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Variable frame-length harmonic coding at very low bit-rates
Kin-wa Tang

The success of Prototype Waveform Interpolation (PWI) and Time Frequency
Interpolation (TFI) has generated considerable interest in the potential for interpolation
techniques in low bit-rates speech coding. This interest has led us to investigate a new speech
coding technique which is based on a waveform interpolation method. The aim of this thesis is
to assess the performance of some of the previously published speech coding algorithms, and
to develop new ways of improving their effectiveness. A new coding scheme is described
which is capable of digitising speech with low computational complexity, better reconstructed
speech quality than LPC-10 at 2.4 kb/s and is easily adaptable for use with various
applications.

Three standard published speech coding techniques have been implemented in C.
These are standard forms of CELP, PWI and TFI. Their advantages and limitations have been
studied. It is shown that the PWI coder successfully overcomes some of the limitations of
CELP at bit-rates around 4 kb/s, but difficulties are encountered when attempting to use this
techniques at very low bit-rates (e.g. 2.4 kb/s).

As a means of improving the performance of PWI at very low bit-rates, two techniques
are considered, that encode only the harmonic amplitudes of each prototype waveform. A
non-phase PWI (NP-PWI) coding method is proposed, that encodes the magnitude spectrum
of each prototype waveform and sets the phase offset of each harmonic amplitude to be the
value of instantaneous phase attained by the interpolation formula at the end of the previous
frame. Several possible ways of estimating the magnitude spectrum have been addressed and
compared. A second non-phase PWI (NPPG-PWI) coding method is proposed, that encodes
only the harmonic amplitudes and regenerates the phase spectrum using a minimum phase
assumption. The effect of the phase information on the decoded speech quality has been
investigated. It is shown that the phase information is useful for improving the perceptual
quality of synthetic speech.

Results from both the above non-phase PWI techniques are presented and compared
with results from the conventional PWI method. It is shown that the use of non-phase PWI
with phase regeneration may have potential for producing high quality speech at very low bit-
rates.

An original speech coding algorithm is proposed, that aims to improve the subjective
quality of reconstructed speech at transition frames and to operate with a lower computational
complexity than the conventional PWI method. The frame-length of this coding technique is
made variable such that each frame, contains an integer number of pitch-periods.

The success of the above coding techniques relies on an accurate pitch detection. A
"four-ways" pitch-classifier has been devised,implemented. This uses forward and backward
cross-correlation functions combined with thé extraction of other features to categorise speech
into voiced, unvoiced, transitions and silence. Such a pitch-detector has been demonstrated to
be effective in substantially reducing fractional-pitch and multiple-pitch errors for voiced
frames.

The techniques of pitch-detection, non-phase harmonic modelling and variable frame-
length encoding have been brought together to implement a new speech coding technique for
very low bit-rates. Using this technique, a fixed bit-rate variable frame length harmonic coder
has been proposed and with the introduction of signal-to-change ratio measurements, a
variable bit-rate version of the variable frame-length harmonic coder has been proposed.

A new combination of coding schemes has been devised. The combination efficiently
encodes the coders' parameters and produces good quality speech at 2.4 kb/s for the fixed bit-
rate application and 1.85 kb/s for the variable bit-rate application.
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CHAPTER 1

Introduction

1.1 Digital speech coding

In modern day communication systems, voice telephony continues to dominate all
other services. As the global telecommunication network follows the trend towards
digital telephony, a higher and higher proportion of analogue voice signals being
conveyed must be encoded in a digital format for transmission and storage. Digital
speech coding is the conversion of speech to a digital representation. It allows
efficient transmission or storage and perceptually faithful reproduction of the original

speech.
Existing ITU (formerly CCITT) speech coding standards include the following:

(i) G.711, i.e. 64 kb/s W/A-law Pulse Coded Modulation (PCM), which digitises speech

by direct analogue-to-digital conversion with non-uniform quantisation,
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(ii) G726 32kb/s Adaptive Differential Pulse Coded Modulation (ADPCM) which
encodes the differences between input speech samples and corresponding prediction

estimates based on past speech samples,

(iii) G.728 16kb/s Low-Delay Code Excited Linear Prediction (LD-CELP) which
models the input speech in term of an excitation waveform applied as input to a

synthesis filter.

Although the bit-rates offered by these standards suffice for many applications, recent
developments in mobile and packet communication networks have created a need for

coding speech at lower bit rates.

