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Abstract

In this M. Sc. thesis a project is described, in which research is done towards
bandwidth extension of band-limited speech. Speech used for example in tel~

phone communication (narrow-band speech) is band-limited from 300 to 3400
Hz. This means that a portion of low and high frequencies have been removed.
This is the reason that telephone speech does not sound natura!.

To examine people's appreciation of various band-limited music and speech
signals, listening tests were done to judge the sound quality of the presented
signals. From the tests it could be concluded, that the wider the bandwidth of
the signal the more it was appreciated. An exclusion to this (for both speech
and music) is narrow-band plus only high frequencies.

Next some theories concerning the human voice and signal processing are pr~

sented.

Then the kemel of the system, the harmonies generator, is discussed. The
generator consists of a non-linear element (non-linear in frequency but linear in
amplitude), which produces sub-harmonies and higher harmonics of the input
signal. These sub-harmonics form a substitute for the low frequencies that
are not present in the narrow-band signal. This only works for voiced speech
(mainly vowels), because this has a harmonic structure. Extending unvoiced
speech (non-tonal consonants) with this element does not result in forming a
substitute of the original signal. But it appeared that it did not cause an
annoying distortion.

It appeared that depending on the harmonic structure of the signal the non
linear element's setting must sometimes be modified. When these setting are
done manually for a female speech sample the result sounds very reasonable.
Certainly when the loudness of the synthesised low part is adapted to that of
the originallow part.

Furthermore, algorithms that can alter the element's settings automatically are
discussed. The algorithms are based on the fact that the produced harmonics
are (approximately) equal to those of the narrow-band signal. Hence the sub
harmonics will fit to the narrow-band signal. However, the algorithm does not
work properly in all cases.

Finally, some recommendations are given, which might improve the system.
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Preface

As an electronica student at the University of Technology Eindhoven (TUE)
the final mission before graduating is a six month M. Sc. thesis project. This
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I did my graduation project at Philips 'Natuurkundig Laboratorium' in Eind
hoven in the Digital Signal Processing (DSP) group, cluster Sound Reproduc
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dr. p.e.w. Sommen, group Meet- en Besturingssystemen (MBS), chair Sig
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The graduation project is a continuation on 'Ultra Bass' and 'Infra Bass', both
bass-enhancement systems for music developed at Philips Research. The aim of
the project was developing and testing similar systems for band-limited speech.

In narrow-band speech (as in telephone communication) low and high frequen
cies (below 300 Hz and above 3400 Hz) are filtered out. The target is to develop
a system that can gain back the low frequencies, which are filtered out.

Depending on what problems would appear, the project could be enlarged by
developing a system that can gain the absent high frequencies back.

In this M. Sc. thesis findings and conclusions of the project are described.

Finally I would like to thank dr. R.M. Aarts and dr. p.e.w. Sommen for their
supervision and ir. E. Larsen for his contribution to my work.

5



Contents

1 General introduetion 9

1.1 Speech reproduction . . . . .. . . .. . .. . 9

1.2 Narrow-band against wide-band speech. 9

1.3 Aim of the project ........ 10

1.4 Related topics in literature 10

2 Listening tests 13

2.1 Setting up the tests . 13

2.1.1 Introduction 13

2.1.2 The tests .. .1!- ti 13

2.1.3 Test setup .. 13

2.1.4 Information to the subjects 14

2.1.5 Expectations ....... 14

2.2 Discussing the results ..... 15

2.2.1 Processing of the data 15

2.2.2 Interpretation of the results . 16

2.3 Conclusions . . . . . . . .......... 16

3 Theory of the voeal traet 19

3.1 Introduction. . . . . 19

3.2 Speech model . . . . . . 19

3.2.1 Signa! theory .. 19

3.2.2 Voiced and unvoiced speech 20
3.2.3 Formants ........... 22

4 Harmonies generator 25

4.1 Introduction . 25

4.2 Rectifier ... 26
4.3 Integrator with reset 26

7



8 CONTENTS

5 Description of bandwidth extension systems 29

5.1 Introduction . . . 29

5.2 The first system 29

5.2.1 Description 29

5.2.2 Results ., 30

5.2.3 Discussion, conclusions and possible modifications 32

5.3 The second system 34

5.3.1 Description 34

5.3.2 Results .. 36

5.3.3 Conc1usioDS, discussion and possible modificatioDS 37

5.3.4 ModificatioDS. 37

5.4 Analysing the results . 40

5.4.1 Introduction . 40

5.4.2 Input bandwidth 40

5.4.3 F\mdamental present in narrow-band signal 41

5.5 The third system . . . . . . . 42

5.5.1 Used blocks . . . . . . 42
"

5.5.2 AnalysÏ8 of the results 43

6 Conclusions and recommendations 47

6.1 Conclusions . . . . 47

6.2 Recommendations 48

A Intermediate Reference System 53

B Processed data 55

C Period of harmonically related sinusoids 59

D Computation of Fourier coefficients for Infra Bass 61

D.1 Continuous time - Introduction 61

D.2 Full wave rectifier . . 62

D.3 Full wave integrator 64



Chapter 1

General introduction

1.1 Speech reproduction

Speech can be (re-)produced via several systems. During normal direct (man to
man) conversation the whole spectrum ofthe human voice is presented without
any filtering or boosting interference of man-made systems. But speech can
also be reproduced by man-made systems, like a high fidelity audio system or
a telephone.

In those systems it is not evident, that the whole spectrum of speech is pre
sented. A CD-player produces the whole audible spectrum (20-20000 Hz), but
in telephony for example substantial information is left out. We refer to this
kind of speech (-reproduction) as narrow-band speech. The frequency band
occupied by narrow-band speech is typically band-limited from 300 to 3400 Hz.

Wide-band speech is speech band-limited from 50 to 7000 Hz and hence it can
be sampled with a sample frequency of 16 kHz. As will be shown later, almost
the whole speech spectrum is contained in wide-band speech. The quality of
wide-band speech is not much less than that of full-band speech. The audible
part of full-band speech is limited to 20 kHz and hence 44100 samples per second
is suflicient for digital storage. Related to this, of course full-band speech uses
much more transmission bandwidth than wide-band and narrow-band.

1.2 Narrow-band against wide-band speech

As denoted before, narrow-band speech contains not all information present in
normal speech. Ofcourse the sample rate needed for narrow-band speech is very
low (8 kHz) and hence the required bandwidth is smalI. Although the sound
quality is very poor still narrow-band speech is very intelligible. In coherence
with the low sound quality, narrow-band speech does not sound as natural as
in normal conversation. For music, narrow-band reproduction is certainly not
a very suitable method.

9



10 CHAPTER 1. GENERAL INTRODUCTION

Because wide-band speech contains almost all information present in normal
speech, it sounds very natural and thus the sound quality is very high. MusÎC
however, contains components outside the frequency band used in wide-band
communication, hence the sound quality of wide-band musÎC is not as good as
that of the original but still much better than that of narrow-band.

In [9] an experiment is described (which concludes with the fact) that people
learn to prefer the kind of reproduction (wide-band or narrow-band) they are
used t~. This contradicts the fact that other experiments as in [2] and [1]
show that people choose for wide-band telephony rather than narrow-band.
When thinking in ways of [9] one would expect that because people are used to
narrow-band telephony they wouldn't want a wide-band version. In Chapter 2
a listening test and its results are presented, concerning this contradiction.

1.3 Aim of the project

As mentioned before, telephone communication uses narrow-band speech. The
advantage is that the bandwidth is small and hence a low sample rate is needed.
Disadvantages are a poor sound quality and an unnatural speech reproduction.

Nowadays better performance is expected from all kinds of electronic systems,
including telephone devices. Th achieve a better speech and sound quality in
telecommunication, narrow-band speech could be exchanged with wide-band
speech. This does not only mean a doubling in sample rate and bandwidth,
but also very expensive and time-costing modifications to the present network.
Because not only a new range of telephones must be equipped with the new
techniques, but also the complete (worldwide) network should be able to work
with wide-band signals.

With the present techniques it is also possible to extract wide-band speech
out of its narrow-band equivalent, because both signals contain a great deal of
similar information. Several methods to do so have been developed and tested.
In the following section some of them will be discussed.

The method used in this thesis is a relative of 'Infra-Bass', a bass-enhancement
system for music developed by Philips. More on this is described in Chapter 4.

1.4 Related topics in literature

In [6] a system is described, which applies bandwidth extension to a narrow
band telephone signa!. Both at the high end (4-8 kHz) and the low end
(50-250 Hz) the signal is expanded. For recovering the envelope LPC (Linear
Prediction Coding) and code-mapping techniques are used. A training period
is used, in which statistica1 parameters of both narrow-band and wide-band
speech are linked and put in a code-map. Similar techniques are used in [4], in
which only a high band extention is described.



1.4. RELATED TOPICS IN LITERATURE 11

When extending the lowend in [6] the residua! signa! after LPC is used for
harmonic extension. By extracting the pitch value a harmonie signa! can be
made with frequency pulses at multiples of this pitch frequency.

