listening to the sounds in your surrounding environment. As you ever so attentively listen, do not necessarily try to identify the sounds that you are hearing. Simply listen to them afresh, as if it were the first time you had ever heard sounds. As you do so, experience them as you might experience the taste of your food or the incredible colours of a beautiful sunset.

By doing this exercise, which by rights is a form of sound meditation, you will learn a great deal. For a start, you will become increasingly sensitised to the incredible variety of sounds that are all around you. And as you listen, you will then discover that the seeds of musical languages are already present within the field of these ordinary everyday sounds. Obvious examples of this are the melodious songs of birds, the two-step rhythm of soldiers on the march, the rise and fall of the tone of voice when speaking, the regular rhythmic noises of running machinery, the periodic lapping of waves upon the seashore or, indeed, the hypnotic song of the mountain brook as the water tumbles and gurgles its way downstream.

What you will be hearing in these instances is an inspirational natural source for music that is not only literally inexhaustible, but also freely available to all. In this context, who can fail to be impressed by the natural symphony of sounds that may be heard as one walks through the forest, or along a secluded beach?

This is attentive listening at its very best.

Exercises


	
What are the three kinds of listening described in this chapter? 


	
Name three examples of everyday sounds that you have heard used in music tracks. 


	
Fill in the missing words: 





Every art has a ______ through which it works. The ______ ____ work through the medium of light and colour, while the _______ ____ work through the medium of shape and ____. The musical arts, however, work through the medium of _____, more commonly referred to as sound.


Chapter 2 – Of Noise and Tone


When studying sound, you will find it useful to make a distinction between two broad types of sound, these being noise and tone. So, for example, the sounds made by most untuned percussion instruments are clearly noises. This includes the sounds of drums, shakers, castanets, clappers – basically anything you can get hold of to bang, scrape or hit. 


These show us that noise has an important part to play in music. However, noise does not explain the whole picture. Music is not all about the use of noise. We also use another vitally important type of sound in our music. Here I am referring to tone. A brilliant example of this is the sound made by, say, a Tibetan singing bowl.

This sound offers a beautiful example of a musical tone. Now we cannot say of this sound that its tonal qualities are just coincidental. The craft of creating Tibetan singing bowls has developed over hundreds of years, and the whole purpose of that craft is to create bowls capable of producing that wonderful, sustained ringing tone that is literally, sonic medicine to listen to. Suffice to say, this is an example of musical tone at its very best.

So how is the tone different to a noise? Well, look at Figure 2.1 where you will see two patterns of dots. The arrangement on the left is obviously random and it is difficult for us to make a lot of sense of it. The arrangement on the right, however, has a certain sense of order and pattern to it. This, in a nutshell, is the difference between noise and tone, except that we are now dealing with audio signals rather than visual.

[image: ]

Figure 2.1: A visual analogy for noise and tone

To understand this, we need to start looking at sound as a process, the three parts of which are the production, propagation and reception of sound. 


First, there is the production of sound, which requires a sound source. A singing bowl being struck is a good example of this.



Second, there is the propagation of sound through an elastic medium such as the air. When the bowl is struck, it vibrates, and these vibrations then impress themselves upon the air to create sound-pressure waves which spread out in all directions from the sound source.



Third, is the reception of the sound by a listener. Those vibrations reach the ear, where we then register that a sound has been struck.


Now here is the crucial point. Some sounds seem to have a random chaotic quality, because of which we then hear what we would call a noise. With others, however, we can sense an order, a pattern to the vibration that causes us to perceive a given sound as a tone. This makes the tone a very special type of sound – one that is so special that a great deal of effort is often made to develop and cultivate it. The proof of this is the early history of music, where great efforts were indisputably made in learning how to extract the pure metal of the tone from the bedrock of ordinary noises.

The musician’s struggle to do this clearly represents a key feature in the history of the development of musical instruments. Consequently, wherever in the world music has been seriously cultivated as a language, significant efforts have always been made towards the deliberate creation of objects and devices specifically designed to produce musical tones. These objects we call musical instruments. Here is a list of such instruments from around the world:


Scotland:​Bagpipes



Ireland: ​ Uilleann pipes​



Japan:​​  Koto



Vietnam: ​Dan nhi​



Arabia:​ Oud​​



Finland: ​Kantele



India:​​ Sitar



Indonesia:     Gambus



Peru:​​  Panpipes



Brazil:​​Berimba



China:​​Zither​



Russia:​​Balalaika



Mongolia:      Bow fiddle



Greece:​ Lyre



Australia:      Didgeridoo



Egypt:​​Harp



Armenia:       Duduk​



Tibet:​​Rag-dung


In all cases, the instruments concerned have been developed, cultivated and built for no other reason than to produce a decent tone. This quality of tone is something that is prized by musicians. Witness children when they are learning to play a musical instrument. A great deal of their initial practice has only one aim, that is for them to be able to produce a decent quality of tone.

Because of this, the use of ordinary everyday objects as musical instruments obviously tends to have a much more limited application. Aside from their inventive use as, say, substitute instruments of percussion, it is rare to find such objects capable of producing the quality of tone that is required. However, there will always be exceptions. The bowed saw is one, while the use of wine glasses filled with water is another. However, in all these cases, objects are chosen, used or fashioned in such a way as to try to produce a decent quality of tone.


In making a distinction between noise and tone, however, I am not implying that noises are somehow lesser. Many of the sounds used in music can be classified as noises. As we have seen, the charm of the sound of many percussion instruments is principally due to the striking nature of the noises that such instruments can produce. In fact, there are entire genres of music that have been built up through the deliberate and systematic use of noise. Loosely referred to as noise music, these are generic terms used to cover a wide range of musical genres that use noise as their primary or even exclusive element.



One of the early pioneers of noise music was the Italian composer Luigi Russolo (1885–1947) who in his manifesto of 1913 entitled The Art of Noises pointed to the Industrial Revolution as a catalyst for new types of music that used noise just as freely as the music of the past had used tone. Considering a preoccupation with tone to be imposing an unnecessary restriction upon composers and musicians, Russolo called for the free use of noise instead. Towards this end, Russolo even constructed and built numerous noise-producing musical instruments, some of which can be seen in Figure 2.2.


Since that time, explorations of noise as music have gone on to generate a fascinating range of different musical genres, in both classical and popular music fields. Often crucial to these has been the exploitation of found noises emanating from the urban or industrial landscape. Through use of modern sampling technology, these noises can now be brought into the studio and manipulated in any number of ways to produce fascinating soundscapes that combine noises in ingenious and inventive ways.


A beautiful example of this is the genre of Glitch whose producers use noises that have been discarded into the waste bins of audio producers, rescue them and then turn them into music. Another example is Schranz, a type of techno that makes great use of industrial noises.


