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Figure 6.21: Magnitude STFTs of input (top) and synthesized output (bottom) signals shown in figure 
6.20. A Blackman-Harris 1024 point analysis window with an overlap factor of 6 is used. 

Whilst the output is audibly and visually distinguishable from the input the important 

temporal and spectral features are captured and the high amplitude, lower frequency 

harmonics are correctly linked as continuing sinusoids throughout the steady state portion of 

the note. Air turbulence components are plausibly modelled by the residual part of the 

system. It is at the onset and offset that differences between input and output can be seen and 

heard. During the offset some low level discontinuities can be heard where the trajectories of 

higher partials are broken up. At the onset the sinusoids 'switch on' almost instantaneously in 

the input and this can be heard as a distinct click which is fused with the start of the 

harmonics. At the default frame length and overlap this onset is smeared in time and the 

transient which is synthesized in the residual is too low in level and is temporally dislocated 

from the sinusoidal onsets. Reducing the overlap, which reduces the synthesis onset and 

offset times for sinusoids, does not restore the click which suggests that the onset i captured 

and smeared in the Fourier analysis rather than being introduced in the synthesi . In thi ca e 

shortening the frame length to 513 samples does not improve this aspect either. Clo e-up of 

the time domain waveform input and outputs at the onset are shown in figure 6.22. 
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Figure 6.22: Time domain wavefonn of note onset for input (left), synthesized output for 1025 
sample analysis frame (middle) and 513 sample analysis frame (right). 

6.7.3.2 Violin 

The violin is a stringed instrument. When it is bowed the string oscillates rapidly back and 

forth as it successively and rapidly held and released by the hair fibres of the bow as the bow 

is pulled across it. This causes the string to produce a sawtooth time domain waveform which 

is then filtered by the complex resonant structure of the instrument's body. Thus a typical 

bowed violin note produces a large number of odd and even harmonics of relatively high 

amplitude giving it its bright tonal quality [Rossing, 1990]. The exact nature of interactions 

between bow and string which produce vibration are complex and can be chaotic giving rise 

to micro fluctuations in the parameters of the harmonics produced [Palumbi and Seno, 1998]. 

The note analysed here is G4. Figure 6.23 shows the time domain waveforms of the input and 

output and 6.24 the magnitude STFfs of these signals. Again, the upper frequency limit is 10 

kHz so that harmonics can be clearly seen. 
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Figure 6.23: Time domain waveform of violin note (top) and resynthesized output (bottom). 
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Figure 6.24: Magnitude STFTs of input (top) and synthesized output (bottom) signals shown in figure 
6.23. A Blackman-Harris 1024 point analysis window with an overlap factor of 6 is used. 

Here the resynthesis is not as successful as it is for the flute recording. There are some 

interruptions of the sinusoidal trajectories even for low harmonics which are at high 

amplitude. This is particularly noticeable at the note onset and for the third harmonic and i 

due to sinusoids being rejected as noise. Raising the VDT reduces the number of the e 

discontinuities but at greater computational expense since thi al 0 cau e more higher 

frequency noise components to be modelled by inu oid . By rai ing the VDT from it 

default of 0.006 to 0.06 much of the 'bubbling' caused by inu oid witching on and off i 
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reduced and it is almost completely eliminated with a VDT of 0.6. This is partly due to 

missing links in trajectories being restored. It is also due to new sinusoids in the spectral 

vicinity of partial breaks apparently masking those breaks and creating a perception of a 

continuing sinusoid even where there is a break. 

Raising the VDT has the effect of rendering the model almost wholly sinusoidal. At a VDT 

of 0.006 69.5% of peaks are rejected out of a total of 32 768, at 0.06 this figure is 49.8 % and 

at 0.6 only 33.2% are rejected. Where the VDT threshold is high the residual component 

contributes little to the output however it does contribute audible high frequency noise which 

does enhance the plausibility of the resynthesis. Whilst the identity of the synthesized output 

is clearly that of a violin there are still some audible disturbances such as small clicks, visible 

as the vertical striations in figure 6.24. In this specific case a higher VDT produces a more 

plausible output but at a higher computational cost due to the increased number of sinusoids 

that must be synthesized. 

6.7.3.3 The human voice 

Sound is produced by the vocal organ through the vibration of the vocal folds, which are 

driven by airflow from the lungs, within the resonant cavity of the vocal tract. The vibration 

of the vocal folds is a result of Bernoulli effect as air from the lungs passes between them. 

The folds open as a result of air pressure and then close again due to the drop in potential 

energy, and hence pressure, as air passes through the space between them at increasing 

velocity. The folds close more rapidly than they open producing a series of pulses producing 

a spectrally rich 'buzzing' excitation [Howard and Angus, 1996]. The spectral envelope of 

this excitation is then shaped by the vocal tract which acts as a time variant filter. In this way 

the timbre of the voice can be continuously varied to produce different vowel sounds. Voiced 

speech is produced when the vocal excitation is caused by the vocal folds closing and 

opening. Resonant peaks in the response of the vocal tract that combine to produce vowels 

are known as formants. Unvoiced speech is generated when the vocal folds are pennanently 

open and are excited by air turbulence producing a broadband excitation. Consonants are 

produced by various forms of articulation, for example by the teeth and tongue. Plosives are 

produced by momentary blocking of the flow of air within the vocal tract and fricatives by 

constriction of air flow to produce turbulence. Therefore typical vocal sounds consist of short 

term stationary harmonic, as well as more stochastic, broadband components [Rossing, 