In [14] a spline neural network is used to recover the envelope. The low and high
band extension are different, so two neura! networks are used, one for low band
and one for high band extension. The network for the high band is trained for
voiced speech only. For unvoiced sounds the high band is extended in a similar
way to the low band extension in [6].

A conventiona! method of bandwidth extension of band-limited speech is given
as an introduction in [19] and [18]. The 8 kHz sampled speech is down-sampled
to 7 kHz and after that up-sampled to 14 kHz. The resulting mirror distortion
is shaped and used as high frequency part. The author however uses a rectifier
to generate higher harmonies ofthe narrow-band signa!. After this the resulting
high band is shaped with a shaping filter. In [18] the shaping filter is an adaptive
filter, which can use the original wide-band or narrow-band signa! as a reference.

In [10] the author says that processing speech with standard 'Ultra Baas' or
'Infra Baas' doesn't sound good. He developed a system which multiplies the
signal with itself. The fundamenta! frequency then appears in the output. The
conclusion that standard 'Infra Bass' does not work for speech, brings us to
develope a modified version of 'Infra Bass' which does work for speech.



Chapter 2

Listening tests

2.1 Setting up the tests

2.1.1 Introduction

Before developing a bandwidth-extension device we first want to give ourselves
an idea of how different speech an music signals under various bandwidth con
ditions (narrow-band, full-band and intermediate frequency ranges) are appre
ciated.

2.1.2 The tests

For the tests we use the reproduction systems displayed in Table 2.1

The IRS filter (Intermediate Reference System after [8], plotted in Appendix A)
has the same cutoff frequencies as the narrow-band filter. However the shape of
the pass-band of an IRS filter is not fiat as that of the narrow-band filter. Since
there is a significant difference between these systems we found it necessary to
include the IRS filter in the test. With this the test consists of 45 pairs.

A Matlab program reads the two fragments out of audio-files (fs = 44.1 kHz)
on disk. The fragment's loudness levels are adjusted manually to obtain a
perceived equality in loudness. Those loudness level adjustments are presented
in Table 2.1

With a random generator the pairs are shufHed and presented by a Matlab
program. The two fragments within a pair are randomly presented. The results
are written to a file.

2.1.3 Test setup

The test-fragments used are ca. 7 seconds samples of male speech (track 54
from [15]), female speech (track 49 from [15]) and music ('2 Much' from the
Spice Gids). The method of testing is paired comparison. For the test we use

13



14 CHAPTER 2. LISTENING TESTS

Table 2.1: Reproductions systems

Filter name

IRS
Narrow-band
Narrow-band plus low frequencies
Narrow-band plus high frequencies
Wide-band
Full-band

Bandwidth

(300-3400 Hz)
(300-3400 Hz)
(20-3400 Hz)

(300-7000 Hz)
(50-7000 Hz)

(20-20000 Hz)

Sealing
(-]
(x 1.32)
(x 1)
(x 0.75)
(x 0.8)
(x 0.63)
(x 0.6)

dB
+2.4 dB

OdB
-2.5 dB
-1.9 dB

-4 dB
-4.4 dB

a monaural setup, with the loudspeaker (Philips FB 820) placed at the left side
of the subject. The distance between the loudspeaker and the subject is one
meter. The signa! is generated by the computer and sent to a DAC (Philips
DAC 960). The analogue signal from the DAC is led to an amplifier (Philips
900 series), whose output level is adjusted to a level as occurs during normal
conversation.

2.1.4 lnformation to the subjects

In this section the information provided to the subjects is presented.

In this test we ask the subjects to evaluate the quality of music and speech
using different systems (with the bandwidths of Table 2.1). The systems are
used randomly. Pairs are reproduced using different systems.

The subject is asked to judge the quality of the two sounds by choosing '1' if
he or she likes the first fragment best or '2' if otherwise. If one is not sure, the
fragments can be repeated.

Points of attention in judging the overall performance can be:

• Sound quality

• Balance

• Naturalness

• Intelligibility

• Brightness/dynamics

2.1.5 Expectations

While first listening to the test signals it became cIear, that wide-band speech
almost sounds the same as fulI-band speech.
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For speech it seemed to be true, that an unbalanced extended signal (only
low frequencies are extended) does not sound strange, neither does it sound
unintelligible. For music this does not have to be true. A narrow-band music
signal with added low frequencies does not sound the way one would want
to (like a wrong adjusted tone setting on a radio). Therefore we expect that
balanced extended music (both low and high frequencies are extended) are
preferred above unbalanced extended music.

2.2 Discussing the results

2.2.1 Processing of the data

The tests are done by seven test subjects. The raw data from a test are arranged
as a 2xN matrix, where N denotes the total number of pairs (45 in this case).
The fust number in each row denotes the pair-number, the second denotes which
of the two fragments the subject likes best (1 or 2). The pairs and fragments
are presented in a random order. The results are written to a file. The analysis
of paired comparisons is extensively described in [5].

Another Matlab program processes the results into a useful form. It puts the
results per source type (male or female speech and music) in a 6x 6 matrix as
in Table 2.2. A '1' is shown when the rowelement is chosen above the column
element. The last column shows the score vector, which is the number of times
a fragment is preferred to the other fragment of the pair (the row sum). The
results of the subjects are presented in Appendix B.

Table 2.2: Preference table with score vector (Erom subject ELI, female sp~)

1 2 3 4 5 6 score
IBS 1 - 0 0 0 0 0 0
Narrow-band 2 1 - 0 1 0 0 2
Narrow-band+low 3 1 1 - 1 0 0 3
Narrow-band+high 4 1 0 0 - 0 0 1
Wide-band 5 1 1 1 1 - 0 4
Full-band 6 1 1 1 1 1 - 5

A third Matlab program puts the results in a similar matrix. Only the low-Ieft
half (the remaining part is redundant) of this matrix is written to a file, per
source type (music, male or female speech). By feeding this file to a Fortran
program some statistics and one-dimensional (linear) scalings can be done. A
similar experiment is described in [7].

Sealing of the individual data makes little sense, since the matrix entries consist
of binary values only. Therefore only the score vector was determined. It is
more interesting to scale the overall preferenee of the systems. This means,
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that we have to take the individual data together. For this however there needs
to be a certain consensus among the data.

When looking at the data it is not obvious that a consistency between the data
is present. We therefore use a multi-dimensional scaling (MDS) technique, to
see whether there is a clustering of data or not (consensus among the subjects).
A similar test is described in [3].

5ij = L(Wik - Wjk)2.

k

(2.1)

By reading the score vectors in a matrix we can calculate the difference between
the scaling vectors of the different subjects according Equation (2.1). This can
be done for every pair ofsubjects and put in a matrix, which can be fed to a MDS
program which produces a two-dimensional projection of a multi-dimensional
plot. In Equation (2.1) k denotes the reproduction system and i and j denote
the subjects. Here, the three different signa! types of every subject are treated
as separate cases (subjects). So i ma% = jmo% = 7 x 3 = 21, and

To analyse whether the personal tastes of the subjects have influence on the
data, the ANOVA method (Analysis of Variance) could be used, but this is
beyond the scope of this project.

2.2.2 Interpretation of the results

In the mapping plot of Figure 2.1 a two-dimensional representation of the 'dis
tances' Óij between the data is given. In the right the initials of the subjects
are displayed. Each letter in the plot denotes one of the tests. In alphabetical
orper: male speech, female speech and music. It is obvious to see that the
subject results disagree. There is no overall rank in systems to be used for e.g.
male speech. The results of one single subject mostly do form a cluster. But
the rank inside the cluster is not the same as that of other clusters. This means,
that a person prefers a certain system, no matter what signal source is used
and if there is a difference in the score per signa!, this is not the same for all
subjects.

2.3 Conclusions

The fact toot the results behave rather different as expected does not mean that
the tests wIed. The expectations we had were not right nor wrong. The same
holds for the remark earlier discussed which said that adding low frequencies
to the signal does not sound 'good' unless also high frequencies were added.
What can be concluded is that people appreciate almost every extension of
the bandwidth, except narrow-band extended with high frequencies (3400-7000
Hz). This is not to be concluded from Figure 2.1, but from the individual data
presented in Appendix B.
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Figure 2.1: Spatial configuration ofthe score vectors scaled into two dimensions
in a non-metrica1 way. In the right the inWals of the subjects are displayed.
Ea.ch letter in the plot denotes one of the tests. In alphabetical order: male
speech, female speech and music.
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It is difficult to say whether or not the results would have been different when
more subjects participated the tests.



Chapter 3

Theory of the vocal tract

3.1 Introduction

People can communicate with each other by using their voice. Sequences of
different sounds form words and sentences. When talking the same language
people can understand each other. The sounds contained in words spoken
by different people are similar, but not identicaL Every person has its own
recognisable sound. Th have a little better understanding of how the voice
works we must study acoustics.