Any distinction being made between noise and tone therefore counts not as a value judgement, but as the recognition of a difference in the aural quality of sounds. Consequently, noise will always have an enormously important role to play in the creation of music, whether used alone or in conjunction with the musical tones themselves.

This is why, when we study music theory for computer musicians, we begin not with the notes of music, which embrace just one type of sound. We begin with the entire world of sound itself, a world within which we will find the flower of the musical tone. And it is for this reason that, in the next chapter, we will make a start with our studies of the various properties of sound.

Exercises


	Get a piece of paper and divide it into two columns. At the top of the left-hand column put the heading ‘Tone’ and at the top of the right-hand column put the heading ‘Noise’. Then list all the examples of tones and noises that you can think of. 


	Write a short track that consists of nothing but noises. 


	
Get a recording of a sound that has some tonal content, e.g. an excerpt of birdsong. Load the recording into your sampler and then listen to it being played back when you press different keys of the sampler. What does the recording sound like being played back an octave higher? What does the recording sound like being played back two octaves lower? Feel free to compose a melody from this sample, should you wish. 






Chapter 3 – Pitch and the Audio Frequency Spectrum


In this chapter we will begin with a study of the properties of sound. By ‘properties’, I am referring to the essential characteristics that define the nature of sound. Generally speaking, there are three main properties of sound that the computer musician would benefit from studying. These are the pitch, the intensity and the quality of sound (Figure 3.1):
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Figure 3.1: The three properties of sound

All sounds possess these three properties and all essential differences between sounds are explainable in terms of these properties.

A good way to identify each of the properties, initially, is through reference to the human voice. In terms of the property of pitch, men’s voices tend to be deeper, while women’s voices tend to be higher. Intensity, in this context, represents the difference between, say, a shout and a whisper. Quality is more subtle, consisting of the recognisable difference in tone between one person’s voice and another’s. So, for example, among a group of friends, you can tell who is speaking even with your eyes closed. This is because you have learned to recognise the characteristic qualities of their individual voices. 

Now, as a student of music theory for computer musicians, your studies will greatly benefit from:


	A knowledge of what the properties of sound are 


	How these properties are measured 


	How they are used in musical languages. 





How they are used in musical languages is a question that will interest you greatly. All musicians use these three properties as essential features of the art of music, and when they do, those properties then become essential expressive parameters of musical works. If you want to be able to understand music – of whatever type – it thus makes a great deal of sense to develop a knowledge of these parameters. In view of this, let us now begin to explore them further, and we will begin in this chapter, with the property of pitch.

As one of the three properties of sound, pitch is of tremendous importance to music. And this importance is nowhere more clearly demonstrated than in the form of the musical tone or note.

What is a note?

A note is a sound whose pitch is relatively stable. Being stable, notes can not only be identified by the ear, but they can also be represented as note symbols in a musical score, or alternatively, as horizontal bars drawn in using the pencil tool of the piano roll of a DAW, as shown in Figure 3.2:
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Figure 3.2: Notes of different pitch drawn on the piano roll view of a DAW

Looking at the piano roll, we can see a keyboard on the left, which tells us the pitch of each of the notes. As the keyboard is portrayed vertically, the notes of higher pitch are shown towards the top of the keyboard, the notes of lower pitch towards the bottom.

So, now that we know what pitch is, let us now consider the causes of pitch. To do so, consider what happens when a violin string is bowed. The string rapidly oscillates, moving back and forth in a wave-like motion. This oscillation has a certain rate, speed or frequency. What we call ‘pitch’ is our ear’s recognition of that speed, rate or frequency.


Now here is an important acoustic principle: every sounding body has its own standing rate of vibration. This rate of vibration is called its fundamental frequency. When the string is set into vibration, we then hear that fundamental frequency as the pitch of the sound produced. 


So, what determines the speed or frequency that a sounding body vibrates at?

For objects of a particular class, numerous factors might come into play, such as the relative size, weight, density or length of the sounding bodies. As an example of this, think of a harp. The strings at the top of the instrument are shorter than those at the bottom. Being shorter, they vibrate at a higher frequency, which means that they give off a note of a higher pitch.

Here it is important to realise that sound waves are not just a disturbance of the surrounding medium. They are also carriers of vital information about the sound source. This information is conveyed by various attributes of the sound waves.

Information about the pitch is conveyed through the length of the soundwaves. To appreciate this, consider sound waves as consisting of an alternating series of peaks and troughs, the peak being the positive phase of the sound wave and the trough the negative phase. Observe that the sum of a given peak and its corresponding trough amounts to a single cycle of the soundwave. This cycle may be conveniently represented as a circle drawn around the respective peak and trough of the wave.

[image: ]

Figure 3.3: Single cycle of a soundwave

The wavelength may thus be measured as the distance between two respective peaks of the soundwave as shown in Figure 3.4:

[image: ]

Figure 3.4: Wavelength

Low-pitched sounds – such as a note played on a tuba – are those whose soundwaves have relatively long wavelengths. Conversely, high-pitched sounds, such as a note played on a piccolo, have relatively short wavelengths. In Figure 3.5 this relative difference between the wavelengths of sounds is represented graphically.

[image: ]

Figure 3.5: Sounds of different wavelengths

So, let us now put the pieces together. A sound vibration of low frequency will produce sound waves of long wavelengths which will be heard as sounds of a low pitch. Conversely, a sound vibration of high frequency will produce sound waves of short wavelengths which will be heard as sounds of a high pitch.

Pitch Measurement: Hertz


Given that pitch is a result of the frequency of vibration, how do we measure those frequencies? We do so through the number of cycles of the sound wave per unit second. These cycles are referred to as Hertz, the abbreviation of which is Hz.



So, if the frequency is 256 cycles per second, we express that as 256Hz. This applies until we get up in the thousands. These are referred to as Kilohertz, which are abbreviated as kHz. So, a frequency of say, 20,000 cycles per second will be expressed as 20kHz. 


When learning about Hertz, it helps if we can gain a clear frame of reference. One such frame of reference can be provided using a piano keyboard.

Note A above Middle C on the piano will have a standard frequency of 440Hz. This means that when the piano is tuned in accordance with internationally agreed-to standards of tuning, note A above Middle C will invariably produce a vibration of 440 cycles per unit second. An illustration of this is provided in Figure 3.6, which shows the location of note A = 440Hz on a standard 88 key piano keyboard.
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Figure 3.6: Note A = 440Hz on Standard 88 Key Piano

The Audio Frequency Spectrum


Once we can put a number to a particular frequency, we then realise an important fact. Pitch is a part of an overall continuum of sound frequencies. This continuum is called the audio frequency spectrum. Being a spectrum, it is continuous in nature, consisting of every possible frequency of sound from the very lowest possible up to the very highest. When we examine this spectrum, we soon discover that, for our purposes as computer musicians, it divides up into three basic ranges. These are:



	
the sub-audible range, also called infrasound 



	
the audible range, called sound 


	
the super-audible range, also called ultrasound. 





