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ANALYSIS AND RESYNTHESIS OF POLYPHONIC MUSIC 

ABSTRACT 

This thesis examines applications of Digital Signal Processing to the analysis, transformation, and 

resynthesis of musical audio. First I give an overview of the human perception of music. I then examine 

in detail the requirements for a system that can analyse, transcribe, process, and resynthesise monaural 

polyphonic music. I then describe and compare the possible hardware and software platforms. After this 

I describe a prototype hybrid system that attempts to carry out these tasks using a method based on 
.. 

additive synthesis. Next I present results from its application to a variety of musical examples, and 

critically assess its pert:ormance and limitations. I then address these issues in the design of a second 

system based on Gabor wavelets. I conclude by summarising the research and outlining suggestions for 

future developments. 
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1. Introduction 

What is music? How do we perceive it? How do we separate simultaneous sounds? How do we 

mentally represent timbre? How do we form higher concepts such as harmony, melody, and rhythm? 

How could a computer mimic the perception process? How could it write down the score? How could 

we fit more music onto a CD? How could a computer explore the vast multidimensional space of 

possible timbres? How can we transform musical sounds? This work develops a framework for 

computer analysis and resynthesis of polyphonic music in which these questions are addressed. 

1.1 Background 

mustc 

Figure 1 - Disciplinary context of computer music. 

• • lin. f . . h . F' 1 aft M (MoonF IOJ Th haded The d1sc1p ary context o computer mus1c IS s own m tgure , er oore. e s area 

represents the fields with which this thesis will be concerned. 
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The needs of electroacoustic 1 composition are complex and varied. Composers often wish to use 

entirely new sounds, and much research has concentrated on the development and exposition of new 

synthesis techniques. Yet most current techniques only allow the creation of a different but limited 

subset of timbres, and hence the ability to explore another small part of what is loosely called timbre 

space. Composers also wish to use sounds that resemble acoustic instruments. This has led to much 

research into analysis-by-synthesis, an attempt to emulate the sound of individual acoustic instruments 

by adjusting synthesis parameters. However, this cannot be guaranteed to reproduce every nuance of a 

sound, as even the most realistic physical models make approximations. Thus, while we can make a 

synthetic violin that is 'good enough' to use, we still cannot reproduce the sound of a specific 

Stradivarius or mimic the interpretation of a real violinist. Composers often want to incorporate existing 

sounds into their own compositions, but this is generally difficult or impossible, except for directly 

sampling a wave file, which does not permit musical editing. One goal of this research, then, is to 

achieve synthesis-by-analysis, whereby an arbitrary sound can be described and reproduced perfectly, as 

this would allow the use of any existing soung source, completing the loop t>etween synthesis and 

analysis. While this is possible for monophonic sounds, the quest for polyphonic synthesis-by-analysis 

has so far eluded solution. 

We also have an interest in examining our own cognition of music. Here, analysis of audio is more 

important than synthesis. Important questions remain unsolved concerning how we perceive and 

mentally represent music. While simple single-tone phenomena have been researched, our perception of 

timbre and timbral nuance is not well understood. Less still is known about perception of chords, 

melodies, and other musical constructs, let alone more abstract and personal questions of aesthetics and 

style. Musicologists and educationalists also wish to be able to analyse performance practice; that which 

distinguishes a performance by a competent instrumentalist from one by a poor instrumentalist. In both 

of these cases, too, the greatest difficulty lies in untangling the polyphony. 

This thesis examines how musical information can be derived from an arbitrary raw waveform, and 

concentrates on methods by which note and timbral information can be deduced, in order to allow 

display and transformation of musically useful parameters, while retaining the generality required for 

resynthesis. This will not only allow practical tools for analysis, transformation, and resynthesis, but may 

offer insights into our own perception of music. 

1 I shall mention at this early point my dislike of the term 'electroacoustic music'. All music is acoustic. 
However, I will use it in its sense of'music featuring electr(on)ic instruments including computers'. 
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1.2 Outline of this thesis 

Chapter 2 examines human music perception in detail. In chapter 3, the motivation for computer analysis 

and resynthesis of audio is discussed, and applications are outlined. This is followed by a discussion of 

the computational requirements and possible architectures in chapter 4. Earlier research on the topic is 

reviewed in chapter 5. Chapter 6 presents a model based on multirate additive synthesis that attempts to 

recognise and characterise musical events. Chapter 7 evaluates its analysis performance on a variety of 

musical examples, and discusses its limitations. Chapter 8 addresses the issues raised by redesigning the 

system using a related technique based on Gabor wavelets, which appears to address many of the 

problems. Finally, conclusions are drawn and proposals for future work are presented in chapter 9. 
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high frequencies reaching us by non-aural paths raise the practical difficulties of designing recording and 

playback equipment. While conventionally recorded music may be missing something, it is clearly not 

missing much. It will thus be of little value to speculate on such details until we have a satisfactory 

explanation of the main part ofthe hearing range. 