3.2 Speech model

In this section we will discuss the operation of the vocal tract. From [12] we
know, that sound is created by passing an air flow (out of the lungs) through
the tract. On its way the flow passes the vocal cords (larynx), the oral tract,
tongue, teeth and finally the lips. Some sounds however use (also) the nasal
tract. All these parts influence the sound which is produced.

3.2.1 Signa! theory

Time domain

Pure tones can be seen as a sine wave of a certain frequency ft and an amplitude
A. This wave can for instance be caused by striking a tuning fork. The period
T (time necessary for exact one cycle) is defined by -h. With this and v, the
velocity of sound in air (ca. 340 mis) the wavelength is defined as À = 1ï. In
terms of perception, amplitude is related to loudness and frequency to pitch.
These relations are complex non-linear relations.

In nature however real sinu80idal vibrations do not exist. A tone has an attack
and a decay. We can consider this as if the periodic tone is multiplied by e-27r'Yt ,

where 'Y is the damping factor (see also [12]).
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20 CHAPTER 3. THEORY OF THE VOCAL TRACT

(3.1)

Beside pure tones there are also complex tones. A complex tone is an addition
of several pure tones. The frequencies of the single pure tones are related to
ea.ch other so that they have a common fundamental frequency. We will show
some properties of complex tones with the following example:

When two sine waves are added of respectively 100 Hz (1' =10 ms) and ~OO

Hz (1' =5 ma), then the addition is periodie with aperiod l' of 10 ms. When
however two sine waves are added of respectively 300 Hz (1' =9.3 ms) and 400
Hz (1' =2.5 ms), then the sum is also periodie with aperiod l' of 10 ms.

This is because 300 Hz and 400 Hz are higher harmonies of 100 Hz; the n-th
harmonie of a fundamental frequency h has a frequency n·h (see also Appendix
Cl. Under some restrietions (according to the 'missing fundamental' principle
[13]) now theo perceived pitch is related to the fundamental frequency, even if
this fundamental frequency is not present. The harmonies present and their
amplitudes define the colour or timbre of the sound. A sawtooth for instance,
which sounds very different from a sine wave, can be made by adding an infinite
number of in-phase harmonies. The amplitude of the n-th harmonie should then
be proportional to ~.

Frequency spectrum

In frequency domain we have the spectrum of a signa!. Here the amplitudes
are plotted against the frequency. For a pure tone there is just one frequency
at which the amplitude is non-zero.

The sawtooth again has an infinite number of frequency peaks with frequency
n .h, with h the fundamental frequency. The amplitude for those components
is again proportional to ~.

For damped sine waves the spectrum looks quite different from that of a pure
sine wave. When assuming that damping factor "Y is much smaller than h, then
the spectrum of the damped sine wave is proportional to

";(12 - Jl)2 + (2"Yh)2'

The maximum value of the spectrum takes place at f = h and is called the
centre frequency. Another property is the bandwidth, that is the frequency
width of the peak value to half this value. When f becomes large in comparison
to h and "Y, the roU oft' is proportional with .J.:r, which corresponds with -12
dB per octave. The smooth function that can he drawn through the spectrum
elements is called the spectral envelope. Equation (3.1), plotted in Figure 3.1,
is taken from [12].

3.2.2 Voiced and unvoiced speech

In speech there are roughly two different kinds of sound. There are noisy sounds
as an 'f' and tonal sounds as an 'a'. Then there are combinations of tonal and
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- - - - - - - - _...

Figure 3.1: Spectral plot ofEquation (3.1), with h = 100 Hz and 1 = 3.
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noisy sounds as a 'v'. The fust kind of speech is called unvoiced (voiceless)
speech, which are always consonants. The second kind of sound is called voiced
speech, which is always a (combinations of) vowel(s). The combination of noisy
and tonal sounds are voiced consonants. In the remainder of this report we
mean non-tonal speech when talking about unvoiced speech and tonal speech
when talking about voieed speech. For a more detailed description of voice
sounds we refer to [12].

Voiced speech

As mentioned voieed speech, which is caused by vibrations of the vocal cords,
is tonal by nature. This means that voiced speech consists of aperiodie signal.
In terms of the frequency spectrum this implies that there is a fundamental
frequency with some higher harmonies. The perceived pitch is defined by the
fundamental frequency and the timbre or colour by the ratios between the
amplitudes of the different frequency components. The combination of both
defines which sound is produced. In Figure 3.2 the spectrum of a voieed sound
('a ') is represented.

The pitch can change by straining and relaxing the vocal cords. When talking
about pitch we have to keep in mind that for determining a pitch we need to
examine the signal during a time window of typically ca. 20 ms. The pitch
changes constantly (but smoothly). The same of course holds for many speech
parameters.

U nvoiced speech

Unvoieed speech has a noisy character and is caused by passing an air flow
through the tract without letting the vocal cords vibrate. The colour of the
noise is defined by the energy distribution in the spectrum. Noise cannot be
handled as though it has an amplitude or a certain frequency and certainly not
as if it has an harmonie structure. Therefore noise must be treated over larger
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Figure 3.2: Time and frequency representation of voiced speech. ThJcen.trom
[15J.

periods of time, if something must be concluded from its power spectrum. In
Figure 3.3 the spectrum of an unvoiced sound ('t') is represented.

3.2.3 Formants

The vocal tract and mainly its shape form a flexible acoustical space. By
changing the shape the acoustical properties change as weU.

With au open mouth, the tongue relaxed and the vocal cords closed, the vocal
tract is like a pipe closed at one end. According to wave theory (Helmholtz in
[17]) this pipe has a first normal mode with length I = ~. For a human male
the length of the tract is about 17 cm. This means that the frequency of this
first mode h is about 500 Hz. Even modes are damped out, odd modes are
not. So the third mode is at 3 . b = 1500 Hz. When the cords are open only
even modes (harmonies) are produced. But in real life the vocal tract is never
exactly an open or a closed pipe.

Because the shape and hence the length of the tract can be altered, these normal
modes differ. When the vocal cords produce frequencies near to those of the
normal modes, those components are amplified and others are damped. In
speech these modes are called formants. As mentioned there are no permanent
frequencies at which they appear, but they all appear within a certain range
(F1 200-900 Hz; F2 600-2400 Hz, F3 900-2800 Hz). The roil-off is again as
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Figure 3.3: Time and fi'equency representation of unvoiced speech. 'TIlken Erom
[15J.

described in Section 3.2.1 -12 dB per octave. When F1 and F2 are very close
to each other the roU of! is of course -24 dB per octave.
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Chapter 4

Harmonies generator

4.1 Introduction

As in the present systems of 'Infra Bass' and 'Ultra Bass' the kemel of the
system to be built is the harmonies generator.

'Ultra Bass' is a simple algorithm for enhanced bass reproduction with small
loudspeakers. First the original bass frequencies are filtered out. From this
frequency band higher harmonics are computed, from which a band of one oc
tave above the bass frequencies is put back into the signal. The generated
frequency components lie closer to or above the cut-oft' frequency of the loud
speakers through which they can be reproduced more efficiently. Because of a
psycho-acoustical phenomenon called the 'missing fundamental' principle, the
brain does detect the original low pitch, although there is no energy radiated
by the loudspeakers, which would correspond to this low pitch.

'Infra Bass' does more or less the opposite of 'Ultra Bass'. Certain repertoire
does not contain much information below for instance 60 Hz. When there is a
possibility to produce frequencies much lower than that (i.e. when we have a
sub-woofer at our disposal) then sub-harmonies can be computed and added to
the signal. The principle is the opposite as that of 'Ultra Bass'. Frequencies In
in a band are processed in such a way that the lowest output frequencies (except
for DC) are equal to ~. Except for these components the signal consists of its
higher harmonics kJ" with k integer.

To compute these (sub-) harmonies in a simple way a non-linear element is
used. By non-linear we mean non-linear in frequency but linear in amplitude.
In several versions of the above mentioned bass enhancement systems various
non-linear elements are used. In the following sections two of them will be
discussed.
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26 CHAPTER 4. HARMONICS GENERATOR

4.2 Rectifier

An element that ean be implemented very simple by ana!ogue techniques is
a rectifier. This was indeed implemented in Philips' portable audio-set (AZ
2000) with 'Ultra Bass'. A first disadvantage is that only even harmonies are
produced with this element. Another disadvantage is that it is not possible to
generate sub-harmonies in an easy way. For 'Ultra Bass' however this is not
necessary, but of course for 'Infra Bass' and thus for this project it is.

Because the signals mean is non-zero there is a large DC-eomponent present in
the output signa!.