1990]. 
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The first vocal sound considered is an 'ah' vowel sung by an adult male at a pitch of G3 

(fundamental of 196 Hz) with some vibrato. Time domain plots of th· t d . e lllpU an output 

sIgnals for the default settings of overlap frame length and VDT h . f· , are sown III 19ure 6.25 

and magnitude STFfs of these signals are shown in figure 6.26. 
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Figure 6.25: Time domain waveform of a sung male vocal 'ah' (top) and resynthesized output (bottom). 
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Figure 6.26: Magnitude STFTs of input (top) and synthesized output (bottom) signal shown in figur 
6.25. A Blackman-Harris 1024 point analysis window with an overlap factor of 6 is u ed. 

The overall temporal envelope of the input is well preserved and much of the harmonic 

structure is intact in the output but there are clear breaks in orne of the partial traje tori . 

These occur mainly at the onset of the note and in the region between 4 and 5 kHz wh r 
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partial amplitudes are lower due to a dip in the formant structure in this region. Also there is 

a low frequency component around 30 Hz which occurs throughout the input which is not 

represented in the output. This component is due to an extraneous rumbling noise which 

occurred during the recording. This is not classified as a sinusoid and rapid variations in the 

frequency and split estimates for the lowest equaliser spread energy from it into outlying 

parts of the spectrum rather than localising energy in this lowest band. Again, raising the 

VDT does fill in some gaps in the partial trajectories but at the cost of synthesizing more 

noise components with sinusoids. Reducing the analysis frame length to 513 samples 

produces a seriously corrupted output as the spacing between harmonics is then below the 

minimum spacing for the sinusoidality test (discussed in section 4.5.3). 

The final acoustic audio example is the utterance "system output" spoken by an adult male. 

The fundamental frequency of vibration varies throughout this example, as usually happens 

in speech where pitch is varied to produce prosodic characteristics. The utterance contains 

fricatives in the's' of "system" and transients in the form of 't' stop consonants in the word 

"output". The time domain input and output is shown in figure 6.26 and the magnitude 

STFfs of these signals in figure 6.27. 
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Figure 6.27: Time domain waveform of male utterance 'system output' (top) and resynthesized 

output (bottom). 
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Figure 6.28: Magnitude STFfs of input (top) and synthesized output (bottom) signals shown in figure 
6.27. A Blackman-Harris 1024 point analysis window with an overlap factor of 6 is used. 

As can be seen from both the time domain and spectral plots there are some significant 

differences between the input and output and the intelligibility of the utterance is reduced in 

the output. The's' sounds are highly sibilant in the output and the 't' sounds are smeared in 

time making them sound more like fricatives. Sinusoids are not properly assigned at the fast 

onset of voiced speech at the start of the word "output" and the residual contributes a burst of 

noise at this point which is not appropriate to this type of component. Raising the VDT to 0.6 

improves the quality and intelligibility of the output but with some 'birdy' noise and clicks at 

sinusoidal offsets and onsets still audible. With the VDT at this level the residual contributes 

very little to the output and the model is essentially sinusoidal. Therefore, in its present form, 

the residual analysis and resynthesis system is not suited to the modelling of broad band 

speech components. 

6.7.4 Computational performance 

A prime motivation for the development and testing of algorithms described in this thesis i 

to enhance the possibilities for quasi real-time spectral modelling of audio signals. One 

aspect of this is improving the ability to make frame-by-frame decisions on how to model 

different components and how to link them between frames. The second important a pect i 

whether the methods used to make these decisions can execute quickly enough for real-time 

operation. Although reSynth has been implemented in MATLAB as an 'offline' (non real­

time) process it is hoped that many of the algorithms it uses will form the basi of a real-time 

process in the future. This section discusses and compares the computational co t of different 

parts of the system. Since reSynth is a self contained function each time it i run there ar a 
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number of initialisation steps that need to be completed such as loading the two dimensional 

arrays for M and 11/ estimation and window generation. If reSynth were to be converted to 

a real-time processing environment such as a VST plug-in DLL these initialisation steps 

would occur only once when the plug-in is first launched in the host DA W. Therefore this 

section considers only those tasks which reSynth carries out on a frame by frame basis. Three 

of the example audio signal types previously discussed are considered for this analysis: the 

single stationary sinusoid since this is perhaps the most trivial signal that such a system can 

encounter, the long term white noise since, as discussed in section 6.7.2.2, this has proved to 

be a challenging signal type for the system to model and the flute recording, since this is an 

example of a real world signal which the system is able to model well. The data presented in 

this section has been generated using the MA TLAB 'profiler' tool. Although this tool 

actually adds a processing overhead to functions it analyses, when running reSynth with the 

profiler on the execution time of the whole system is only increased by 0.9 %. 

The profiling has been performed with the default settings of frame length (1025 samples) 

and overlap (2) and with the fastest wavelet analysis (1 undecimated and 9 decimated levels). 