The sub-audible range consists of audio frequencies that are generally too low for us to be able to hear them. This range includes everything below about 20Hz. Sometimes referred to as infrasound, although we cannot properly hear these sounds, some creatures can. Elephants, for example, can communicate vast distances with one another, using frequencies that, for us, lie below the ordinary threshold of human hearing. Male alligators seeking a mate can also thrash their tail in such a way as to generate subaudible sound frequencies. Female alligators in the vicinity find these to be very alluring! 

Consisting of sound waves of vast wavelengths, infrasound carries a tremendous amount of sonic energy. Indeed, although we may not be able to hear them, sometimes we may be able to feel them vibrating through our bodies, particularly those emanating from unknown mechanical sources. An example of this would be say, a big air conditioning fan operating in the basement of a large building.

The presence of these frequencies in our environment can cause us to feel distinctly uneasy, especially if we don’t know where they are coming from. Having been made aware of this, horror movie producers have been known to insert sub-audible frequencies into the soundtracks of their films at crucial points to cause audience members to feel a certain sense of fear and foreboding. Crafty!

So, let us now go to the other end of the spectrum.

The super-audible frequency range consists of all frequencies above about 20kHz. These are frequencies that are just too high for us to be able to hear them. Also called ultrasound, although we might not be able to hear them, some creatures use ultrasound frequencies to great effect. A good example of this is bats that emit sonic pulses within the super-audible frequency range for the purposes of navigation. 

Within our own human world, they also have some amazing uses. One such use is in dog whistles which generate an ultrasound frequency that dogs can hear, but we cannot. Due to their incredible power of penetration, ultrasound frequencies also have great uses in the process of ultrasound scanning.

The upshot of this is that the audible range of sound frequencies is sandwiched between two regions that disappear into the realms of inaudibility. See Figure 3.7 for an illustration of this.
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Figure 3.7: The three ranges of the audio frequency spectrum

As computer musicians, the focus of our interest is the range of audible sound frequencies which extends from 20Hz at the lower end up to about 20kHz at the higher end. You can see this range illustrated in Figure 3.8. Here it proves instructive to examine this range of frequencies, particularly in terms of their musical uses. When we do so, we soon realise that an important criterion – that determines the range of frequencies that we do use in our musical projects – is usability.

So, for example, musical notes of frequencies that extend beyond about 4200Hz – the approximate upper limits of a concert grand piano for example – often acquire a piercing, shrill, whining quality that tends to preclude their use in a musical context.
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Figure 3.8: The audible sound frequency spectrum


Similar considerations apply to notes in the lower ranges. Notes below about 27 Hz, for example, tend to have a coarse, gruff, indistinct quality that also tends to preclude their musical use. That said, the modern electronic phenomenon of the sub-bass can use very low frequencies belonging to this range, in support of the bass. Although not strictly audible, when supporting a bass line, they can add the most tremendous power and energy to a mix. 


Sub-basses were no doubt inspired by the classical music repertoire, where it was common to double the bass, played on cellos for example, with contrabass instruments doubling the bass an octave lower. The result is a strong, powerful bass line that offers great support to the sound of the orchestra.

The upshot of this is that musicians generally tend to concern themselves with notes which lie within the general range of say, a concert grand piano (approximately 27Hz – 4186Hz). Of course, compared to the entire audio frequency spectrum, this is a more limited field of sounds, yet it is within this field that most musical instruments produce their best sounds.


Given our tendency to use various parts of the audible frequency spectrum, we will find it convenient to divide the audible frequency spectrum up into various ranges, based primarily upon those uses. In this context, there are the frequencies belonging to the low range, from about 20Hz to 220Hz, that are utilised primarily by our bass instruments. We could thus logically refer to this as the bass range, as shown in Figure 3.9:
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Figure 3.9: The bass range


Then there is the mid-range from about 220Hz to 4kHz. Although counting as the mid-range from the perspective of the entire audible frequency spectrum, in terms of our musical use of the frequencies belonging to this range, it might logically be called the treble range. Therefore, in terms of the traditions of written music, as we write bass notes on the bass clef, so we write treble notes on the treble clef. Hence, it seems logical to think of this as the treble range, as illustrated in Figure 3.10:





[image: ]

Figure 3.10: The treble range


As stated earlier, frequencies above about 4kHZ – the upper limits of a concert grand piano – are rarely used in our musical projects. However, this range is key to the listener’s perception of our music, being occupied as it is with the spectral frequencies belonging to the upper harmonics of the notes that are used in a musical project. Although commonly called the high or upper range, therefore, I find it more logical to think of this as the spectral range of the audible frequency spectrum, as illustrated in Figure 3.11:
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Figure 3.11: The three ranges of the audible frequency spectrum

So, there we have it, the three ranges of the audible frequency spectrum.

Pitch Register and Tessitura


This then introduces us to another important concept. Every musical instrument that is used will have its own characteristic range of pitch. Inevitably, this range will sit somewhere within the audible frequency spectrum. This pitch range is called its pitch register. Sometimes also referred to as the tessitura, this latter term more strictly applies to the most prominent notes that tend to be used within the pitch range of a given instrument.


Writers of orchestral music need to be thoroughly familiar with these registers, so that they can write effective parts for these instruments. Some instruments, such as the harp and piano, have a range that extends virtually throughout the entire usable pitch register. Others have a more limited range.

At the lowest end (the bass range) there is the double bass, the contrabassoon, and the tuba.

At the highest end (the treble range) there is the piccolo and the flute.

Between these extremes are the ranges of most of the other instruments that we are familiar with.

Inevitably, the register of an instrument will tend to affect its function when used as part of an ensemble. Instruments of low register, such as the double bass, the tuba and the contrabassoon, will tend to play bass, while instruments of a higher register tend to play the upper, more melodic parts. In between are the registers of all those other instruments that give the sound of the orchestra its richness, fullness and variety of tone. For illustration purposes, Figure 3.12 shows the ranges of some of the most common instruments of the orchestra. Examining these, it is easy to see that the instruments of the orchestra make use of virtually the entire range of the usable pitch spectrum.

So, we have considered what pitch is, how it is measured, the audio frequency spectrum to which it belongs, and the registers of various musical instruments. Having done so, let us now consider the next property of sound, which is the intensity.
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Figure 3.12: Pitch ranges of common orchestral instruments

Exercises


	
Fill in the missing words: Musical tone has three basic properties. These are _____, ________ and _______ 


	
Fill in the missing words: The frequency of sound is measured in terms of _____. When abbreviated this term appears as ___. 