4.3 Integrator with reset

For later versions of 'Ultra Baas' a new non-linear element was developed (800
also [16]). The system eonsists of an integrator with a reset funetion. The
integrator integrates the absolute value Ix[n]l of the input signa!. While using
it for 'Ultra Bass' where only higher harmonies are needed, the reset takes place
at the every zero-erossing of the input signa! with positive slope. This results
in a saw-tooth like higher harmonie component, as described in Chapter 3. The
flow diagram is given in Figure 4.1.

x(nl, k (mtr ancl y lnltial 0)

y[n]=y[n-1 )+Ix(nll

Figure 4.1: Flow diagram ofthe Full Wave Integrator. K denotes the (desired)
harmonie order of the input signal
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The 'fuH wave integrator', as the element is referred to, can be modified for use
in 'Infra Bass'. Therefore we have to make sure, that a periodic component
which is a sub-harmonic of the input is inserted in the output. This is done
by reseting the integrator not at every single zero-crossing with positive slope,
but every so many times this takes place. When for example every two zero
crossings with positive slope a reset is given the output signal has a period that
is twice that of the input and hence its lowest frequency is half that of the input.
The same holds as a reset is given at every three zero-crossings with positive
slope. Then the lowest frequency present in the output is one-third that of
the input signal. In Figure 4.2 an example is presented in time and frequency
domain.

Signals In Ume domaln Signals In Irequency domain

A 1\

J \
0 200 - IlOO IlOO 1000 1200 0 200 - IlOO IlOO 1000......... .........

o

o 200 _ IlOO IlOO 1000 1200

0ulpI.C ....{- br 3)

1000

Figure 4.2: Time and frequency representation of signals using the integrator.

Because the absolute value of the input signal is taken as an input for the in
tegrator the output signal's mean is non-zero. Hence a large De component
(surrounded by ultra low frequencies) is present in the element's output. There
fore a band-pass filter instead of a low-pass filter must be used. In Appendix
D a mathematical description of the 'fuH wave integrator' is given.
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Chapter 5

Description of bandwidth
extension systems

5.1 Introduction

In following sections of this chapter the tested. systems will be presented and
the working of each used block will be explained. The systems cao roughly
be categorised into three parts. The mst systems were the most simple ones.
Combining knowledge of the vocal tract and the results of the several tests, the
systems have become more complex. The aim of the project was to develop a
simpIe, but not too simple algorithm. Robustness and built-in intelligence are
frequently traded-off. An 'a priori' knowledge of the used input signals could be
enough to develop an extension system that produces an acceptable wide-band
signal out of a narrow-band one.

All signals and systems use Is = 44.1 kHz.

5.2 The first system

5.2.1 Description

The first setup tested is nothing more than a slightly modified version of 'Infra
Bass' used for bass-enhancement of music. Where the bandwidth of BPF1
for music is 60-120 Hz the bandwidth for narrow-band speech is 300-600 Hz
and where the bandwidth of BPF2 is 3ü-60 Hz for music, the bandwidth for
narrow-band speech is 150-300 Hz. In Figure 5.1 the block diagram is shown.

.r::::-LJ HARMONlCS Lr:::::-1 OUT
------I~ GENERATOR~LOWFREQ~

Figure 5.1: Block diagram of the first system.
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30CHAPTER 5. DESCRIPTION OF BANDWlDTH EXTENSION SYSTEMS

Prom the input signa! (sub-) harmonics are computed, by using the non-linear
element discU8sed in Chapter 4. The second filter's output is a more or leas
transposed (downward by one octave) version of the system's input signa!.

5.2.2 Flesults

The simplest way for a !ast ana!ysis of the output results is to listen to the
signa! and compare it to the original one. Therefore the narrow-band signa! is
extended with bath origina! low (extracted from the original full-band signa!)
and synthesised low. This is done for both male an female speech.

The signals with synthesised low sound rather strange. There is an annoying
hum-like sound present in the low part. A further ana!ysis is then done within
a Matlab environment.

Time domain analysis

Rough time analysis shows that the amplitude of the synthesised signa! does
not match that of the ongina! low part. Because the harmonies generator is
amplitude linear, the amplitude of the output is proportiona! to that of the
input. As is shown in Figure 5.3, most of the energy of a speech signa! is
contained in the low frequencies. Hence the envelope of the narrow-band signa!
is a!most defined by that of the lower frequencies within this narrow-band signa!.

... ..... ...

Figure 5.2: In these wave forms it can be seen that the synthetic low does
not look like the original. The displayed wave forms are equally scaled. Time
window length is 1.13 s.
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When adding the synthesised low part to the narrow-band signal the shape
of the envelope stays almost the same. In Figure 5.2 parts of equally scaled
waveforms are displayed. This is certainly not the case when the originallow
part is added to the narrow-band signal. When having a doser look at both low
parts, it can be noticed that in some instances the original signal is non-zero,
where the synthesised one is zero. In some cases the reverse is also true.
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Figure 5.3: Cumulative energy against the frequency (20-20000 Hz, log-scale)
of the male speech sample (dashed) and the female speech sample (solid).

Frequency domain analysis

When comparing the two signals (original and synthetie) in the frequency do
main, a 44100 point FFT is used on a segmented signal, each segment containing
1024 samples (23 ms).

The employed extension, as mentioned in Chapter 4, is based on dealing with
harmonie signals. When speech is used as input signal, then the system can
thus function weIl when this is voieed speech. Unvoiced speech consists mainly
of noise and hence it will be impossibIe to extract the right low.part out of a
narrow-band speech signa!. Though unvoieed speech cannot be extended in the
right way, this is while listening to the extended signals, not experienced as an
annoying artifact.

Voiced speech on the other hand needs to be extended in a harmonie way.
Anharmonicities will be noticed at once and sound like two voices with different
pitches, one low and one high, pronouncing the same sentence at the same time.
In Figure 5.4 it can be seen, that the components within the input band get
'divided' by two, which is roughly what the system does, where they should have
been divided by three. This is the case when the lowest harmonie present in the
narrow-band signa! is the third one. Adding the wrong harmonie components to
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Figure 5.4: The third harmonie of the wide-band signal is the first frequeney
component present in the narrow-band signal. The harmonies generator how
ever operates as ifit were the second harmonie. Originallow (dashed); narrow
band (dash-dotted); produeed harmonies (solid). Time window length is 23
ms.

the narrow-band signal eauses the hum-like sound. Figure 5.5 shows an instanee
where the second harmonie is the lowest harmonie present in the narrow-band
signa!. Here the input band is divided by two.

5.2.3 Discussion, conclusions and possible modifications

There are two major artifacts (see 8ection 5.2.2) in the output of this system.
The first one is that the amplitude of the synthetie signal does not match that
of the original signal.

As a provisional solution a gain function Cl! ean be derived out of the original
low part. Per fragment of 1024 samples the amplitude of the synthesised signal
is made approximately equal to that of the originallow part by multiplying the
synthetie signal by Cl!. This function Cl! is low-pass filtered to prevent the result
from being modulated. The adapted signal sounds more like the original signal
than the unadapted version.

The seeond artifact is eonsidered to be more important in view of the fact
that erroneously synthesised harmonies are noticed at onee. The cause of the
problem is obvious: The lowest harmonie in the narrow-band is the third one
(3· h, with h the fundamental frequeney). The synthesised signa! eontains
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Figure 5.5: The second harmonie of the wide-band signal is the first frequeney
component present in the narrow-band signal. The harmonies generator op
erates in the right way. Origina11ow (dashed)j narrow-band (dash-dotted)j
produeed harmonies (solid). Time window length is 23 ms.

however a component !f which is not harmonie to the narrow-band signa!. In
eases where this happens we need to adapt the harmonies generator as deseribed
in Chapter 4. In general the pitch is higher in ease of female speech than it is
in ease of male speech. Therefore the mentioned artifact will oeeur more often
in male speech than it will in female speech.

As a test the female speech fragment used before is exarnined throughout in the
frequeney domain. At instanees where the artifact clearly oeeurs the settings of
the harmonies generator are modified. Now the output contains components at
k· h. The first component present in the narrow-band signal is h = 3 .h. The
output filter only filters out the sub-harmonics h and h = 2· h. Because the
third harmonic is the lowest component present within the narrow-band signal
(300-3400 Hz) the frequency of the second harmonie is maximal 300 Hz, and so
the third harmonie is maximal 450 Hz. Hence the input filter must be limited
at the high side to 450 Hz. With this it is prevented that the fourth harmonic,
which has a maximum frequency of 600 Hz, is divided by three.

At three small pieces of the sample the above modifieations are applied. Af
terwards the amplitude is adapted as mentioned above. The output of the
extended signal sounds, except for some tiny artifacts, very weIl. In Figure 5.6
the same situation as in Figure 5.4 is presented, only in this case the harmonics
generator is modified in the above way.
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(dasb-dotted); produced barmonies (solid). Time window lengtb is 23 ms.

5.3 The second system

5.3.1 Description

The second system, from which the block diagram is given in Figure 5.7, is more
or less defined by the above suggestions. From the narrow-band input two band
limited parts are taken, one of 300-600 Hz (BPFla) and one of 300-450 Hz
(BPFlb). Two harmonics generators produce two separate streams of har
monics of the selected bands. Frequency components in the first band will be
extracted as if the lowest harmonic in the narrow-band signal is the second one,
frequency components in the second band will of course be extracted as if the
lowest harmonie in the narrow-band signal is the third one.