The following stages in the analysis and resynthesis are profiled and are plotted as 

histograms, one for each audio example, with the duration of the audio plotted as a dotted 

line. These histograms are shown in figure 6.29: 

1. Windowing of data and FFf for producing magnitude, phase and reassignment data. 

2. Magnitude estimation, local maxima identification and initial frequency estimation. 

3. Time reassignment data fitting, M, 11/ estimation and variance difference testing. 

4. Amplitude correction and final frequency estimation. 

5. Sinusoidal resynthesis. 

6. Spectral subtraction, complex split wavelet analysis and estimation of EQ parameters. 

7. Parametric equalisation. 

8. Total computation for stages I to 7. 
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Figure 6.29: Computation time for different stages of reSynth. The inputs to the system are a 1 second 
stationary sinusoid (top), a flute recording (middle) and white noise. The dotted line indicates the 
duration of the audio being analysed. 

In all cases the sinusoidal analysis and resynthesis is completed in less time than the duration 

of the audio signals indicating that on currently available hardware this part of the system can 

certainly be implemented in real-time. This is also the case for the subsequent complex 

wavelet analysis. However, this part of system does consume a considerable amount of the 

'real-time' available for each of the example sounds. Approximately 20% of this time is 

spent on convolution operations, the rest on magnitude, bandwidth and frequency estimation 

of this data. The convolution for the wavelet analysis is performed by a MEX DLL which 

uses a convolution function optimised for the Intel family of processors [Intel, 2000]. The 

arctangent and subsequent phase unwrapping operations are also performed by a MEX 

function. The rest of the tasks within the main wavelet analysis functions are not 

implemented as DLLs since they use mainly vector operations. These results make it clear 

that implementation of all of the wavelet modelling tasks in a lower level language is 

necessary if such a combined sinusoidal and residual analysis system is to run in real-time on 

commonly available general purpose hardware. In the worst case example (the flute 

recording) the system is able to complete the analysis and resynthesis in just under twice the 

time duration of the actual signal. 

6.8 Conclusions 

This chapter has demonstrated a system for spectral modelling of audio that implement 

analysis methods developed in the previous two chapters. An overview of how uch a y tern 

functions has been given and of its performance, both in tenus of quality of audio output and 
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execution time. The results obtained with the system in its present form demonstrate that a 

real-time partial tracking system that performs well on many, but at present certainly not all, 

types of sound can be realised. They also indicate that the wavelet analysis and equalised 

noise resynthesis method described in the previous chapter show good adaptation to and 

representation of impulses in both the time and frequency domains. As far as the author is 

aware, this is the first heterogeneous frame-by-frame spectral analysis system for wholly 

sample-by-sample time domain synthesis which has been devised. The potential inherent in 

the underlying model, which offers continuous (within the limits of a sampled audio system) 

control of the instantaneous frequency of all of its components with good time resolution 

beyond that of the homogeneous bandwidth enhanced system of [Fitz and Raken, 2002], is 

for highly flexible real-time and time variant pitch scaling of all those components. However, 

there are improvements to the current system which are required to improve fidelity and 

fusion of components for some types of sound. 

The combination of complex Fourier and wavelet analysis shows promise but there is much 

scope for future work. In particular, additional analysis which assists in distinguishing 

between short and long term broad band components is needed to control smoothing of the 

equaliser gain in order to provide more plausible resyntheses of sounds such as speech 

fricatives, breathing and filtered noise generators used in widely available subtractive 

synthesizers. The sinusoidal part of the system would benefit from the inclusion of a 

hysteresis option in the partial identification. This would prevent long term partials from 

turning off during frames where they become corrupted by other components. If a partial was 

established (i.e. had been 'continuing' for a specified number of frames) then the system 

could be forced to wait for a number of frames before switching the partial off. The cost of 

this would be poorer time resolution at note offsets. The differences in partial tracking 

performance for the violin and flute examples suggest that a greater understanding of how the 

acoustics of musical instruments affects the sinusoidal detection algorithm is required. An 

area of future investigation of particular interest to the author is the examination of the 

relationship between high quality physical models of acoustic instruments and spectral 

models of the audio output they generate, identifying which aspects of acoustic systems 

affect the sinusoidality and 'stochastic-ness' of the output. 
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7 CONCLUSIONS 

7.1 Introduction 

This thesis has investigated the possibility of producing spectral modelling data in real-time 

using a combination of Fourier and wavelet methods. The prime motivating factor for this 

research has been the lack of real-time analysis tools available in existing spectral modelling 

systems, which limits the application of such tools in live and certain studio-based situations. 

The underlying question that runs through this investigation is: what can be inferred from a 

single frame of short-time analysis data that offers an intuitive spectral model of sound which 

can be realised in real-time and has good continuity, where it exists in the input sound, across 

frames without the need for overlapping (cross-faded) segments? 

The work presented in previous chapters goes some way to answering this question and the 

key outcomes have been summarised and discussed at the end of each chapter. This final 

chapter draws together these answers and the new questions that they inevitably pose. The 

hypothesis is restated along with the methods employed to test it. The results and conclusions 

of each of the last three chapters are summarised and discussed and finally, future directions 

in which the work presented may be extended are considered. 

7.2 Hypothesis 

Wavelet and Fourier analysis methods can be combined to provide a meaningful and 

flexible parametric spectral modelling system that can be used as a real-time audio 

processor for monophonic sources. In particular, by high-accuracy modelling of their 

parameters (including those of non-stationarity), sinusoids can be identified and 

tracked from frame to frame and that complex wavelets can be used to produce a 

model of the residual which is time-variant and can be synthesized in the time 

domain. 