	Fill in the missing numbers: the range of audible sound frequencies extends from _____ Hz at the lower end up to about ____ kHz at the higher end.






Chapter 4 – Intensity and the Decibel Scale

Having briefly considered what pitch is and how it is measured, let us now consider another important property of sound, which is the intensity. Intensity equates to what most people would think of as being the volume of sound, and just like pitch, intensity is one of those vital expressive parameters of the language of music.

As an example of this, look at the waveform of a series of drum hits of lessening intensity as shown in Figure 4.1. This is a perfect instance of the expressive use of intensity. Observe, as well, how the audio file reflects the intensity of sound. Time is represented on the horizontal while intensity is represented on the vertical. Hence, as the hits gets softer, the wave gets narrower.

[image: ]

Figure 4.1: Drum hits of lessening intensity

The sensitivity of the human ear to the intensity of sound is incredible, as is the range of sound intensities that our ears can detect. At the low end, think of the sound made by a pin being dropped upon a tiled floor. In comparison, the highest intensity we can be exposed to without permanent damage to our sense of hearing is over a billion times more intense. Just think of the sound of a jet passing overhead as an example of this.

This is why sound intensity is often an important health and safety feature. Levels are set within certain prescribed limits that make sure our delicate hearing apparatus is not damaged through exposure to sounds whose intensity is just too high. I know many musicians whose hearing has been permanently damaged through long-term exposure to sounds of too high a level of intensity.

In some cases, their hearing has not only been impaired, but they have also suffered permanent long-term tinnitus. For this reason, everybody involved in music should at least become aware of what counts as a safe level of intensity to be exposed to.


Now, just like pitch, intensity is a part of a continuous spectrum that begins with the lowest possible intensity and then extends up to the highest. The question is, how do we measure these different levels of intensity? For general purposes, we do so through the decibel scale. The lowest intensity this scale recognises is called the hearing threshold which equates to the faintest possible sound that can be detected by the human ear. For convenience, this counts as 0dB, as shown in Figure 4.2:


[image: ]

Figure 4.2: The Decibel scale

Examples of sounds at various dB levels are as follows:


	10 dB: The sound of rustling leaves some distance away 


	30 dB: The level of sound you might expect reading a book in the public library 


	50 dB: The level of music that we might get being played in the supermarket 


	70 dB: A washing machine chugging away in the kitchen  


	
90 dB: The sound of a commercial hair dryer 


	
110 dB: The sound of thunder overhead 


	
130 dB: Where the pain threshold is crossed. For any level above this, some kind of hearing protection device is needed as serious long-term damage will occur because of prolonged exposure to sounds at this level 


	140 dB: Where the sound intensity becomes capable of rupturing the human eardrum 


	150dB: A shotgun blast at very close range. 





In many cases, the levels shown are pointless without further qualification. This is because distance comes into it. The further you are away from the sound source, the quieter it will be heard as. This is because the sonic energy is then being dispersed over a wider area. However, for computer musicians, a vital lesson can be learned from the decibel scale. This is to be careful with one’s hearing and do not expose oneself to potentially damaging levels of sound.

This doesn’t just include the sound you might hear at a rock concert. Think about the headphones you might be using to monitor your music. Because of the negligible distance between you and the sound source, prolonged exposure to loud music heard through headphones can easily lead to the damaging of one’s delicate hearing apparatus. So, the message here is, be careful!

Amplitude

Now that we understand what intensity is, and how it is measured, let us now begin to approach the use of intensity as a feature of musical languages. For this purpose, recall that sound waves are produced by the vibrations of a sounding body, such as a plucked guitar string for example. 


The energy with which the string is plucked has a significant effect upon these waves. If plucked gently, the intensity of the oscillations of the string will be lesser than when the string is plucked strongly. Accordingly, the sound waves will have less amplitude. As illustrated in Figure 4.3, amplitude is the relative height or depth of the sound waves as measured from the wave axis. The more energy a sound has, the greater the amplitude of the sound waves.
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Figure 4.3: The amplitude of soundwaves

Dynamic Marks

As an expressive parameter of musical languages, the intensity of sound is important. To appreciate this, imagine if every sound of a piece of music had the same intensity. Although the music might still be enjoyable to listen to, it would nonetheless lack any real dynamic power. In fact, there would be less means with which to emphasise or contrast one sound with another, the rhythm of the music would lose its dynamic profile, it would be difficult to create the effect of building up to a peak and it would be impossible for us to distinguish between foreground and background elements.


Basically, the music would lose an entire dimension of expression, as vital perhaps as depth and perspective are to the visual arts of drawing and painting. Because intensity is such an important expressive parameter, most composers of classical music have been keen to put markings in their scores that indicate the required intensity of the music. Called dynamic markings, these typically use abbreviations of Italian terms to indicate the required intensity of the music.



In Figure 4.4, you will see an excerpt from the score of the first Gymnopédie by French composer Erik Satie (1866-1925), that uses a number of such dynamic markings, each of which has been indicated by a letter.
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Figure 4.4: Dynamic marks in excerpt of Satie’s Gymnopédie, no. 1.


	
Pianissimo, which means ‘very soft’ 


	
A hairpin symbol indicating crescendo, a word which means ‘getting louder’ 


	
Another hairpin symbol which signifies decrescendo, which is to ‘get softer’ 


	
Forte, which means ‘loud’.  






Intensity in Electronic Music

For modern electronic music produced using a DAW, the property of intensity is no less expressive. Usually thought of in terms of volume levels, it is however used and applied in a different way. This is because, for electronic music, the computer itself counts as ‘the performer’. As such, levels of intensity need to be programmed into the computer. This is done using automation, which, for a producer of electronic music, counts as an art in its own right.

Automation is basically a series of instructions that are entered into track automation lanes to regulate and control parameters such as intensity. Through use of track automation, the intensity slider on a sound producing device can be programmed to rise, fall or remain as required. This in turn will affect the output volume of that device. In Figure 4.5 you can see an example of a track automation lane that is controlling the volume output of a sound-producing device.

[image: ]

Figure 4.5: Intensity automation lane

The different channels of the mixing console of the DAW will also have volume controls, that usually appear as sliders provided for each channel (Figure 4.6a). They are also provided for the left and right master outputs, as shown in Figure 4.6b):

[image: ]

Figure 4.6: Volume sliders on the mixing console of a DAW.

In this way, volume levels may be precisely controlled according to the specific requirements of the producer, a control which does and can apply to the level of every single sound used in a given track.

So, having now considered both the pitch and intensity of sound, let us next consider the quality of sound, which will be the focus for the next chapter.

Exercises


	

Which of these does the intensity of sound most closely relate to? 


	
Pitch 


	
Timbre 


	
Volume 






	
Fill in the blanks: Amplitude is the relative ______ or ____ of the sound waves as measured from the wave axis. The more energy a sound has, the _______ the amplitude of the sound waves. 