The problem now is how to decide which of the two harmonie streams is the
most appropriate one. Of course this decision is not valid for the whole excerpt,
so this 'best fit decision' should be made every so many samples. Two examples
are given in Figures 5.8 and 5.9.

As already mentioned it is not necessary to choose, when dealing with unvoiced
speech. For ease we will treat unvoiced speech the same as voiced speech. The
most obvious method to be used in an automatie switch is comparabie with
the one used in the manua! test of Section 5.2.3. To save computing time, we
then have to use the FFT, which means that the number of samples within the
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IN 0lJT

LOWFREa.

Figure 5.7: Block diagram of the second system. (It is not necessary that BPF2
is equal for both branches, therefore two separate filters can be placed in both
branches just before the switch.)

input signa! should he a power of 2. But hefore trying to solve the problem in
frequency domain mayhe we can find a time domain solution.
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Figure 5.8: A wide-band (1) signal is filtered to a narrow-band signal (2). Of
this signal the first frequency component (3) is taken to generate two streams of
harmonies, one as if this component was the second harmonie of the wide-band
signal (4a) and one as if it were the third (4b). Comparison of the plot (2)
with plots (5a) and (5b) define which stream. is most correlated and wiJl most
probably contain the right sub-harmonies (6a) and (6b). In this case (6b) fits
best.
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Figure 5.9: Similar example as in Figure 5.6. Only in this case (6a) fits best.
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Correlation

A possible way to see whether two signals contain similar information is to
take their cross-correlation function. Two signals with similar information are
maximally correlated with each other.

With this it is possible to select the harmonie stream, which has the highest
correlation with the narrow-band input signal. The harmonies stream consists
of a fundamental and its higher harmonies. If the higher harmonies of the
narrow-band signa} are (roughly) the same as those of one of the harmonies
streams, then that stream will most likely contain the right sub-harmonies too.
This of course is only valid for voiced speech.

For decision not the whole spectra are used. All signals in consideration are
therefore band-limited from 300 to 1200 Hz.

Since the energy of the harmonies streams are not equal, it is necessary to have
some kind of normalisation. This is done by dividing both cross-correlation
functions by the square root of the harmonies streams' autocorrelation function
of lag zero.

All processing such as filtering and generating harmonies, introduces delay and
phase distortion. Hence the cross-correlation function does not have to be
symmetrie around the origin. As a decision value we use the maximum of the
cross-correlation function.

With this the second system is defined.

5.3.2 Ilesults

Here again listening to the output will give a fast impression whether the system
works weIl or not. Again there are major artifacts in the synthetic low part.
The hum present in the output of the fust system did not disappear.

Time domain analysis

Time domain analysis of the output signal itself does not supply much more
information then it did when analysing the previous system. Again the am
plitudes of original and synthetie low part are very different. Therefore the
mentioned adaptation function can be used.

Another signal used in this system is that which performs the harmonies stream
selection. This signal is nothing like the one we used in the manual system of
Section 5.2.3. The signal starts to oscillate. This may be caused by switching
while there is unvoiced speech present at the input. But when dealing with
voieed speech the signal oscillates too!
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Frequency domain analysis

37

Taking the segmented FFT (window of 1024 samples) of both the original and
the synthetie signal and both harmonies streams shows that often the wrong
harmonie stream is selected. This is only annoying when dealing with voieed
speech.

5.3.3 Conclusions, discussion and possible modifications

Since the delays between both harmonies streams and the narrow-band input
signal are not equal, the comparison made is not really fair. To loose this delay
information the FFT can be used. The idea is as follows: For voieed speech
the frequency spectrum contains a series of harmonical components (frequency
peaks). The harmonies stream with frequency peaks at the same positions as
the speech signal is best correlated with this speech signal. Hence this signal
will most probably contain the right low part too.

5.3.4 Modifications

Various parts of the system discussed above have been modified. In this section
the modifications and their results are denoted.

Correlation vs. multiplication

Because of the delay caused by filters and the non-linear element, the time
domain solution needs a correlation nmction to test if signals resembie each
other or not. Because of this delay one cannot suflice with a (sample-wise)
multiplication of both signals as in Equation (5.1), in which hk,i are (the FFTs
of) the harmonies streams, inl: is the (FFT of the) narrow-band signal and
Si is the sum which is used for decision. All possibilities described in this
section could also be implemented with an element-wise multiplier, followed by
a summation.

1024

Si = Link' hk,i'
k=1

(5.1)

When using a frequency domain solution, there is no phase or delay information
anymore. In the spectrum plots in this chapter it is easy to see, that multipli
cation as in Equation (5.1) should be enough to see whether signals look similar
or not. Here too the harmonies stream (hk,i) which produces the largest output
(Si) is selected.
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Threshold

The frequeney position of the peaks is important for selecting the signal with
approximately similar harmonies. As long as the peaks of the harmonies stream
and the narrow-band signal lay over each other, the harmonie structure of
both signals resembie one another. What happens between the peaks is less
important.

When the peaks lay over each other, the sum of the sample-wise multiplication
will be maximal. When the peaks of the harmonies stream lay between the
peaks of the narrow-band signal, the sum will be low, unless the narrow-band
signal has a not neglectable amplitude between it peaks.

Therefore the amplitude at those frequencies should be as low as possible. A
constant term in one or more of the decision signals ean eause wrong decisions,
and should therefore be removed.

However, this modification does not change the output signa! significantly.

Pulse correlation

A system using another method is the pulse correlator. A frequeney band
(3ro-1200 Hz) is taken from the narrow-band signal. Prom this the frequency
positions of the peaks are computed by determining zero-crossings of the derivar
tive to the frequency. At these positions a pulse is placed. In Figure 5.10 it is
shown that this method ean work weIl.

To exclude frequencies at which the derivative is zero, but the FFT does not
really have a peak, a threshold is used. All information below 5% of the max
imum value is disregarded. But with this system produeed also very annoying
hum. Prom Figure 5.11 it is obvious that although the narrow-band spectrum
seems harmonie, the right stream is not present in the output.
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5.4 Analysing the results

5.4.1 Introduction

Gathering information by analysing the outputs of all versions of the second
system ean be very useful to develop another system, which will function better.

In the following subseetions the several artifacts will he discussed and next
specifieation will be given for a new system.

5.4.2 Input bandwidth

In Figure 5.12 the fust problem is displayed. Here the blocks denote the p088ible
frequeney for the n-th harmonie, with n placed inside the block. Left the
original signals are displayed. The dashed lines denote the bandwidth of the
input filters. In the right eolumn the synthesised signals are displayed. Arrows
indieate where the different components present within the input bandwidth
eause sub-harmonics.

ORIGINAL
2nd hermonIc 1oc:Ic.1n

SVNTHESISED

~
r--r--ï------

_L...LJ 2 ~_
11 11 I I

fnIq. (Hz)

U 11 I i IJ
...... (Hz)

...... (Hz)

fnIq. (Hz) lreq. (Hz)

Figure 5.12: Schematic representation ofinput (left) and output (right) spectra.
Tbe solid blocks denote the harmonics, the dashed blocks denote tbe input
filter's bandwidtbs. As long as just one harmonie component is present in the
filter's bandwidth, there is no wrong extension.

As long as only one of the harmonies is present within the input bandwidth, the
output is satisfying. But when there is (a part of) another harmonie present in
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this bandwidth this causes undesirable low frequency components which form
annoying artifacts.

When this happens also the synthesised higher harmonies appear different than
expected. This may be a major cause of erroneously detected harmonics stream.

5.4.3 Fundamental present in narrow-band signa!

As mentioned before sometimes the output of the system contains not ne
glectable portions of low frequencies, when in the original signal no significant
low part is present. When dealing with unvoiced speech this can be allowed
without really annoying artifacts, but when dealing with voiced speech this
causes a non-desirabie hum-like sound.
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Figure 5.13: Here tbe first barmonie is present in tbe narrow-band spectrum.
Wide-band signal (solid); narrow-band signal (dasb-dotted). Time window
lengtb is 23 ms.

An example ofthe spectrum at such an instanee is shown in Figure 5.13. Here
the first harmonie is higher than 300 Hz and thus almost completely present
in the narrow-band signal. Nothing needs to be done here. The previous sys
tems however produced a sub-harmonic of one octave below the first harmonie.
Though this component is not really anharmonic to the input signal it is not
desirabie.
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5.5 The third system

The lay-out of the third system is some kind different than that of the previous
ones. This is necessary to overcome the above problems.

To prevent more than one harmonies to be present in the input band, this
input band should be narrower. This of course implies that there should be
more possible input bands or that the input band should be adaptive.

For testing, an adaptive filter is complex. So a set of overlapping input filters
is used. Now it is possible to generate sub-harmonics of all inputs. This would
mean 2n harmonies streams with n the number of input filters.