The market for mobile tclephoné is ever expanding. However only a limited number of
frequency bands has been allocated by the regulatory bodies. The service is expected
to become saturated in the next decade. Digital coding of speech at low bit-rates will
allow a more efficient use of the radio spectrum and should therefore increase revenue

and offer better service to more mobile telephone subscribers.

In the environment of packet-switched networks, encoded speech is broken up into a
series of packets. Each packet which contains a portion of the speech, or perhaps a
complete short message, is delivered to the intended destination through the network.
Low bit-rate speech coding is beneficial because a decreased bit-rate capacity enables

better utilisation of other network resources.

The pan-European digital ce!lv|av mobile telephone (GSM) [51] full rate coder is an
example of a low bit-rate speech coder in currently domestic service. It specifies a
speech coder at a bit-rate of 13.2 kb/s [51]. The term "low bit-rate” may be applied to
bit-rates in the range 16 kb/s down to 4.8 kb/s. Other examples of low-rate speech

coders in services are the North American digital cellular mobile radio speech IS-54
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[52] and the British Telecom Skyphone coder [53]. These speech codecs (a
contraction of COder and DECoder) produce natural and intelligible decoded speech
at bit-rates of 8 kb/s and 9.6 kb/s respectively. The quest for coders capable of
operating at lower bit-rate has not ceased. Development of half-rate IS-54 (i.e. 4 kb/s)
and half rate GSM (i.e. 6.6 kb/s) codecs is currently underway to further reduce the

bit-rates and double the channel capacity.

In consideration of the low bit-rate requirement, "analysis-by-synthesis" coding
schemes such as Code Excited Linear Prediction (CELP) [5] and the Multi-Pulse
Excited Linear Predictive Coding (MPE-LPC) algorithms have been shown to work
well at bit-rates between 4.8 kb/s and 16 kb/s [54]. The IS-54 full rate coder is based
on Vector Sum Excited Linear Prediction (VSELP) which is a variant of the CELP
algorithm. On the other hand, the GSM full rate coder uses Regular Pulse Excited
Long Term Prediction (RPE-LTP) [55] which is a special case of MPE-LPC.

The pressing demand in public communications for coding speech at ever lower bit-
rates motivates the continuous research being carried out in the area. With the use of
sophisticated coding algorithms, such as LPC10 [15] for example, the coding bit-rate
can be reduced to rates as low as 2.4 kb/s. This huge data compression is
accomplished at the expense of severe degradation in quality which would be
unacceptable for domestic communications. Intelligibility is still preserved however

and LPC10 codecs are used, though in military services only.

In general, codecs become more sophisticated and consequently more complex, in an
attempt to retain high decoded speech quality as the required bit-rate decreases. The
cost of speech encoding is positively correlated with coder complexity. Nevertheless
speech coding quality deteriorates at lower bit rates and the challenge always exists to

design efficient low bit rate codecs. Yet to design a low-complexity, very low bit-rate
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(eg. 2.4 kb/s) codec with good perceptual quality defines the purpose of this research

and the subject of this thesis.

1.2 General coding schemes

There are generally considered to be two broad classes of speech coders, namely
waveform coders [56][57] and vocoders [56][57]. Waveform coders aim to represent
the speech waveform as precisely as possible, such as with the use of pulse-code
modulation (PCM) [58] at a bit-rate of 64 kb/s, for instance. Other examples of a
waveform coding technique are ADPCM [60] and sub-band coding (SBC) [59]. Itis
designed for encoding signals of large variety and tends to preserve the naturalness of

the speakers' characteristics.

For higher coding efficiency, waveform coders must be more closely tailored to the
speech signal such that the statistical properties and the inherent correlations between
speech samples are taken into account when designing the waveform coding scheme.
The higher energy portions of speech produce a quasi-periodic signal. There is a high
correlation not only between widely spaced samples (long-term correlation) but also
between adjacent and closely spaced samples (short-term correlation). Hence each
sample may be predicted to some degree from a knowledge of previous samples
because of this correlation. The differences between the actual samples and their
predicted values form the "prediction residual" signal. By coding the residual instead
of the original speech, a waveform coding technique such as differential PCM [58]
achieves a certain degree of data compression. This is because the prediction residual
has a smaller variance and mean energy than the original signal. Therefore the bit-rate
required for quantising it is lower. The same degree of compression cannot be
achieved for lower energy unvoiced portions of speech as they generally contain little
long or short-term periodicity. However because these portions do have lower energy

and tend to be noise-like, they are not as difficult to encode as the high energy voiced
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portions. The transmission bit-rates for waveform coders as used for toll quality
speech are typically in the range 64 kb/s down to 24 kb/s. The decoded speech quality
degrades rapidly with decreasing bit-rate when the waveform coders are made to

operate below 16 kb/s.