There have been three core questions to answer in the testing of this hypothesis: 

1. Does there exist in a single frame of Fourier analysis data useful information for 

establishing which components are due to underlying stable sinusoids, how they 

evolve during the frame and, therefore, how they connect across the boundary 

between the previous and next frames? 
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2. Can a wavelet system be employed for the modelling of spectral components of audio 

signals, particularly those not well described by the behaviour of stable sinusoids? 

3. Can a spectral modelling system exist which uses techniques developed in answer to 

the first two questions which can, firstly, operate on a frame-by-frame basis and, 

secondly, execute quickly enough to process data faster than it is acquired and, 

therefore, operate in real-time? 

Chapter 4 examined how reassigned Fourier analysis data could be used to provide high 

accuracy estimates of a sinusoid's mean frequency and amplitude and how their 

instantaneous values change over time. It also investigated how the interrelated behaviour of 

these parameters could indicate whether the component being analysed was a genuine stable 

sinusoid. Three different methods for evaluating sinusoidality were compared. 

Chapter 5 described a method employing B-spline wavelets, since they closely approximate 

modulated windows with constant instantaneous frequency, for the analysis of audio signals. 

This system attempts to model components in terms of the control data for time-variant 

parametric equalisers, namely centre frequency, gain and bandwidth. To allow user­

controlled mediation between 'over-completeness' and computational cost the analysis offers 

differing degrees of decimation. 

Chapter 6 put the techniques and discoveries of the previous two chapters into a practical 

context by describing a frame-by-frame spectral modelling system. This system takes an 

input audio signal, produces a spectral model of it and resythesizes the input audio by using 

the model data to control time-variant sinusoidal oscillators and equalisers which are 

commonly encountered and understood tools for the creation and manipulation of audio 

signals. The quality of the system was investigated by testing with simple synthetic 

components and 'real-world' acoustic sounds and by profiling the time taken for key parts of 

the system to execute. 

7.3 Summary of results and conclusions 

7.3.1 Sinusoidal analysis 

The work undertaken into non-stationary sinusoidal modelling and described in chapter 4 

yielded the following discoveries: 
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• 

• 

• 

Phase distortion analysis can be adapted for use with reassignment data in order to 

obtain estimates for intra-frame frequency and amplitude change of individual 

sinusoidal components. 

Improved modelling of the distortion data can yield estimates which vary 

significantly less with frequency, particularly for extreme amplitude and frequency 

change. 

The influence of amplitude change on the estimation of frequency change, and vice 

versa, can be reduced by an iterative approach to their estimation using simple 20 

array look-up and interpolation. 

• The variance of the reassignment data to a least-squares polynomial fit can be used to 

indicate the sinusoidal 'behaviour' of the estimates obtained. 

• As suggested in other work [Hainsworth and Macleod, 2003b], but not investigated, 

an alternative sinusoidality measure can be derived by comparing phase and 

magnitude reassignment data. 

• The two tests of sinusoidality developed offer comparable performance to an existing 

correlation method for non-stationary sinusoids in terms of discrimination and far 

superior performance in terms of computational cost. 

• The discrimination capability of all of the correlation methods tested diminishes with 

increasing non-stationarity and the presence of noise. Of the two reassignment 

measures proposed the variance difference method performs best for closely clustered 

sinusoids but the time reassignment difference method performs better where the 

signal contains a high level of noise. 

7.3.2 Wavelet modelling of audio signals 

The work presented in chapter 5 to develop a new, frame based, wavelet analysis system 

demonstrated that: 

• Complex B-spline wavelets can accurately determine the frequency and magnitude of 

sinusoidal components provided the input frame is properly initialised in the 

frequency domain with a sinc function. 
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• 

• 

• 

That control over the amount of decimation performed within the transform offers 

mediation between shift invariance of magnitude estimates and the ranges within 

which aliasing of frequencies can occur at each scale. 

That knowledge of the frequency of a component can be used to correct magnitude 

estimates so that a single synthesis equaliser can be used for reconstruction. 

An additional 'frequency splitting' stage in the analysis offers a simple measure of the 

bandwidth of an underlying component. Estimates of bandwidth for isolated sinusoids 

and impulses are very precise. 

• Estimates of magnitude and frequency are adversely affected by the window applied 

in preparation for prior Fourier analysis. The frequency estimates can be corrected by 

combining two polynomial functions that take the 'distance from centre of frame' and 

'deviation of original estimate from centre frequency of wavelet', however this is a 

costly process in a real-time context. 'Un-windowing' the signal prior to wavelet 

analysis is not possible due to the amplification of artifacts introduced by the Hilbert 

transform although windowing effects can be reduced by increasing the analysis 

overlap, therefore reducing the length of the synthesis frame and constraining the 

analysis to a small region around the centre of the input frame. 

• For short-time wavelet analysis the behaviour of the wavelet filters deviates from that 

predicted by the modulated Gaussian model as their support extends beyond the 

length of the analysis frame. The effects upon magnitude can be reduced by empirical 

methods and, again, by increasing the overlap. 

7.3.3 Frame-by-frame spectral modeUing 

The frame-by-frame spectral modelling system described in chapter 6 has the following 

capabilities: 

• The ability to produce non-stationary sinusoids which can be tracked across frame 

boundaries with minimal discontinuities for many types of signals and have piecewise 

quadratic phase and piecewise exponential amplitude. 