Selecting the right output would cost a lot of computing time and would mean
a complex system. Because of this, the analysing block is moved upstream in
the circuit. Now the system fust analyses the input signa! before selecting an
input filter and the settings of the harmonies generator.

All that needs to be done after the harmonies generator is band-pass filtering
of the low frequencies. In this way possible discontinuities in the input signal
are not present at the output.

5.5.1 Used bloeks

The block diagram of the third system is presented in Figure 5.14. The over
lapping input filters are defined as follows:

• 300 - 400 Hz, 6-th order Chebyshev IIR band-pass filter.

• 350 - 450 Hz.

• 400 - 500 Hz.

• 450 - 550 Hz.

• 500 - 600 Hz.

• 550 - 650 Hz.

The output filter is the same filter used in the previous systems. It is also a
6-th order Chebyshev IIR band-pass filter, limited from 150 to 300 Hz.

The analyse block is a little different from the ones used before. Prom the
narrow-band input signal the windowed (1024 point Hanning window) FFT is
computed. Then the frequency in of the first peak is computed. This is done
by setting the derivative of the FFT to the frequency to zero. Peaks below a
certain threshold (5% of the maximum value) and peaks with frequencies below
330 Hz are neglected. The latter is done because the narrow-band filter could
have filtered out a part of the peak, which causes a peak shift to the right.
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Figure 5.14: Block diagram of tbe tbird system.

If the frequeney of the second peak in the narrow-band signa! is close to two
times that of the fust peak, then no sub-harmonies will be generated. This
restrietion is included in the analyse block.

Next, two signals are construeted with pulses at frequencies of respectively k"["
and ~' with k integer. From the fust signal the number l of pulses between
300 Hz and 1200 Hz is eounted and used. From the other signal a same number
of pulses above 300 Hz is used. These signals are multiplied with the mentioned
thresholded FFT of the input and summed afterwards as

I

Si =LINk' Hk,i
k=l

(5.2)

with H the pulsed signal and I Nk the FFT of the input.

Next the input filter is selected so, that the fust peak (out of the analyse
block) is somewhere in the middle of the filter's bandwidth. The setting of the
harmonies generator (dividing by 2 or 3) will be defined by sum signals Si. The
largest output Si will be obtained from the pu1sed signal which fits best to the
input. Depending on which pulsed signal this is, k"[" or kJ", the harmonies
generator will be adjusted to reset respectively after two or three zero-erossings
with positive slope.

5.5.2 Analysis of the results

Hum caused by switching device

Until now two harmonie streams were produeed, from which the best fitting
one is selected. The idea is to develop an algorithm which does more or less
the same as is done manually in the test of Section 5.2.3. As mentioned, in
three parts of the female narrow-band speech sample it was obvious that the
first harmonie component present was the third one. Here the fundamental and
its seeond harmonie should be made by the harmonies generator. In all other



44CHAPTER 5. DESCRlPTION OF BANDWIQTH EXTENSION SYSTEMS

instances only the fundamental frequency was missing, or the signal contained
unvoieed speech.

Transitions from one input filter to the other caus~ discontinuities in the input
signal of the harmonies generator, because of different phase behaviour of the
various input filters. What switching does to the signal is discussed in this
section.

In none of the switching moments of the manually annotated signa! there is
looked at the phase of both harmonies streams which are pasted together. The
effect of possible amplitude and phase discontinuities is not heard. In the
system, which keeps switching between the harmonies streams, however the
effect causes a very annoying hum. Even overlap add at the output is not a
solution to this problem. This is shown in Figure 5.15.

i I1
U-----

i

FFTaI__

"""'FFTalpI.-__

0nIl0p-pl.---

Figure 5.15: Pbase discontinuities cause annoying distortion.

Peak. detection

Occasionally the frequency peak detected as the first harmonic component
within the narrow-band signal is a harmonic 'disturbance'. It may be a back
ground sound or a noisy component of a voiced consonant. As long as such a
disturbing component is below the threshold it is not detected, but this is not
always true. In Figure 5.16 this is shown.

Heightening the threshold is not always a suitable solution, because the higher
harmonics which are needed for best fit decision could also be cancelled.
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Figure 5.16: Here the peak detector detects the component around 330 Hz,
which is not a harmonie of the signal. Original signal (solid)j narrow-band
(dashed); produced harmonies streams: divided by 2 and divided by 3 (dash
dotted respectively dotted). (Note: Only pulses above 300 Hz are used in the
sum of Equation 5.2!)



Chapter 6

Conclusions and
recommendations

6.1 Conclusions

Although there was not much consistency in the outcome of the listening tests
described in Chapter 2, it can be conc1uded that almost every bandwidth ex
tension applied to a speech or musie signal, increases people's appreciation.
Extension with only the high band (3400 Hz to 7000 Hz) is not appreciated.
The reason for this may be, that the extended signa! sounds too sharp.

Extending a speech signal using a slightly modified version of 'Infra Bass' as
discussed in Section 5.2 does not result in a satisfying output. The cause of
this is that the sub-harmonics generator is set to produce one sub-harmonie
of the input signal. This would mean that the lowest component present in
the narrow-band signal is the second harmonie. This however is found not
to be true, because sometimes this component is the first or the third har
monie. Therefore the harmonies generator should be modified at some time
instants. Depending on the harmonic order of the first frequency component
in the narrow-band signal, the harmonies generator should produce a different
number of sub-harmonics.

Because the envelope of the synthesised low frequency part does not match that
of the original low frequencies, the loudness of the low frequency part is not
(always) in balance with the rest of the signa!. The cause of this is that the
synthesised low part is amplitude linear to the lowest frequency components of
the narrow-band signal and not to the originallow frequencies. When listening
to the signal one can use the amplitude of the originallow part to adapt the
synthetie signal's amplitude.

When selecting the best fitting sub-harmonics manually, by examining the win
dowed (segmented) FFT, and adjusting the loudness level with use of the orig
inallow part, the result sounds very good. Although the synthesised part is
not an exact reconstruction of the original, the extension yields a much more
natural sounding speech signal than that of the narrow-band input signal.
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The used. method generates harmonies of the input signal. Hence it is impossibIe
to extend unvoieed speech perfectly, because in this case one can not talk about
pitch or harmonies. However extending unvoieed speech with sub-harmonics do
not result in an audible annoying effect. This is unlike anharmonics in voieed
speech, which will be notieed at once.

All tested algorithms use the idea, that the set of (sub-) harmonies generated are
correlated with the narrow-band signal, which of course only holds for voiced
speech. If the set of higher harmonies generated by the non-linear element
are also present in the narrow-band signal, then it will be very likely, that
the sub-harmonics of that set match to the narrow-band signal. None of the
tested methods functions at all events. Sometimes the wrong pitch is estimated,
because the component selected is not a harmonic. This happens for example
in segments in which a voiced-unvoieed transition takes place or background
sounds form disturbing frequency components. The result of this could be a
wrong detection.

But this does not happen all the time. The good sound quality and the rather
simple method by which the manually extended signa! was made, shows that
an incidental mistake does not really degrade the signa!'s sound quality. In the
end it was found that every moment of switching at the output (the fust two
systems) or at the input (the last system) causes phase and amplitude discon
tinuities, which have a major influence on the sound of the resulting signa!.
Those switching instants take place almost every segment (1024 samples). The
manually set system only switches on and olf three times (see Section 5.2.3)
during the whole excerpt, which does not cause any audible effect.

6.2 Recommendations

It appears that it must be possible to create a modified version of lInfra Bass'
suitable for speech. There are many possibilities left to try. In this section some
recommendations are made, which might improve the device.

As mentioned before, there should be some kind of pitch/peak detection. The
fust harmonie component noods to be detected, in order to select an input
filter centred around this component. After this the harmonies streams can be
generated from which the best fitting one must be selected. It is also possible
to generate a pulsed signal, with pulses at (sub-) harmonies of the detected
peak, as described in Section 5.5. If the algorithm cannot decide for sure which
harmonics stream is best, it might be better for the system to do nothing.

The main problem of the systems described in this thesis will be the phase
(and amplitude) discontinuities ofthe input and/or output. When proceeding
on the latest system, the input of the harmonies generator should be phase and
amplitude continuous. Phase continuity cannot be obtained by overlap add,
because then undesirable frequency components will be present at the output.
Therefore it is necessary that two successive input segments have continuous
phase. This will only be the case, if both segments are coming from the same
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input filter. However, this will not necessarily be so. Thus the phases of the
successive segments need to be adjusted. A simplification can possibly be made
using linear phase FIR-filters instead of Iffi filters.

Complex systems, as discussed in Chapter 1, use LPC to widen the signal's
envelope, and thus alter the loudness level of the synthesised low frequencies.
According to [4] one can linearly interpolate the signals spectrum (amplitude in
dB or log-scale) per segment of say 1024 samples. This can then be extended to
the synthesised low part. With overlap add (left and right e.g. 512 samples) and
eventually a discrete number of possible gains, one could aquire areasonabIe
extended signal. To obtain a gain factor one could also look to the spectrum
and interpolate just a few (e.g. three) harmonies just above 300 Hz.
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Appendix B

Processed data

In this appendix we will show the processed data of all subjects. The subjects
are referred to by their initials. The format in which they are presented is
similar to that of Table B.l. This table is displayed again below.