Chapter 5 – Tone Quality and Synthesis 


So far, we have considered two of the main properties of sound, which are pitch and intensity. Let us now consider the third main property of sound, which is quality. Out of the three properties, the quality of sound is probably one of the most subtle and enigmatic. This is reflected by the variety of terms that can be used to describe it, which do and can include: quality, tone, tone-quality, tone-colour and the beautiful French word timbre.


To be able to appreciate the quality of sound, just think of people speaking. Every person’s voice has a discernible quality of tone. Our recognition of this quality then enables us to discern that person’s voice amongst a group of chattering people.

Something very similar happens when we listen to music. Every musical instrument (sound producer) has its own ‘voice’, which is the quality of sound by which your ear can recognise it.

Therefore, for example, there is the clean, clear, airy sound of the flute; the bold and brassy sound of the trumpet; the warm, calm tone of the trombone; the raucous, sassy tone of the saxophone or the silvery, sparkling tone of the celesta.

This is why the art of orchestration – also known as instrumentation – is so important for orchestral music. A composer versed in the art of orchestration can use, combine and juxtapose the tone qualities of different musical instruments with great ingenuity and skill.


Go on to YouTube and take a listen to the movement Mercury, from Gustav Holst’s The Planets suite (1917). When listening you will no doubt discover that the music literally sparkles with a brilliance of vivid colour that is comparable to a beautiful tapestry. To be able to achieve this brilliance, a composer must learn all about the instruments of the orchestra, how they produce sound, how they are played, their characteristic range of sounds and of course the individual registers of each instrument.



Listening to the Holst excerpt, it is easy to appreciate just why tone quality is also referred to as tone colour. This is even though the term borrows its reference from another sense. The term recognises the fact that each instrument has its own colour or quality of tone. And for many people, particularly those with synesthetic abilities, listening to music does trigger streams of colour that they see in their mind’s eye.


This suggests a curious bridge between the senses that represents a fascinating topic of research.

So, for example…


	What colour does the sound of the flute suggest? 


	How is this different to the sound of the trumpet? 


	
What colour do you see in your mind when you hear the cello being played? 





These questions in their turn raise another important question.

What is the connection between sound and colour?

Well, the fact that both are forms of vibration might be significant. The difference is that the vibrations of colour – as a part of the EM spectrum – belong to a much higher range of frequencies than sound. Yet in the past, many have noticed there does seem to be a subtle connection between light and sound.


Some art works overtly explore this connection. A brilliant example of this is the painting Composition VI by Wassily Kandinsky (1866-1944), an early twentieth-century painter who had a great interest in synaesthesia. Note the use of a musical term to name the painting, suggesting parallels with processes of instrumentation and composition that are normally applied to music.


Admittedly, this crossover between the senses is subjective, involving as it does a subtle mix of both imagination and association. This is proved by the fact that not everybody sees the sound of the flute, for example, as having the same colour. As such, the colours that are seen vary from individual to individual.

Yet the recognition of it is interesting, for it highlights the fact that, as an expressive parameter of music, tone colour can stimulate the listener’s imagination to powerfully evoke colours, textures and images in the listener’s mind, and by doing so, transport the listener to another realm, whether this be Fingal’s Cave – as in the overture of that name by Mendelssohn, or indeed the astrological sphere of Mercury, as depicted by the Holst excerpt that we just considered. 

As if this were not enough, the development of electronic musical instruments such as synthesizers has now led to a vastly expanded palette of available tone colours. Admittedly, synthesisers can offer fair imitations of the tone colours of conventional acoustic instruments, but synths are probably at their best producing completely new, novel tone colours that, in themselves, are a delight to listen to. We will consider the reasons for this later in this chapter.

Harmonics


To understand the causes behind tone colour we need to consider one of the most fascinating acoustic phenomena known to science. Here I am referring to the subtle and enigmatic phenomenon known as the harmonic series. To appreciate this, recall the list of instruments from around the world that was given in Chapter Two. Here it will become apparent that in nearly all cases, these instruments use either stretched strings or pipes as their sound-producing agencies. Therefore, in the case of the harp for example, a series of strings tightly stretched across a frame is used, each string producing a musical tone of a certain pitch. In the case of a flute, a pipe is transversely blown, causing the air column within it to vibrate. Through use of carefully placed fingerholes, the pipe can then be stopped, thereby causing different lengths of air column to vibrate. These different lengths of air column then produce musical tones of different pitch.


However, given that the principle by which stretched strings and pipes produce sound can be understood, what is otherwise so special about them that they are used in the building of musical instruments the world over? The obvious answer to this question is that both types of sounding body tend to vibrate harmonically. What this means is that they vibrate along those regular sections that constitute the fractional parts of a given whole. This then enables them to produce rich, complex and full-bodied musical tones that are a delight to listen to. You can see these fractional parts of the string or pipe illustrated in Figure 5.1:

[image: ]

Figure 5.1: Strings and pipes vibrate harmonically

Each such part will, of course, generate its own frequency. In effect, therefore, this means that although when the string is plucked or the pipe is blown we hear but a single note, this note is simply our ear’s reduction of the multiplicity of frequencies that it is picking up into the experience of a single tone.

As this is an important point, let us now examine it further. We can do this by considering the way an acoustic guitar string vibrates when plucked. An acoustic guitar typically has six strings, which, although of equal sounding length, nonetheless vary in their thickness and density. Because of this, when plucked, each open string will produce a note of a different pitch. The strings can be identified by the note that they produce in standard tuning. In this way, the six strings are the low E string, the A string, the D string, the G string, the B string and the high E string.


Now, if I pluck the A string of the guitar it will vibrate so many times per second. The rate of this vibration is called the fundamental frequency. Therefore, assuming the use of a guitar tuned in accordance with the old standard of philosophical pitch (note Middle C = 256 Hz), the fundamental frequency will therefore be 108 Hz, corresponding to note A1. The presence of this fundamental frequency is tremendously important, because it directly corresponds to the pitch of the note that we hear. However, the fundamental frequency represents just one of an entire complex of vibrations that are produced when a guitar string is plucked.



This is because the string will vibrate not only along its entire length – which produces the fundamental frequency – but also along all its fractional parts. These fractional parts of the whole are referred to as the modes of vibration of the string. Bearing this in mind, let us now examine these modes of vibration and see how they contribute to the phenomenon of the musical tone.


The first mode of vibration is produced by the string vibrating along its whole length, which will therefore generate the fundamental frequency of 108 Hz.

The second mode of vibration is produced by the string vibrating along its half lengths. As frequency increases in inverse proportion to the length of the string, meaning that the second mode of vibration will produce a frequency double that of the fundamental, it will thus produce a frequency of 216 Hz.