The conventional figure quoted for the top end of the range is around 20 kHz, although our high­

frequency perception decreases with age (presbycusis). The sensitivity is highest in early 

childhood. (Rossing) In general, the power at these high frequencies is low. In this context, however, it is 

important to bear in mind that the notion of a limiting frequency is inaccurate; there is inevitably a finite 

roll-off that never reaches the conceptual minus infinity decibels. Also, while we can hear frequencies of 

10-20kHz, our resolution is measurably poorer than at lower frequencies. 

The normal musical spectrum is from 20 kHz down to 20 Hz, a large range of ten octaves. Our 

perception of frequency ends at around 20 Hz. In musical practice, the lowest notes in the contrabass 

register are around 30 Hz. Very low pitches are the exception rather the rule, and are less musically 
.. -

useful. 

The next frequency range is the transition region between low notes and fast rhythms. The only musiciu 

sounds with fundamentals in this range are rattles or drum rolls. (This frequency range is also used for 

effects such as vibrato, tremolo, and flutter-tonguing.) The sensation of low pitch blends into the 

sensation of a fast rhythm. Semiquavers at the dance music standard tempo of 120 bpm are at 8 Hz. This 

raises the question of whether rhythms can be said to interact with the bass, given that the 'harmonics' 

of the rhythm would fall at the same frequencies as the bass. If not, the alternative question is how do 

we dissociate information in the fast rhythm domain from that in the low pitch domain when both are 

functions of the same time axis? 

As the frequency keeps falling, the units become seconds and minutes, not Hertz or milliHertz. The 

information is perceived in terms of beats, bars, phrases, sections, and so on. This is illustrated above -

in the figure, many of the values shown are approximate- the note durations use a typical tempo of 120 

crotchet beats per minute, and the figures on the right for stereo effects(HaiiJ are intermediate values in 

overlapping ranges. 

2.1.3 The frequency domain - scales and temperament 

The description above of frequency should be extended further. When dealing with the frequency 

domain, we actually treat it as if it were two dimensions, f and log( f). There is also now considerable 

support in the music cognition and psychoacoustic communities for log(t) itself being treated as 

I "d" · al" d · h , 1 , fC G [Shephard, Moreno] mu t1 1mens10n m or er to recogruse t e c oseness o to . 

The harmonics of a single note are spaced approximately evenly on the linear frequency axis, (although 

frequencies can be stretched slightly, as discussed later). The pitches of the notes in the scale are related 
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according to their log-frequency. Thus, we can view relationships between frequencies on either a 

logarithmic or a linear scale. We effectively do both by choosing the base of logs appropriately. The 

most fundamental attribute of music world-wide is octave equivalence5 When a male and a female sing 

together, the consonance is greatest when the frequency ratio is 2:1 -an interval of an octave. Since the 

octave ratio is 2: 1, the base 2 will come into the equations. The log to the base 2 of the ratio 3:2 is 

0.5849, which happens to be very close to 7112. The log of 5:4 is 0.3219, close to 4/12, and the log of 

9:8 is 0.1699, close to 2112. Thus, these intervals, and by extension all other intervals in the twelve-tone 

scale, can be interpreted in both the linear frequency domain and the domain of log-frequency to the 

base 1.05946 ... , the twelfth root of two. 

It is informative to ask whether any other tuning systems are feasible in this way. The log of 11h, as 

mentioned above, is 0.5849. The only other small fractions6 which are relatively close to this are 3/5 

(0.6) and 4/7 (0.5714). The former would imply an octave with five equal subdivisions (corresponding 

to 2.4 semitones), and the interval in question is three of these divisions. Curiously enough, this does 

exist, and is known as the s/endro scale.1sundber9911 It is only common in Indonesia (although it has also 

been found in Uganda), and even there is less used than the 12-note scale7 The second option would 

imply seven subdivisions (of 1.714 semitones), the 3:2 ratio being four of these. This scale has been 

reported in Thailand and Uganda.(Bums) These two alternative scales, while permitting the 3:2 ratio, do 

not give simple figures for the 5:4 or 6:5 ratios, and are thus less suited to the harmonic series. 