To encode speech at still lower bit-rates, an entirely different design philosophy is
needed. Vocoders (a contraction of VOice CODERS) try to construct a signal which
sounds like the original speech but does not necessarily resemble its waveshape. The
principles on which vocoders are based assume a knowledge of the mechanisms of
human speech production and also the characteristics of the speech signal itself. Such
a methodology can exploit the long-term and short-term correlations in speech very
effectively. A vocoder describes the configuration of the vocal tract model by a set of
parameters which are computed by performing an analysis on the original speech
signal. The speech is re-synthesised at the receiver by conforming the configuration to

the set of parameters received.

The most widely used and studied type of vocoder is the Linear Predictive (LPC)
Vocoder [21]. Other examples of vocoders are the Channel Vocoder [61] and the

Formant Vocoder [62].

The channel vocoder determines the spectral energy of the speech in an appropriate
number of fixed frequency ranges using a bank of bandpass filters whose centre
frequencies are chosen to span the bandwidth of the speech. The energy of the output
of each of these filters is coded and transmitted as the required low bit-rate speech
representation. The spectral resonance in the vocal tract is recovered at the receiver by
controlling the gain of each of the bandpass filters in a corresponding filter bank to
make it proportional to the energy obtained in the analysis phase. A reasonable

approximation of the spectrum can only be achieved with the use of a sufficient
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number of bandpass filters. Speech is synthesised by summing the outputs from these

filters which are fed with a weighted excitation signal.

The formant vocoder attempts to find the actual frequencies of the vocal tract
resonances (formants) and the corresponding bandwidths. The spectral resonance in
the vocal tract is represented by several cascaded resonators adjusted to the resonant
frequencies and bandwidths. With a weighted input excitation signal, synthesised
speech is obtained at the final output of the cascaded resonators. There are various
methods for formant tracking (eg. cepstral analysis) but accurate tracking remains a

difficult and unresolved problem [58].

Linear Predictive (LPC) vocoders were introduced by Atal in 1971 [21]. The beauty
of such vocoders lie in their ability to describe the vocal tract formant shaping property
by the action of an all-pole filter which is termed the linear predictive filter. The filter
coefficients, which can be quantised efficiently, provide a good basis for low bit-rate

coding.

1.3  Thesis Objective

The main objective of this thesis is to develop a low bit-rate speech coding method
which is based on a waveform interpolation technique. The method should have low
complexity, better reconstructed speech quality than LPC-10 at 2.4 kb/s and be easily
adaptable for use with various applications. In order to accomplish the above, this

study requires the following:

(1) An understanding of the basic techniques of speech coding and hence the

operation of LP coding and CELP.
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Linear Prediction (LP) is a valuable method for modelling both the short-term spectral
envelope and the pitch related spectral structure of speech. As such, LP has been used
extensively in speech coders. Its schemes are the backbone of speech coding at low
rates. A very powerful tool in linear predictive coding at low bit-rates is "analysis-by-
synthesis". Codebook Excitation Linear Prediction (CELP), for example, is one of the
most widely studied low bit-rate speech coders and is based on the analysis-by-
synthesis technique. It employs a vocal tract LP based model and a codebook based
excitation model to produce good quality speech at rates between 4.8 kb/s and 16 kbs.
An understandingo\’fthese methods is, therefore, beneficial in gaining knowledge about

known compression techniques.

(i)  An understanding of the techniques of waveform interpolation and hence the

operation of PWI and TF1I.

The Prototype Waveform Interpolation (PWI) method proposed by Kleijn [23] is one
technique which is claimed to be able to reproduce high quality speech at bit-rates
around 4 kb/s. Recent work by Shoham [24] proposes a Time-Frequency
Interpolation (TFI) technique which in some ways is a generalised form of the PWI
method. The success of these techniques has generated considerable interest in the
potential for interpolation methods in low bit-rate speech coding. This interest has led
us to study and investigate the use of interpolation techniques to gain some insight into

the possible techniques for the proposed low-rate speech coder.