• Where overlapping analysis frames are employed, the latency between input and 

output is less than the analysis frame length and, for a hop size of one sample, is half 

the length of a single analysis frame. 
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• 

• 

• 

The system can analyse, model and synthesize what it detennines to be the sinusoidal 

part of the input signal within real-time using currently available general purpose 

computer hardware. 

The residual part of the signal can be analysed, modelled and resynthesized in the 

time domain using parametric equalisers applied to the output of a broadband noise 

source just within (95% of, for the worst case example) real-time. 

The residual part of the system is able to reproduce impulses with excellent time 

resolution using a single frame of analysis data. It can also adapt well, in terms of 

time and frequency resolution, to impulses or widely spaced sinusoids. 

• Unlike other heterogeneous systems it generates all of its output in the time domain 

on a sample-by-sample basis. 

The system currently has the following limitations: 

• Where a sinusoid is misclassified as a nOlse component during a track the 

discontinuity is often audible. This can be a particular problem for signals where the 

distinction between noise and sinusoids is not clearly demarcated. 

• The residual analysis and resynthesis system does not model stationary noise well and 

for certain types of sound, such as speech, there is considerable dissimilarity between 

residual components in their original and resynthesized forms. This also leads to poor 

perceptual fusion of different component types. 

• The combined sinusoidal and residual analysis, modelling and resynthesis takes 

longer than real-time to execute on the test system although the execution time for 

signals tested, which range from a single sinusoid to broadband noise, does not 

exceed more than twice the duration of the input signal. 

7.4 Consideration of hypothesis 

This thesis has demonstrated that a frame-by-frame spectral modelling system that can 

produce an intuitive description and high quality resynthesis of certain types of input sound 

can be realised. The system, despite much of it being implemented in a high level language, 

can produce output within a time period which is close to the duration of the input signal. 

The quality of the sinusoidal model, which produces single, non-stationary, frame segments 

with only phase matching, and no interpolation, across frame boundaries is enhanced by the 

high accuracy parameter estimates achieved using the algorithms described in chapter 4. The 
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description of sinusoids in the presence of, and their separation from, noise is not perfect and 

inaccuracies still exist in the estimation of extreme, combined frequency and amplitude 

change. 

The equalised noise model proposed is successful for certain types of signal, adapting well to 

time and frequency domain impulses and adding a 'liveliness' to the flute and violin 

examples which would be missing, or costly to produce, in a sinusoid only model. However 

the sinusoidal and residual parts of the synthesis are not well fused for some signals with the 

residual model functioning poorly for some components and the sinusoidal only model 

performs better in these cases. As discussed in chapter 5, the wavelet analysis system and its 

application to time domain residual modelling and synthesis is entirely novel and, whilst it 

demonstrates potential in this area, requires further refinement before it will be suited to the 

wide range of sounds that a general spectral modelling system should expect to encounter. 

On the evidence presented in this thesis there is considerable existing capability for real-time 

spectral modelling of many types of audio signals and many worthwhile avenues for 

exploration in order to extend the range of signals that can be successfully modelled by such 

a system and the quality of synthesis from such a model. 

7.5 Further work 

As well as discussion of results and the presentation of conclusions, each of the last three 

chapters has suggested ways in which the work described within them could be taken further. 

These are summarised in this section along with additional thoughts on how knowledge in 

each area might be improved. 

Chapter 4 showed that increasing the order of the polynomial fitted to the reassignment data 

from first to second results in less variation of amplitude and frequency change estimates 

with distance of the component from the centre of the peak analysis bin. This begs the 

obvious question: can this variation be further reduced by the use of even higher order 

polynomials? However, whilst this may give better estimates it may also reduce the variance 

from the fit for all component types reducing the ability to discriminate between noise and 

sinusoids. Combing the time reassignment difference and variance methods may be the 

solution to obtaining more accurate estimates whilst retaining the discrimination capability. 

As suggested at the end of chapter 4, with so many methods beginning to appear for non­

stationary parameter estimation and with available computational power continuing to grow, 
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the long term future of frame based identification and description of sinusoids may lie in a 

meta-analysis of the output of all or many of these different techniques. 

As discussed in chapter 5 the new work on biquadratic implementations of higher order 

digital parametric equalisers in [Orfanidis, 2005] will offer coverage of the audio spectrum 

that can be more accurately controlled than that of the overlapping equalisers employed in 

the reSynth system. In fact these higher order filters could act as 'equivalent rectangular 

bands' to those of the analysis filters. Also noted was the need for a greater understanding of 

the relationship between the centre frequencies of the split filters and the bandwidth of the 

underlying component that they are influenced by. Presently the magnitude correction does 

not consider the width of the underlying component. Within the band constraints of the filters 

this does not affect the correction to a significant degree and the magnitude correction will 

always improve rather than degrade the estimate. However this correction could possibly be 

improved. The difficulty here is that the integral of a Gaussian function is not analytically 

defined and so table look-up or another approach would need to be found. 

Chapter 6 highlighted the need for a greater understanding of how sound production.in 

acoustic instruments affects the behaviour of the sinusoids produced. This would inform the 

choice of sinusoidality thresholds for such instruments preventing partial tracks from 

switching on and off during steady-state portions of sound. Hysteresis in the partial tracking 

was also suggested to prevent such breaks occurring. Also, more accurate wavelet modelling, 

as outlined in the previous paragraph would aid the acoustic plausibility, and fusion with 

deterministic elements, of resynthesized components. 