Table B.I: Preference table with score vector (from subject ELi, female speech)

I 2 3 4 5 6 score
IRS I - 0 0 0 0 0 0
Narrow-band 2 I - 0 I 0 0 2
Narrow-band+low 3 I I - I 0 0 3
Narrow-band+high 4 I 0 0 - 0 0 I
Wide.band 5 I I I I - 0 4
Pull-band 6 I I I I I - 5

The two lower right columns are displayed for all subjects in the following tables.

Table B.2: Data matrices JvG

Male speech Female speech Music
- I 0 0 0 0 I - I 0 0 0 0 I - 0 0 0 0 0 0
0 - 0 0 0 0 0 0 - 0 0 0 0 0 I - 0 0 0 0 I
I I - 0 0 0 2 I I - 0 0 0 2 I I - 0 0 0 2
I I I - 0 0 3 I I I - 0 0 3 I I I - 0 0 3
I I I I - 0 4 I I I I - 0 4 I I I I - 0 4
I I I I I - 5 I I I I I - 5 I I I I I - 5

55



56 APPENDIX B. PROCESSED DATA

Table B.3: Data matrices AG

Male speech Female speech Music
- 1 0 1 0 0 2 - 1 0 1 0 0 2 - 1 0 1 0 0 2
0 - 0 1 0 0 1 0 - 0 1 0 0 1 0 - 0 1 0 0 1
1 1 - 1 0 0 3 1 1 - 1 0 0 3 1 1 - 1 0 0 3
0 0 0 - 0 0 0 0 0 0 - 0 0 0 0 0 0 - 0 0 0
1 1 1 1 - 0 4 1 1 1 1 - 0 4 1 1 1 1 - 0 4
1 1 1 1 1 - 5 1 1 1 1 1 - 5 1 1 1 1 1 - 5

Table BA: Data matrices ELI

Male speech Female speech Music
- 0 0 0 0 0 0 - 0 0 0 0 0 0 - 1 0 0 0 0 1
1 - 0 1 0 0 2 1 - 0 1 0 0 2 0 - 0 1 0 0 1
1 1 - 1 0 0 3 1 1 - 1 0 0 3 1 1 - 1 0 0 3
1 0 0 - 0 0 1 1 0 0 - 0 0 1 1 0 0 - 0 0 1
1 1 1 1 - 1 5 1 1 1 1 - 0 4 1 1 1 1 - 1 5
1 1 1 1 0 - 4 1 1 1 1 1 - 5 1 1 1 1 0 - 4

Table B.5: Data matrices EL2

Male speech Female speech Music
- 1 0 0 0 0 1 - 0 0 0 0 0 0 - 0 0 0 0 0 0
0 - 0 0 0 0 0 1 - 0 0 0 0 1 1 - 0 0 0 0 1
1 1 - 1 0 0 3 1 1 - 1 0 0 3 1 1 - 1 0 0 3
1 1 0 - 0 0 2 1 1 0 - 0 0 2 1 1 0 - 0 0 2
1 1 1 1 - 0 4 1 1 1 1 - 1 5 1 1 1 1 - 0 4
1 1 1 1 1 - 5 1 1 1 1 0 - 4 1 1 1 1 1 - 5

The results of using the matrix of Table B.9 as an input to KYST2a are pre
sented in Figure 2.1. Some of the labels in Figure 2.1 are shifted slightly. This
is done because those data had the same positions and were printed one over
another. The rea! positions are presented in Table B.lO below.
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Table B.6: Data matrices RT

Male speech Female speech Music

- 1 1 1 0 0 3 - 1 1 0 0 0 2 - 1 0 1 0 0 2
0 - 0 0 0 0 0 0 - 0 0 0 0 0 0 - 0 0 0 0 0
0 1 - 1 0 0 2 0 1 - 1 0 0 2 1 1 - 1 0 0 3
0 1 0 - 0 0 1 1 1 0 - 0 0 2 0 1 0 - 0 0 1
1 1 1 1 - 0 4 1 1 1 1 - 0 4 1 1 1 1 - 0 4
1 1 1 1 1 - 5 1 1 1 1 1 - 5 1 1 1 1 1 - 5

Table B.7: Data matrices PB

Male speech Female speech Music

- 1 0 0 0 0 1 - 1 0 0 0 1 2 - 1 0 1 0 0 2
0 - 0 1 0 0 1 0 - 0 0 0 0 0 0 - 0 1 0 0 1
1 1 - 1 1 0 4 1 1 - 0 0 0 2 1 1 - 1 1 0 4
1 0 0 - 0 0 1 1 1 1 - 0 0 3 0 0 0 - 0 0 0
1 1 0 1 - 1 4 1 1 1 1 - 1 5 1 1 0 1 - 1 4
1 1 1 1 0 - 4 0 1 1 1 0 - 3 1 1 1 1 0 - 4

Table B.8: Data matrices RA

Male speech Female speech Music

- 1 1 0 0 0 2 - 0 1 0 0 0 1 - 1 1 0 0 0 2
0 - 0 0 0 0 0 1 - 0 0 0 0 1 0 - 0 0 0 0 0
0 1 - 1 0 0 2 0 1 - 0 0 0 1 0 1 - 1 0 0 2
1 1 0 - 0 0 2 1 1 1 - 0 0 3 1 1 0 - 0 0 2
1 1 1 1 - 0 4 1 1 1 1 - 0 4 1 1 1 1 - 0 4
1 1 1 1 1 - 5 1 1 1 1 1 - 5 1 1 1 1 1 - 5

Table B.9: Distance values dij according Eq.(2.1)

0.000 -
1.414 1.414 -
3.464 3.464 3.742 -
3.464 3.464 3.742 0.000 -
3.41l4 3.41l4 3.742 0.000 0.000 -
3.464 3.464 2.828 2.828 2.828 2.828 -
3.162 3.162 2.449 2.449 2.449 2.449 1.414 -
2.828 2.828 2.828 2.000 2.000 2.000 1.414 2.000 -
1.414 1.414 2.000 2.449 2.449 2.449 2.828 2.449 2.000 -
2.449 2.449 2.000 3.162 3.162 3.162 1.414 2.000 1.414 2.000 -
2.000 2.000 1.414 2.828 2.828 2.828 2.000 1.414 2.000 1.414 1.414 -
2.828 2.828 3.742 2.000 2.000 2.000 4.000 3.742 2.828 2.449 3.742 3.464 -
1.414 1.414 2.449 2.449 2.449 2.449 3.464 3.162 2.449 1.414 2.828 2.449 1.414 -
2.449 2.449 3.162 1.414 1.414 1.414 3.162 2.828 2.000 1.414 2.828 2.449 1.414 1.414 -
3.162 3.162 3.162 2.000 2.000 2.000 2.000 2.000 1.414 2.000 2.000 2.000 3.162 2.828 2.000 -
2.449 2.449 3.162 4.000 4.000 4.000 3.742 4.243 2.828 2.828 2.828 3.464 3.162 2.449 3.162 3.464 •
4.000 4.000 4.243 1.414 1.414 1.414 2.828 2.828 2.000 2.828 3.162 3.162 2.828 3.162 2.000 1.414 4.00 -
1.414 1.414 2.449 2.449 2.449 2.449 3.464 3.162 2.449 1.414 2.828 2.449 1.414 0.000 1.414 2.828 2.449 3.162 -
1.414 1.414 1.414 3.742 3.742 3.742 3.464 3.162 3.162 2.4492.8282.4493.162 2.000 3.162 3.742 2.828 4.472 2.000 -
1.414 1.414 2.449 2.449 2.449 2.449 3.464 3.162 2.449 1.414 2.828 2.449 1.414 0.000 1.414 2.828 2.449 3.162 0.000 2.000 -
mI. Iem. music mi. Iem. musie mi. Iem. musie mlo Iem. musie mi. Cern. musÎe mI. Cem. musie mlo Iem. musÎe

JvG AG ELI EL2 RT PB RA
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Table B.lO: Re&1 positions of data ofFigure 2.1

JvG male speech -.976 -.031 A
female speech -.976 -.031 B

music -1.010 .708 C
AG male speech 1.063 -.294 D

female speech 1.063 -.294 E
music 1.063 -.294 F

ELI male speech .377 1.193 G
female speech .437 1.021 H

music .364 .278 I
EL2 male speech -.272 -.017 J

female speech -.270 .822 K
music -.283 .750 L

RT male speech .337 -1.128 M
female speech -.311 -.524 N

music .375 -.495 0
PB male speech .722 .400 P

female speech -1.179 -.968 Q
music 1.375 -.147 R

RA male speech -.311 -.524 S
female speech ' -1.279 .099 T

music -.311 -.524 U



Appendix C

Period of harmonically ~elated

sinusoids

A series of harmonie related sinusoids form a complex tone. The period of
sueb a complex sound is equa! to that of its fundamenta! frequency, which
has a frequency equa! to the greatest common divisor of the frequencies of its
components. Here an example is given with three components.