(iii)  An investigation of the effect of phase information on the reconstructed

speech quality.

Voiced speech can be modelled as a Fourier series with its harmonic amplitudes and
corresponding instantaneous frequencies changing slowly over time. Multiband

excited (ME) [14] and McAulay and Quatier i’ Sinusoidal coding method (STC) [34]
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are examples of coding techniques based on this type of sinusoidal model. The
question of how, and to what extent these techniques preserve the phase relationships
between the changing harmonic components is a very interesting and important one.
For example, multiband excited (ME) coding [14] appears not to preserve this phase
information at all, whereas McAulay and Quatier: stechnique regenerates the phase
spectrum using a minimum phase assumption. Kleijn's PWI method is able to preserve
the phase relationship between harmonics (even though time synchronisation with the
input speech is lost due to the introduction of a variable time delay) by encoding
Fourier series sine and cosine coefficients. Each of these techniques preserves
intelligibility and naturalness to a greater or lesser degree and it is not clear to what
extent the phase relationships between harmonics, and the way these are allowed to
change, affects to overall coder performance. This motivates us to investigate the

effect of the phase information on decoded speech quality.

(iv)  Design of a low-complexity, very low bit-rate (i.e. 2.4 kb/s) and good

perceptual quality speech coder based on the interpolation technique.

The extraction of the fundamental frequency from the running speech signal (i.e. pitch
detection) is one of the most difficult tasks in speech analysis. Thus in order to
accomplish the above requirements, the first step is to design an accurate speech-
classifier and speech detector. The speech classifier is required to sort the input speech
into one of a number of predefined categories, i.e. voiced, unvoiced, transition and
silence. The pitch-detector is used to determine the pitch-period in frames classified as

voiced.

(v) Design of a quantisation strategy for the proposed coder.

For codec implementation, the coder's parameters (eg. Fourier series coefficients, pitch

period measurement, speech classification and LPC coefficients ) must be quantised as
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efficiently as possible. An understanding of the techniques of scalar and vector
quantisation is essential as they may be applied to the quantisation of the coder's

parameters.

1.4  Thesis Organisation

This chapter gives a brief introduction to speech coding and its applications and defines
the purpose of the thesis. The remainder of this thesis is organised into seven main
chapters and a conclusion. In Chapter 2, the issue of speech classification is discussed.
A classifier which is based on a cross-correlation method is presented. It classifies an
input speech frame into one of four categories, voiced, unvoiced, transition and
silence, and for voiced and transition frames, it determines the pitch-period. Both
forward and backward cross-correlation functions are used in the detector. The
performance of this detector was compared with the autocorrelation function pitch-

detector and the IMBE pitch-detector respectively.

Chapter 3 reviews the literature on low bit-rate speech coding techniques with
emphasis on two commonly used techniques: linear predictive coding and analysis-by-
synthesis. The principles of CELP coding are also described with details of a CELP

simulation program developed by the author.

The PWI coder proposed by Kleijn [32] is introduced in Chapter 4. This coder uses
prototype waveform interpolation for voiced frames and a CELP coder for unvoiced
frames. The principles of this coder and the results obtained from a simulation are

studied.

In Chapters 5 and 6, a new modified form of PWI coder is proposed. The proposed
coder, namely non-phase PWI coder, encodes only the spectral envelope and

regenerates the phase-offsets at the decoder.
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A variable frame length coding method developed by the author is presented in
Chapter 7. The variable frame-length coder has the potential for both fixed bit-rate

and variable bit-rate application.

Chapter 8 describes the quantisation of the VFL harmonic coder. A fully quantised
24kb/ s version of the fixed bit-rate VFL harmonic coder is proposed. Moreover a
1.85 kb/s variable bit-rate VFL coder is found to have the same reconstructed speech
quality as the fixed bit-rate VFL coder at 2.4 kb/s. Both of the coders are found to

have reconstructed speech quality already better than LPC-10 at 2.4 kb/s.

Chapter 9 concludes the findings of this research and suggests possible ways to further

improve the reconstructed speech quality.