It is hoped that these will act as starting points not just for this author but for others working, 

or interested, in this area of sound modelling and transformation. The wide range of methods 

and applications covered will benefit most from a wide range of expertise and viewpoints. 

Recalling, and adapting, a quotation from the first chapter: "No one knows more than 

everyone" . 

246 



---~--~-~ 

APPENDIX A: CODE LISTING DATA CD 

This appendix provides files containing text of the code for the system described in chapter 6 

and used to generate the CD of audio examples (Appendix B) for this thesis. There is a single 

MA TLAB 'm' file (resynth.m) and a number of C files from which MA TLAB MEX 

functions have been compiled. The code is presented on a CD-ROM which accompanies this 

thesis to enable it to be viewed within a computer based development environment or a text 

editor if such an environment is not available. This CD-ROM can be found inside the back 

cover of the thesis. It is recommended that the MATLAB EditorlDebugger is used view the 

'm' file and a C editing environment, such as that provided in Microsoft Visual Studio is used 

to view the C files. However, if no such software is available, this code can be viewed in a 

basic text editor or word processing application. 

Wherever MEX files are used there is also an equivalent sub function within reSynth.m. 

Where these alternative functions exist they are preceded by the comments 'MATLAB 

version of function' and 'C version of function'. Both have identical functionality and only 

one is required to perform the required task. 

In addition to these files there are four MATLAB data files (.mat) which contain the 2D 

arrays used for M and ~f estimation, determining the expected variance and correcting 

mean amplitude estimates. 

The list of files on the CD-ROM is as follows: 

Resynth.m: main MA TLAB program that implements the entire system. 

CConv.c: MEX file to perform linear convolution. 

CDestimate.c: MEX file to produce M, ~f and a 2 estimates from RDA measures. 

CEQ.c: MEX file to perform parametric equalisation. 

CFindPeaks.c: MEX file to search for local maxima in magnitude spectrum. 

CPhaseUnwrap.c: MEX file that converts real and imaginary parts of complex wavelet 

output to phase and unwraps these values. 
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CSineGenerateCP.c: MEX file that synthesizes a single sinusoid given a value for the phase 

at the centre of the synthesis frame. 

CSineGenerateSP.c: MEX file that synthesizes a single sinusoid given a value for the phase 

at the start of the synthesis frame. 

CSpectraISubtract.c: MEX file that performs spectral subtraction of sinusoidal signal. 

CTimeOffsetFit.c: MEX file that fits a second degree polynomial to time reassignment 

offset data around a magnitude peak to produce RDA measures. 

daTableO_96_100.mat: data file containing the 2D array for M estimation. 

dITableO_260_100.mat: data file containing the 2D array for 1)../ estimation. 

chiSquaredTableO_96_260.mat: data file containing the 2D array of expected variance. 

ampTableO_96_260.mat: data file containing 2D array of expected variance 
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APPENDIX B: AUDIO EXAMPLES CD 

This appendix is in the form of an audio CD containing sound examples of the reSYllth 

spectral modelling system described in chapter 6 of this thesis. Many of the examples 

included here are discussed in the chapter. A track listing with brief notes on each example is 

given below. 

1. Slow vibrato. There are three items on this track: (i) input, (ii) resynthesized output 

with a frame length of 1025 samples, an overlap of 2 and a VDT of 0.006, and (iii) 

output (with the same analysis settings) but with the pitch of the output shifted down 

by a semitone. This example is discussed in section 6.7.1.2. 

2. Fast vibrato. There are four items on this track: (i) input, (ii) output with a frame 

length of 1025 samples, an overlap of 2 and a VDT of 0.006, (iii) resynthesized 

output as for the previous item but with a frame length of 513 and (iv) resynthesized 

output with a frame length of 513 samples and a VDT of 0.06. This example is 

discussed in section 6.7.1.2. 

3. Impulse. There are three items on this track: (i) input, (ii) output with a frame length 

of 1025 samples, an overlap of 2 and a VDT of 0.006, and (iii) output as for the 

previous item but pitch shifted up by an octave. Impulses are discussed in section 

6.7.2.1 

4. Residual sinusoid. There are two items on this track. The sinusoidal part of the 

system and the spectral subtraction have been disabled and the residual is modelling 

an input 1 kHz sinusoid. (i) is the output of the residual part of the system and (ii) is 

the output with the pitch shifted up by a perfect fifth. Residual analysis of mis­

classified sinusoids is discussed in section 6.7.1.3. 

5. Flute. There are five items on this track: (i) input, (ii) resynthesized output with a 

frame length of 1025 samples, an overlap of 2 and a VDT of 0.006, (iii) sinusoidal 

part of resynthesized output with the same settings, (iv) residual part of the output 

with the same settings, and (v) combined output, pitch shifted up by an octave. The 

performance of the system for this instrument is discussed in section 6.7.3.1. 

6. Violin. There are four audio items on this track: (i) input, (ii) output with a frame 

length of 1025 samples, an overlap of 2 and a VDT of 0.006, (iii) output with the 
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same settings except the VDT is set to 0.06 and (iv) output with the same settings but 

with the VDT increased to 0.6. These items are discussed in section 6.7.3.2. 