Al sin(21l"fIt) + A2 sin(21l"ht) + A3 sin(21l" fat)

Al sin(21l"fI(t +T)) + A2 sin(21l"h(t +T)) + A3 sin(21l"fa(t +T))

with fI = nfo, h = mfo, fa = pfo and T = 1ö'
Next we prove Equation C.l:

(C.l)

=

(C.2)

Al sin(21l"fI(t +T)) + A2 sin(21l"h(t +T)) + A3 sin(21l"fa(t +T))

Al sin(21l"fI (t + 1ö)) + A2 sin(21l"h(t + 1ö)) + A3 sin(21l"fa(t + 1ö))
Al sin(21l"nfo(t + 1ö)) + A2 sin(21l"mfo(t + 1ö)) + A3 sin(21l"pfo(t + i)) 
Al sin(21l"nfot + 21l"n) + A2sin(21l"mfot + 21l"m) + A3 sin(21l"pfot + 21l"p) =

Al sin(21l"nfot) + A2 sin(21l"mfot) + A3 sin(21l"pfot)

Al sin(21l" fIt) + A2 sin(21l"ht) + A3 sin(21l"fat).

It is straightforward to generalise this to

00 00

L Ai sin(21l"Ii(t + T)) = L Ai sin(21l"Ii(t)),
i=l i=l

with Ii = n(i) . fo, T = i and n(i) integer.

59
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Appendix D

Computation of Fourier
coefficients for Infra Bass 1

D.1 Continuous time - Introduction

Consider a real periodic signa! f(t), of period 1/110, and assume that

f(Lt} = f(to) = f(tt} =... = f(t z ) = 0,

f(t) #: 0, t #: Lll to, tI, .. t z ,

(0.1)

where all tO,1. ..z-1 E (Lll t z ) and l/(tz - Lt} = VO, Thus f(t) has z zeros in
the interval (Lll tz ). We also assume that f(t) changes sign at every tm so that
for f(t) to have period l/VO we must have that z is uneven. Furthermore, we
choose f'(Lt} > O. We have for f(t) the Fourier series representation

00

f(t) = L ane2"'ivont,

n=-oo

(0.2)

where an = a~n' because f(t) is realo

In Ultra Bass we consider the real periodic function F(t), derived by some non
linear operation from f(t). We have for F(t) the Fourier series representation

00

F(t) = L bne2,..ivont,

n=-oo

(0.3)

where bn = b~n' In the following we will derive expressions to express the bn in
terms of the an , where each section will cover a different non-linear operator.

1After [11], in which only the generation of higher harmonies is described.
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D.2 Full wave rectifier

The first non-linear operator that we will treat is Qr, the 'full wave rectifier'.
This operator is used to generate higher harmonies only (Ultra Bass). Note
that Qr is amplitude-linear. Thus we have that

Qr{f(t)} -+ F(t), (0.4)

and on the periodicity interval [LI, t z ) the function F(t) is now given by

F(t) = If(t)1 ,Ll ~ t < t z •

Now there holds

If(t)1 = f(t)h(tj LI, to ... tz ) ,Ll ~ t < t z ,

where

1 , Ll ~ t < to,

-1 to < t < tI,

(0.5)

(0.6)

1 (0.7)

-1 , tz-l < t < t z •

Letting dn be the Fourier coefficients of h(tj LI, to ... tz ), so that

00

h(tj LI, to ... tz ) = 2: dn e27rivOnt ,

n=-oo

we then obtain from equations 0.2, 0.6 and 0.8 that

(0.8)

00 00 00

If(t)1 = 2: ane2'1l"ivont. 2: dme2'1l"ivomt = 2: e 2'1l"ivokt • 2: andm,

n=-oo m=-oo k=-oo n+m=k

(0.9)

hence from equation 0.3

We compute

00

bA: = 2: andA:-n'
n=-oo

(0.10)

(0.11)
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dn = lI{) ftt~l h(tj LI, tO'" t Z )e-271"illont dt =

= -...t- ~z (_1)me-271"illontm n ...t. 071"1n LJm=O , Î'

Therefore, from equations D.lO, D.n and D.12

bk = (1 + 2vo E~=o(-l)mtm)ak+

_ ~ Cn ~z (_1)me271"illo(n-k)tm
LJn# 71"i(k-n) LJm=O .

63

(D.12)

(D.13)

The right-hand side of equation D.13 shows a decay of the bk roughlyas l/k,
while we know from the form of F(t) that there should be a decay like 1/k2 due
to the triangular singularities of F(t) at t = Ll, to, ... t z • This decay of the
bk can be obtained when we properly use the condition stated in equation D.l.
Accordingly, we have

00

L ane271"illontm = 0 ,-1 $ m $ z.
n=-oo

(D.14)

(D.15)

Then we get for the series at the far right-hand side of equation D.13, for k i= 0,

~ Cn ~z (_1)me271"illo(n-k)tm =
LJn,# 7I'i(k-n) LJm=O

En# ~(k:n -1 + 1) E~=o(_1)me271"illo(n-k)tm =

~ n!Jn ~z (_1)me271'illo(n-k)tm+
LJn,# 71"ilC(k-n) LJm=O

;rk En# an E~=o( _1)me271'illo(n-k)tm.

Now

(D.16)

= -ak ,-1 $ m $ z.

Hence for k i= 0 the second term of equation D.15 vanishes, and we find

ft"
ba = Vo Jt_l If~t)1 dt, (D.17)

(D.18)
bk = (1 + 2vo E~=o(-l)mtm )ak+

_ ~ nCR ~z (_1)m e271"illo(n-k)tm
LJn:# 71"ik(k-n) LJm=O .

The right-hand side of equation D.18 does exhibit the correct 1/k2 behaviour
that we expect from the bk'S for large k. More precisely, assuming that ak = 0
for large k, we have for large k that

(D.19)
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Since

00

!,(t) = L (0.20)
n=-oo

we then obtain

'"" nag ,""Z (_1)me 2"'ill()(n-k)tm ~
~n# 7I"ik(k-n) ~m=O

I 1._~_ ,",,00 2'1riLolona ,""z (_1)me271"ill()(n-k)tm =
p," 271"111() ~n=-oo n ~m=O

_ I ,""z (-1)mf'(t )e-271"ivoktm
271"2Vok2 ~m=O m •

Thus, if ak = 0 for large k, then for large k

z
b = 1 ~ (-1)mf'(t )e-2"'iII()ktm

k 2 2 k2LJ m •
'Ir lil) m=O

D.3 Full wave integrator

(0.21)

(0.22)

Now we consider the non-linear operator Qz, the 'fun integrator'. With this
operator it is possible to generate sub-harmonics (Infra Bass). The operator
described in this appendix generates sub-harmonics with half the frequency of
that of the input signa!. Therefore we require not only that z is uneven, but
that z + 1 is a multiple of four. We have

Qz{f(t)} --+ F(t),

and on the periodicity interval [LI, t z ) we now get

(0.23)

F(t) =

JL
1

If(8)\ ds , LI ~ t < t3,

- h~l If(8)1 ds + h~l If(8)1 ds t3 ~ t < t7,
(0.24)

It is seen that F(t) is obtained by integrating f(t) and resetting to zero at every
other time instant tr for which f(tr ) = 0 and f'(t r ) > 0, which in our case are
the t, for 1+ 1 is a multiple of four. The jumps of F(t) are given by

-aD = - h~l If(8)1 ds

-al = - h:7 If(s)1 ds

, at time t = kjllo + t3 ,k E Z,

, at time t = kjllo + t7 ,k E Z,
(0.25)

-0.-3 = - ];tt. If(8)1 ds ,at time t = kjllo + tz ,k E Z.
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D.3. FULL WAVE INTEGRATOR

For t '# LI, to ... tz we have that F'(t) = If(t)l, thus

z-3
-4- 00

F'(t) = If(t)l- LOm L &(t - k/vo - t4m+3)'
m=O k=-oo

Denoting the Fourier coefficients of If(t)l by en, BQ that

00

If(t)1 = L ene211"illl)nt ,

n=-oo

65

(D.26)

(D.27)

and using 2:~=-00 &(t - k/vo - t4m+3) = 2:~=-00 e21l"illon(t-t4m+3) we can write
equation D.26 as

(D.28)

so that

(D.29)

The en can be found using the expressions of section D.2. For n = 0 we get,
with partial integration,

ba = I/~l F(t) dt =
= ['tF(t)]:~l - ft:

l
t (if(t)1 - 2::~o Om 2:~-00 &(t - k/vo - t4m+3)) dt =

z-3

= - ft: l tlf(t)1 dt + 2:m~o Omt4m+3'
(D.30)
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