The third mode of vibration is produced by the string vibrating along its one-third lengths. It will therefore produce a frequency triple that of the fundamental, which in this case will be 324 Hz.

So it goes on, each respective mode of vibration contributing its own frequency to the body of the musical tone thus produced. Of necessity, this makes the musical tone a very complex phenomenon. To be able to picture this, in Figure 5.2 you will see the first nine modes of vibration of a guitar string represented.

Although no more than the first nine modes have been represented in Figure 5.2, bear in mind that once the string has been plucked, there is no real end to the number of the modes of vibration of the string that may be set into motion in this way. As such, the exact number of individual frequencies that are present when a guitar string is plucked is impossible to enumerate. 
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Figure 5.2: The first nine modes of vibration of a guitar string

Thankfully, because these frequencies are produced by the regular fractional modes of vibration of the string, their exact frequency in Hz can easily be calculated, providing the frequency of the fundamental is known. This is because their frequencies will always be whole number multiples of the frequency of the fundamental. For this reason, these individual frequencies that all contribute to the body of the musical tone are called harmonics, of which the fundamental counts as the first harmonic. 

Therefore, if the frequency of the fundamental is given as 108 Hz, the frequency of the second harmonic will be 216Hz, the frequency of the third harmonic 324Hz, and so on. As each harmonic represents a particular frequency relative to the fundamental, it is therefore possible to assign to that harmonic a note of a particular pitch. The pitch of the first nine harmonics of the guitar A string is illustrated in Table 5.1:

Table 5.1: The first nine harmonic frequences of Note A1


Harmonic     String length   Frequency     Note



First ​​Whole​​108 Hz​​A1



Second​​Half​​216 Hz​​A2



Third​​Third​​324 Hz​​E3



Fourth​​Quarter​​432 Hz​​A3



Fifth​​Fifth​​540 Hz​​C#4



Sixth​​Sixth​​648 Hz​​E4



Seventh​​Seventh​​756 Hz     ​Fx4



Eighth​​Eighth​​864 Hz​​A4



Ninth​​Ninth​​972 Hz​​B4



Each harmonic that contributes to the resonant body of the musical tone counts as an individual frequency in its own right. A frequency of this sort is called a simple tone. When heard individually, simple tones have a very pure, clear sound, being generally bereft of any discernible tone colour. Inevitably, the occurrence of simple tones of this kind is rather rare.


Although tuning forks are designed to produce simple tones, most of our acoustic musical instruments produce musical tones possessed of a great multiplicity of harmonic frequencies. Accordingly, the tones produced by such instruments are designated as being complex tones. Their sound to the ear is very rich, complex and vibrant, and when heard, they seem to shimmer with a particular life, colour, hue and intensity all of their own.
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Figure 5.3: A musical tone consists of numerous individual frequencies


In this context, a complex musical tone is thus an aggregated sum of simple tones. This can be proven and demonstrated through the process called Fourier analysis, in which a complex waveform is then reduced into a sum of simple sinusoidal waveforms.


Cymatics

Although the use of mathematics gives to the study of the musical tone an aura of arcane complexity, there are sides to the study of the musical tone that have a much more direct aesthetic appeal. A good example of this is the field of cymatics, through which the vibratory complexity of a musical tone is made explicit to the eye.

This area was pioneered by the work of figures such Ernst Chladni who experimented with bowing metal plates upon which sand had been sprinkled. As the plate vibrated, the sand then arranged itself into complex geometric patterns reflecting the vibrational nodes of the plate being bowed. See Figure 5.4 for some examples of these:
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Figure 5.4: Patterns of vibration visible on Chladni plates


Since then, cymatics has gone on to become a fascinating area of study. A quick web search of the term cymatics will soon reveal the extent of this, providing, as it will, links to numerous videos that show what happens when powders are thrown onto a plate in the presence of a high-pitched tone that causes the plate to vibrate. Beautiful geometric patterns appear, offering a perfect living illustration of the natural vibratory tendencies of the plate. As the pitch of the tone rises, these patterns then become more and more complex due to the resonance of the higher harmonics of the vibrating plate.


The beauty of cymatics is that it is all about perception – it offers us a window into the perception of the musical tone that shows us just how beautiful an object it is. Cymatics also shows that the intrinsic musicality of the tone subsists within a characteristic pattern in which the multiplicity of the harmonics are centred around the unity of the fundamental tone. Therefore, it is no coincidence that cymatic patterns often resemble Jung-like mandalas.

Tone Colour

Although we can all benefit from the window of perception that cymatics offers, we also need to consider the way in which we perceive the tone under ordinary circumstances. Here, curious as it may seem, this takes place through two perceptive windows. The first is that the tone manifests to us as a note of a particular pitch.


This pitch directly corresponds to the frequency of the fundamental tone. Curiously, we will hear the pitch of the fundamental tone even when it has been specifically removed by audio engineers. Referred to as the missing fundamental experiment, the explanation of this lies in the pattern of harmonics. As these are multiples of the frequency of the fundamental, our brain can easily infer from this pattern the implied pitch of the fundamental. Our brain thereby completes the implied pattern for us, because of which we then hear the fundamental tone even when it is not present.


The second perceptive window is timbre, or tone colour. Although potentially thousands of separate frequencies are present in a musical tone, the ear reduces these into the impression of a single note possessed of its own unique tone quality.

This process inevitably invites comparison with the way in which the eye blends together pixels upon a computer screen to give us the impression of a composite form. Although the form looks realistic, it is simply an illusory impression created when the eye and brain combine the different coloured pixels. This visual form is consequently no more real than a face seen in clouds passing overhead.

An important part of this impression is the aural quality or timbre of the resultant tone. Representing that property of sound whereby the ear becomes able to detect the sound source, these qualities largely come down to differences in the relative intensities of the individual harmonics that make up the musical tone.
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Figure 5.5: Different waveforms

These intensities in their turn give to each sound its own characteristic and recognisable waveform. When we hear and register the different tone qualities of musical instruments, therefore, this is all due to the ear’s capability to analyse and detect the shape and form of the soundwaves. You will find some examples of different waveforms illustrated in Figure 5.5.

The Nature of Tone

Because we perceive the musical tone through two perceptive doorways, we are always liable to misconstrue its true nature. First and foremost, a musical tone is not just a pitch. It is a complex of mathematically related frequencies whose presence will be felt many octaves above the frequency of the fundamental. As such it is mistaken to think of the tone as being a mere note appearing upon a staff or a coloured bar on a piano roll. This note that we see, after all, indicates no more than the pitch of the fundamental tone. As such, it belies the fact that each tone is in fact a shimmering spectrum of sound frequencies.