7. Male singing. There are three items on this track: (i) input, (ii) output with a frame 

length of 1025 samples, an overlap of 2 and a VDT of 0.006 and (iii) output with the 

same settings apart from the VDT which has been raised to 0.06. These items are 

discussed in section 6.7.3.3. 

8. Male speaking. There are three items on this track: (i) input, (ii) output with a frame 

length of 1025 samples, an overlap of 2 and a VDT of 0.006 and (iii) output with the 

same settings but with the VDT increased to 0.06. These items are discussed in 

section 6.7.3.3. 
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LIST OF ABBREVIATIONS 

Most of these abbreviations are in common use however some refer specifically to thesis, 

where this is the case it is denoted in brackets). 

DFT: Discrete Fourier transform (sometimes referred to as the discrete-time Fourier series). 

DWT: Discrete wavelet transform (decimated or undecimated). 

DLL: Dynamically linked library. 

FFT: Fast Fourier transform. 

FWT: Fast wavelet transform (decimated, also known as Mallat, wavelet transform). 

FRD: Frequency reassignment difference (introduced in this thesis). 

HUT: Helsinki University of Technology 

MATLAB: Matrix laboratory (scientific computing software produced by Mathworks Inc.) 

MEX: MATLAB executable file (MATLAB function written in C or FORTRAN). 

PDA: Phase distortion analysis. 

PM: Used in this thesis to refer to physical modelling in general. 

RDA: Reassignment distortion analysis (introduced in this thesis). 

SM: Used in this thesis to refer to spectral modelling in general. 

SMS: Spectral Modelling Synthesis (specific SM system devised by Xavier Serra). 

SPL: Sound pressure level (dB SPL is referenced to 20,uPa). 

STFT: Short-time Fourier transform 

TRD: Time reassignment difference (introduced in this thesis). 

VDT: Variance difference threshold (introduced in this thesis). 

VST: Steinberg's Virtual Studio Technology, an audio processing and synthesis plug-in 

format 
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consideration. This section derives expressions for the cost of convolution for different types 

of wavelet transform described in this chapter. 

When a sequence of length S is convolved with a filter of length L the output length 0 is 

given by: 

O=S+L-1 (5.16) 

For the undecimated transform the input sequence at one scale is the approximation of the 

previous scale which is achieved by convolution with the dilated low pass filter. Therefore, 

for the undecimated transform, the sequence length N j before low pass filtering at scale j is 

given by: 

(5.17) 

Where N is the frame length. This gives a total cost for the transform of: 

, 
c = (LLPF + LHPF r'I N j = (LLPF + LHPF ) ( NJ + ( (LLPF -1)(2' -1- J) )) 

j=1 

(5.18) 

Where J is the number of scales. For the decimated transform the filter output is decimated at 

each scale and so the sequence length at scale j, before filtering and decimation, is given by: 

N j = I N2-U-1) + (LLPF -1) (1- 2-U-l)) l = 12-U-
1) (N - LLPF + 1) + LLPF -ll (5.19) 

Allowing for rounding up of numbers of coefficients when an odd length sequence IS 

decimated the approximate total cost is given by: 

, 
C = (LLPF +LHPF rINj ~(LLPF +LHPF )(J(LLPF -l)+(N -LLPF +1)(2-2-(1-1»)) (5.20). 

j=1 

Figure 5.20 compares the cumulative computational cost at different scales of the decimated 

and undecimated complex cubic B-spline transforms, using circular and linear convolution 

for a 1025 sample input sequence. For comparison the cost of 1024 and 8192 point FFfs are 

also plotted (FFf cost estimation is described in section 3.5.2). 
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Figure 5.20: Computational cost of various types of complex cubic spline wavelet transform for an 
input length of 1025 samples. Example FFf costs are included for comparison, the cost of generating 
the analytic signal is not considered. 

Equations (5.17) - (5.20) can be combined to calculate the cost of the partially decimated 

transform described in section 5.4. The cost of calculating the undecimated scale coefficients 

can be calculated directly from (5.18) where N is the length of the input sequence and J = U 

is the number of undecimated scales. The cost of calculating the subsequent decimated 

coefficients is given by a modified version of (5.20): 

D 

C = (LLPF + L HPF rL N d = (LLPF + L HPF ) ( D (LdLPF -1) + (N undec - LdLPF + 1) ( 2 - 2-(D-l) )) (5.21) 
d=l 

where D is the number of decimated scales and Nundec is the length of the final approximation 

sequence output from the undecimated part of the transform, given by (5.17) where 

j = U + 1, which is then halved (since this sequence is decimated before the next filtering 

stage). L
dLPF 

is the length of the dilated LPF and is given by: 

L dLPF = (LLPF -1) 2U
-

1 + 1 (5.22) 

where U is the number of undecimated scales. The reason that the combined HPF and LPF 

lengths before the summation in (5.21) are not the lengths of the dilated filters is because this 

part of the calculation happens 'A Trous'. Figure 7.9 shows the cost of a ten scale partially 

decimated complex cubic spline transform implemented with linear convolution for different 

numbers of undecimated scales. 
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5.4 Component modelling 

5.4.1 Wavelet filter behaviour 

It is proposed here to use the wavelet transform to produce data for controlling filters with 

continuously variable centre frequency. Despite having control of the time/frequency 

localisation of the analysing filters via the spline order, the centre frequencies of these filters 

are fixed. The frequency estimation process described in section 5.3 offers a means of 

estimating the mean instantaneous frequency of the underlying components which excite 

these filters. However the estimated magnitudes of these underlying components will be 

biased by the frequency response of the fixed wavelet filters and this must be accounted for if 

the underlying components are to be correctly and intuitively described. This was discussed 

for Fourier analysis of sinusoids in section 3.11. 