We have thus shown by simple arithmetic the conclusion that 12 notes per octave is the most natural and 

pleasing, since the ratios 1:2:3:4:5:6:8:9 fit into it closely, an observation that is resoundingly backed up 

by actual musical practice world-wide. This also has led to interest from a group-theoretic point of 

view. (Balzano) 

This method of making all the semitones equal is known as equal temperament. There are various 

alternatives, where some semitones are slightly larger than others. This permits certain intervals to be 

closer to the integer ratios, as the expense of making other intervals more out-of-tune. This allows the 

5 No rule is complete without its exceptions, but in this case such exceptions are hard to find. An 
alternative tuning system was devised by Bohlen and Pierce(Mathews 91

' Moreno), where the fundamental 
interval was the ratio 3: 1 rather than 2: 1. This is consonant, but rather large. Two such 'tritaves' span 
the equivalent of three octaves plus one tone, a rather dissonant interval. The tritave is divided into 13 
equal intervals, with a 9-note subset (0/1/3/4/6/7/9/10112) used as the scale. Our overleamt familiarity 
with octave relationships makes this particularly difficult to listen to in the manner intended. 

6 Ratios of larger integers are possible; of these, some are multiples of twelve, such as the Arab-Persian 
24-note scale; others that have been used are 19-, 31-, and 41-note octaves. However, with such scales, 
the distinction between consecutive notes becomes much more difficult to hear. 

7 It has been said that in Indonesia, there are as many different scales as gamelans. This may largely be 
attributed to the fact that most game/an instruments are gongs or bars which have an inharmonic partial 
structure and cannot be tuned easily. 
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intonation to be closer to 'just' intonation for some keys, but adds dissonance to music in other keys. In 

most contemporary music, equal temperament is adopted as the best compromise. 

We have assumed that all of the instruments are in the same temperament. An important exception is in 

music created from many polyphonic sources. Rave and techno music are good examples - since it is 

crucial to align the temporal structure of several independent sources (e.g. two record decks), the 

pitches will be shifted by an amount that is probably not an exact number of semitones. It is not 

uncommon in this genre for there to be several temperaments at once. 

Complicating the picture again, the instruments themselves can have an important effect on tuning. 

Consecutive strings of stringed instruments are separated by intervals of a fourth (double bass, guitar, 

bass guitar) or a fifth (violin, viola, cello), and the musician tunes them in just intonation. On valved 

brass instruments, each valve adds a constant amount to the length of tubing, rather than multiplying it 

by a constant. Thus, the combination of two or more valves adds slightly less than necessary, since 

l+a+b < ( 1 +a)( l+b ). 8 In both these cases, the player has fine continuous control over the intonation, 

and can use this to correct mistuning or to add nuances. Even the octave equivalence can be distorted 

slightly; pianos are typically tuned slightly flat in the bass, and slightly sharp at the top end. This is 

known as 'Railsback stretching' .(Wood, Schuck, Railsback, MartinO) 

Even when a fixed scale is in use, the fundamental pitches are not restricted to this discrete set. Notes 

are often played 'deliberately' out of tune- an instrument stands out more in the auditory scene if it is a 

little sharp. Notes might also be mistuned due to inaccuracy in controlling a continuous device (such as a 

trombone slide or a finger on a fretless string). The pitch of woodwind and brass instruments can be 

altered by the shape of the mouth. A high degree of expressiveness in music stems from pitch inflections 

such as glissando, portamento, and vibrato. 

Despite these factors, the tuning is likely to be close to the equal-tempered scale. Thus, if we examine 

the distribution of frequencies in western music, we find that most of them are close to 

A *(2Mil2)*N 

where A is a fixed tuning standard, M is an integral 'note number', and N is the harmonic. M and N 

need not be integers, but the point here is that they usually are very close, and A is usually fixed for each 

piece. The factor 12...J2 is what we know as a semitone- some musics use 5...J2, 7...J2, 19...J2, 24 ...J2, 37...J2, or 

13...J3 as the basic pitch interval, but these are a tiny minority. 

Generally, the octave relationship is exploited fully, with music staying in a fixed key, so the distribution 

is better described as 

8 Compensation is used to correct this error on larger instruments. 
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