This highlights one of the main problems that has always surrounded the study of musical tones: finding appropriate perceptual models that enable our view of the tone to be reconfigured more in accordance with its true nature. The twentieth-century German composer Paul Hindemith (1895–1963) endeavoured to do this, fruitfully comparing the musical tone to an atom.

In this context, the bulky nucleus of the atom proves analogous to the fundamental frequency while the electron cloud appears rather like the complex spectrum of harmonics that surrounds the fundamental. He also compared the tone to the solar system in which the harmonics were analogous to the planets and moons, and the fundamental analogous to the central sun around which they revolved.

Another pertinent analogy is a galaxy composed of innumerable stars. Each star counts as an individual body, yet at the same time contributes to the body of the galaxy. In this context, therefore, the fundamental is analogous to the dense galactic core, the harmonics to the various stars of the galaxy that spiral around that galactic core. 

These models then help us to understand the tone as a physical presence. The tone counts as a unity in its own right. Yet within that unity exists a complex world of frequencies centred around the anchor that is the fundamental tone. The former manifests to our ear as tone colour, the latter as pitch. However, both sensory channels of appreciation refer to a single unified phenomenon which is the musical tone.

Synthesis

A knowledge of the sheer harmonic complexity of tone proved vital in the process of developing early prototypes of the synthesizers that musicians use today. Here it became apparent that if timbre largely originated from nothing more than the differing intensities of the harmonics of musical tones, then it must be possible to build an instrument capable of imitating the different timbres of musical instruments. All that would be needed is a device capable of generating harmonics at a pattern of intensities that matched those of the various instruments that the synthesizer sought to emulate.


The next stage was to find ways to accurately model the way in which sounds developed through time. Called the sound envelope, every sound was found to be characterised by its own peculiar sound envelope. To be able to successfully imitate the sound of a musical instrument, therefore, it became necessary to develop a method for varying the required components of the sound envelope which were the attack, the decay, the sustain and the release. See Figure 5.6 for an illustration of these.



	
Attack represents the way in which a sound starts from an initial low and then reaches a peak value. Consider the case of a percussion instrument, whose attack is very prominent 


	
Decay is the way a sound fades away from that peak value. Consider the case of a piano – the attack is brief, yet having reached a peak, the sound immediately starts to fade 


	
Sustain is the period during which the level is then maintained. Consider the case of an organ – the sustain lasts for as long as the player keeps the key depressed. 





Finally, release is what happens to the sound once the key being used to play it has been released.
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Figure 5.6: Sound envelope

Once such methods had been developed, the era of the synthetic tone began, enabling tone to be used like an infinitely plastic material that could be moulded and shaped to imitate those sounds produced when acoustic instruments tended to naturally vibrate. Also, a vast range of completely new sounds then became available, never heard, enabling the composition of beautiful soundscapes in which timbre or tone colour then became the most important ingredients.

Exercises


	

If the frequency of the first harmonic is given as 220Hz, what are the frequencies of the following harmonics? 


	
2nd harmonic 


	
5th harmonic 






	
Name three examples of different timbres. 


	
Fill in the missing words: The first harmonic is also known as the _________ frequency. If subsequent harmonics are related by whole numbers to this frequency the series is called _________ 


	
Match these six to form three related pairs: 
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Fill in the missing words: The sound envelope is the characteristic way in which a sound develops through time. It has four components which are the _____, _____, _______ and _______. 





Chapter 6 – Technological Capabilities 

In the last few chapters, we have studied the three properties of sound: pitch, intensity and timbre. Knowing about these properties, and the various parameters of music that make use of them, now puts us into a good position to begin exploring the digital world into which music has now entered. In doing so, we need to realise that a conventional theory of music – centred exclusively around the idea of music as notes on a page – is not sufficient to account for the reality of music as the computer musician finds it. This is because the development of computer technologies has radically transformed both what music is and what is possible for music.


As such, the computer musician will find themselves dealing with two main realms and their ensuing interactions. On the one hand there is the acoustic realm represented by conventional musical instruments, transmitted by way of analog signals, and on the other hand there is the digital realm which, translating everything into the equivalent of ones and zeros, offers us a completely different perspective.


Straddled between these two – acting as a bridge between them, as it were – is the electro-acoustic realm of instruments and devices that use electrical circuits to produce sound such as hardware synthesizers, samplers and drum machines.
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Figure 6.1: Aspects of music technology

To be able to appreciate this comparatively new technological world, therefore, we should probably begin with a trip to the modern recording studio, where we will see all three of these realms working in perfect harmony together.

Now in Beethoven’s day there was no such thing as a recording studio. His music was performed live, which means that, once it had been performed, those sounds then became lost to time, the only residue being left in the memories of the audience who had the good fortune to hear this music, played live and fresh by experienced performers. To a certain extent, the boon of the score mitigates this, in that at least the music may be performed again at another time.


Today of course, everything is different. We now have the recording studio in which the performance of musical works can be literally immortalised through the creation of a master recording. So far as studios are concerned, producing these master recordings represents the whole point of the enterprise. After all, these can then be used to make copies that can be sold through record companies. The right to do this is called the mechanical or phonographic right, and owning that right is how record companies make their money.


As to what the music is copied on to, this is another matter altogether. I remember the days of good old vinyl. Then along came cassette tapes. Then came CDs, DVDs and then, of course, digital copies of music, such as MP3s that could be downloaded onto a device that could play them. Over time the studio recording process has also significantly changed. At one time tape was the preferred medium, mile upon mile upon mile of it. Now however, music can be recorded straight onto a computer using proprietary programs devised for that purpose.

These are called DAWs, and we considered some of these in the first chapter. One such important program is Pro Tools, which is probably the industry favourite. Others are Apple’s Logic, as well as more Windows friendly programs such as Cubase, Ableton, or Studio One; and I apologise if I have not included everybody’s favourite DAW. 

To understand how this recording process works, we need to think in terms of signal flow. Music takes the form of signals – which we call audio. These signals are recorded through a microphone or microphones in one of the live rooms of the studio. These microphones convert audio into electrical signals which are then conveyed by cable to a mixing desk located in the studio control room. The mixing desk is equipped with many channels, each channel of which has an input designed to receive signals and an output that conveys channel signals to the master outputs.

Consisting of both left and right stereo outputs, these signals are then conveyed to an audio interface that acts as intermediary between the electrical world of the mixer and the digital world of the computer. These signals are conveyed from the audio interface to the computer, where they can then be recorded using whatever software program is being used.

In this way, what began life as an ’actual’ sound ends up being recorded onto a computer where all the information needed to render that sound has now been translated into a digital format. See Figure 6.2 for an illustration of this:
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Figure 6.2: Signal flow in the process of conventional recording

Synthesizers and Samplers

In the modern recording studio, we will also find musical instruments which were not around in Beethoven’s day. A brilliant example of this is the synthesizer, an electronic device capable of producing an incredible variety of different sounds. The development of synthesizers was no doubt kickstarted by the discovery that electronic circuits could be used to create a variety of weird and wonderful sounds.