As the order of the spline increases so the resulting wavelet tends to a modulated Gaussian 

(the Morlet wavelet) and its Fourier transform is approximated by (and tends to with 

increasing m): 

'P(f) ~ 2( e(f) )m+l (5.23) 

where n is the order of the spline and 
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(5.24)1 

This function is plotted in figure 5.22. The value of e(/) is found by determining the value 

of I at which its first derivative is zero and the frequency at which this occurs is the centre 

frequency of the wavelet. This is found to be (rounded to four decimal places): 

10 = 0.4092 (5.25) 

[Unser et aI, 1992]. Therefore the centre frequency of the wavelet at a given scale j for a 

sampled signal is approximated by: 

(5.26) 

but this will only hold if the input sequence has been properly initialised (as discussed in 

section 3.8.6). For spline wavelets it has been proposed that this initialisation is performed by 

convolving the input sequence with the B-spline of order m sampled at the integers, bm 

(equation 3.109) [Unser et ai., 1992]. However this approach has been found to be non-ideal 

here, since the behaviour of the wavelet filter at low scales deviates from that predicted by 

(5.23), and an improvement to this initialisation is proposed. 
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Figure 5.22: The function C(/) (equation (5.20)). The peak value C(/o) is shown with a dotted line. 

1 This is corrected from [Unser et al, 1992]. Equation (4.2) quoted in this paper is inconsistent with the rest of 
the paper (figure 2) and the quoted value for C(fo)' 
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The Fourier transform of the continuous B-spline of order m is given by: 

(5.27) 

which is a straightforward result since the spline of order m is found by m + 1 convolutions of 

the zeroth order spline, whose Fourier transform is the sine function. Figure 5.23 

demonstrates that the DFf of bm is quite different at high frequencies from the continuous 

function F(w) sampled over the same number of points. This results in the wavelet filter at 

scale 1 applying a markedly different gain near the Nyquist limit. The difference between the 

expected and actual filter characteristics at scale 1 when (3.109) is used to initialise the input 

sequence is shown in figure 5.24. The most straightforward solution is to apply the 

initialisation in the Fourier domain and this is the approach adopted in the system described 

in chapter 6 since the data has already been transformed for the sinusoidal analysis. 

Otherwise the Fourier inverse of the quartic sinc function can be applied in the time domain, 

however this produces a longer filter than bm which has only 3 coefficients for m = 3. 
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Figure 5.23: The Fourier transform of the cubic B-spline (quartic sinc function) and the 8192 point 
DFf of the spline sampled at the integers. Both are presented in the form of a low pass digital filter 
where Fs = 44.1 kHz. Two truncated filters derived from the inverse DFf of the quartic sinc 

function are also shown. 
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Figure 5.24: Normalised wavelet frequency response at scale 1. The actual response is that derived 
via DFT of the impulse response, the expected is that calculated with equation (5.19). 

Truncation of the time domain sequence produced by the inverse Fourier transform produces 

a filter response which is closer to the ideal at high frequencies but at the expense of an ideal 

response at lower frequencies. As expected, increasing the number of coefficients improves 

the approximation of the truncated filter to the ideal one. Figure 5.23 shows the frequency 

responses of such truncated and normalised filters, one with three coefficients and the other 

with five. The coefficients are given in Table 5.3. 

Filter Filter coefficients 

b3 0.1667,0.6667,0.1667 

Truncated 3 coefficient 0.1897,0.6207,0.1897 

Truncated 5 coefficient -0.0150,0.1953,0.6393,0.1953, -0.0150 

Table 5.3: Coefficients for wavelet initialisation filters. 

When the initialisation is performed in the Fourier domain the actual frequency response of 

the wavelet at scale 1 is visually indistinguishable from the expected response in figure 5.24. 

With this improved initialisation the peak magnitude of the frequency response doubles at 

each increment in scale since the bandwidth is halved (although this relationship breaks down 
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due to truncation effects at the highest scales as described in section 5.3.1). In the time 

domain the peak magnitude of the complex impulse response remains the same and the time 

support is doubled. This is demonstrated for the first 5 scales in figures 5.25 and 5.26. This 

is, of course, the expected result given the uncertainty principle but it can be seen from this 

figure that complex spline wavelets present this result in a very straightforward and intuitive 

fashion. This, coupled with the possibility of fast implementation, makes them an obvious 

choice for investigating constant-Q time-frequency modelling. One anomalous result is the 

lower peak magnitude and the different 'skirt' shape in the response at scale 1. The cause of 

this is temporal spreading of energy at high frequencies in the imaginary part of signal by the 

Hilbert transform. 
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Figure 5.25: The time domain magnitude response of the complex cubic B-spline for an impulse at 
the centre of a 1025 frame. The fIrst scale has the narrowest response, the second scale the next 
narrowest response and so on. 
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