Early models developed in the 1920s included the theremin and the ondes martenot, both of which produce their own distinctive sound that has since featured in many different types of music, from classical to pop to film scores.



I am sure you have seen the old horror films which featured the eerie sound of the theremin, such as the classic It Came from Outer Space (1953). The theremin was notable for the fact that, to play it, you didn’t even need to touch the instrument.


OEBPS/image/image-0-15.jpg
1.0






OEBPS/image/image-0-14.jpg
el |
© U O ] LU O] | |
SROJCRSlVEEAEY |

219 Ol LI 1.1 {5
COOmmmDmbCOU |

U O 0SS ] 1

pclib\llon@e |
ST SN 1 O 15—

27.5Hz

@)
N L N N
T ke = = - o~
S z 9 =] m
I N 3 i
< M N — O
@)

<O |w| o o<V wi|o

<O w 0o






OEBPS/image/image-0-0.jpg
Stereo
Output





OEBPS/image/image-0-7.jpg





OEBPS/image/image-0-1.jpg





OEBPS/image/image-0-21.jpg
J /\
ut

m
|

V

~
|

:
vA
x
x

N

\/






OEBPS/image/image-0-25.jpg





OEBPS/image/image-0-6.jpg





OEBPS/image/image-0-24.jpg





OEBPS/image/image-0-16.jpg
Hearing threshold Pain threshold

170V v

160
150
140
130
120
110
100





OEBPS/image/image-0-5.jpg





OEBPS/image/image-0-23.jpg





OEBPS/image/image-0-27.jpg
1 4

Wavelength ‘ Tone quality

2 N
Frequency ‘ Volume
3 6

Waveform Amplitude ‘





OEBPS/image/image-0-9.jpg
Infrasound Audible sound Ultrasound

270 Hz 270 kHz7





OEBPS/image/image-0-18.jpg
Gymnopodie

Erik Satie

Lent et douloureux

l:. _
_al






OEBPS/image/image-0-22.jpg





OEBPS/image/image-0-28.jpg
Electro-acoustic realm
MIDI

Acoustic realm | ——=» | Digital realm
Analog signals | «.«—— | Daigital signals





OEBPS/image/image-0-3.jpg





OEBPS/image/image-0-4.jpg





OEBPS/image/image-0-8.jpg
MR LAR LI

44444





OEBPS/image/image-0-29.jpg
Mixing module






OEBPS/image/image-0-13.jpg





OEBPS/image/image-0-19.jpg
» Global Tracks + Y

Volume






OEBPS/image/image-0-17.jpg





OEBPS/image/image-0-20.jpg
0.0 0.0 3.0 0.0 0.0 6.0 6.0 6.0 6.0 2.8 0.0 0.0 0.0 0.0 -160 0.0
—_— —_
0- — 0- = = 0- 0-
3- 3 . 3: . 3: 3: 3:
6 = 6- = 6 g 6- 6 6
9- _. 9- 9: 9- 9 9-
12- 12 = 5 = |n: - 12 12
15+ 15+ 15+ 15- - s 15
18- = 8 18- 18- 18- 18-
212 214 215 214 21 214
24+ 24+ 245 24+ 24+ 24+ 24+
30- 30+ 304 30- 30+ 30+ 304
36- 35+ 354 35+ 35- 35+ 354
a0- 40+ 404 40- a0+ 40- a0+
as- 45+ 45+ as- as- 45- = a5
50+ 50+ 50+ 50- 50+ 50+ 50+
60- 60- 60° 60- 60- 60- 60-
R R I R R I R R R1 R R R R I R

WE S EGE Eis s G S s G @S e GBS s Ms e






OEBPS/image/image-0-12.jpg
_5

Q)

o s
=
N
~






OEBPS/image/image-0-10.jpg





OEBPS/nav.xhtml


Table of Contents



		
Introduction



		
Chapter 1 – The Study of Sound



		
Chapter 2 – Of Noise and Tone



		
Chapter 3 – Pitch and the Audio Frequency Spectrum



		
Chapter 4 – Intensity and the Decibel Scale



		
Chapter 5 – Tone Quality and Synthesis 



		
Chapter 6 – Technological Capabilities 



		
Chapter 7 – Music Production



		
Chapter 8 – Mixing 



		
Chapter 9 – Signal Processing



		
Chapter 10 – MIDI Sequencing



		
Chapter 11 – Musical Time



		
Chapter 12 – Tempo



		
Chapter 13 – The Rhythm Track



		
Chapter 14 – The Drum Set



		
Chapter 15 – Hand Drums



		
Chapter 16 – Drum Machines and Samplers



		
Chapter 17 – Note Values



		
Chapter 18 – Note Resolution, Quantization and Snap-to-Grid



		
Chapter 19 – Pitch Classes 



		
Chapter 20 – The Octave



		
Chapter 21 – Pitch Numbering 



		
Chapter 22 – Pitch Standards



		
Chapter 23  – Musical Scales



		
Chapter 24 – The Major Scale



		
Chapter 25 – The Minor Scale and the Chromatic Scale



		
Chapter 26 – Score Reading and Writing



		
Chapter 27 – The Staff



		
Chapter 28 – Clefs



		
Chapter 29 – Systems



		
Chapter 30 – Rests, Ties and Dotted Notes



		
Chapter 31 – Melody



		
Chapter 32 – Intervals



		
Chapter 33 – Metre



		
Chapter 34 – Simple Metre



		
Chapter 35 – Compound metre



		
Chapter 36 – Rhythmic Techniques



		
Chapter 37 – Types of Intervals



		
Chapter 38 – Intervallic Quality



		
Chapter 39 – Additive Rhythms



		
Chapter 40 – Common Triads and their Inversions



		
Chapter 41 – Chords in the Major and Minor Keys



		
Chapter 42 – Harmony Using the Three Primary Chords



		
Chapter 43 – The Harmonic and Melodic Minor Scales



		
Chapter 44 – The Family of Major Keys



		
Chapter 45 – The Family of Minor Keys



		
Chapter 46 – The Circle of Fifths 



		
Chapter 47 – The Pentatonic Scale



		
Chapter 48 – Chords of the Seventh



		
Chapter 49 – Modulation 



		
Chapter 50 – The Seven Diatonic Modes 



		
Chapter 51 – Complex Harmony



		
Chapter 52 – Alternative Scales



		
Chapter 53 – Arpeggiation



		
Chapter 54 – Intonation



		
Conclusion



		
Exercise Answers









OEBPS/image/image-0-11.jpg





OEBPS/image/image-0-26.jpg
Time

apnmjdwy