10
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CHAPTER 2

Four-ways Pitch Detector

2.1 Introduction

A pitch detector is an essential component in a variety of speech processing systems.
For the waveform interpolation technique described in this thesis, accurate pitch-period
detection and measurement is required to allow it to be applied to voiced speech. An
accurate pitch detection method which uses cross-correlation functions to categorise
each speech frame into one of a number of predefined categories, i.e. voiced, unvoiced,
transition and silence, and to estimate the pitch-period for voiced frames is introduced
in this chapter. The author defined this pitch-detector as a "four-ways pitch-detector".

The detection algorithm will be described in the following sections.

2.2  Classification of speech

Speech frames are typically of duration 20 to 30 ms. Each frame must be classified
according to the nature of the waveform. It is common practice to try to distinguish

voiced speech frames from unvoiced frames. It is also useful to identify frames which

11
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have rapidly changing characteristics making it difficult to call them either voiced or
unvoiced. Such frames often contain a little of both and are referred to as
"transitions". Frames containing no identifiable speech, only background noise, can be
identified and classified as "silence". Voiced speech is characterised by a high level of
periodicity. Unvoiced speech has a random noise-like structure and usually lower
power than voiced. At transitions, the speech may be a mixture of both voiced and
unvoiced speech or a concatenation of segments each of which may be voiced,
unvoiced or silence. The speech classification process involves pitch-period detection,
i.e. determining whether there is sufficient periodicity for the frame to be considered
voiced, and pitch-period measurement or estimation. In this chapter, some of the most

common pitch-period detection and estimation methods are discussed and compared.

2.3 Pitch detection and estimation

In general, pitch detection and estimation methods can be divided into three main
categories: time-domain methods, frequency-domain methods and combinations of
both. Time-domain methods usually involve speech waveform feature extraction.
Features commonly measured are the zero-crossing rate, the energy concentration and
the aufccorrelation function. These have an advantage of simplicity in the
computational complexity of the system. In the frequency domain, analysis-by-
synthesis [14] and cepstral methods [1] are commonly used for pitch detection. They
attempt to estimate the fundamental frequency from the speech's short term DFT
spectrum or a cepstrum derived from it and give an average pitch-period measurement
for the whole frame. However the system complexity and the computation cost are
very much increased using such methods. In order to maintain reasonable complexity
of the pitch detector, time-domain methods are commonly used and they are therefore

used in this thesis.

12
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The pitch-period can change significantly during a voiced speech frame as the tension
of the vocal folds varies to produce a gradual rise or fall in the pitch of the voice.
The change in pitch-period can be as much as 10 % in successive pitch-cycles [2]. On
visually examining a voiced speech waveform, it is sometimes hard to identify the
beginnings and end points of pitch-cycles, especially during low-level voiced speech or
in the present of source noise. Also, it is sometimes not clear how to classify some
waveshapes. Accurate classification and pitch detection is therefore one of the most

difficult tasks in speech processing.

In the following sections, two commonly used pitch estimation methods are described.
These are time-domain methods and are referred to as the autocorrelation method and

cross-correlation method respectively.
2.3.1 Pitch Estimation using Autocorrelation Functions

Voiced speech is characterised by a high level of periodicity. Thus a frame of voiced
speech should have a high value of autocorrelation at time shifts equal to integral
multiples of the pitch-period. For a frame {s[n]} of the discrete time signal, an

autocorrelation function A[m] may be defined as follows:

N=1-m

Alm)= Y s[nlsln+m] (2.1)
n=0

where N is the number of samples in the frame and m is the time shift expressed as a
number of sampling intervals. To reduce the dependence of this expression on the
mean square value of the signal and the number of terms in the summation, it may be

scaled to obtain the normalised autocorrelation function [3] defined as:

13
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N-1-m
2 s[nls(n+m]
A [m]= L (2.2)

JNinr 52 [M]Niﬁ.;2 [n+m]

n=0 n=0

A purely voiced speech frame with fixed pitch-period should, in principle, produce a
value of Ap[m] which is close to unity at a value of m equal to the pitch-period (or a
multiple of it), and lower values otherwise. The pitch-period P may then be estimated
by finding the lowest value of m which maximises Ap[m] and setting m=P. In an
unvoiced speech frame, since there will be no correlation between s[n] and s[n+m] for
all possible sample shifts m, the value of Ay[m] should be close to zero for all possible
values of m. Therefore comparing the value of Ay[m] for all possible values of m with
a suitable threshold value would, in principle, allow a simple voiced/unvoiced speech
classification. The values of m used in Equation (2.2) should lie within the range of
typical human pitch periods in units of sampling intervals. It is often assumed that the
lowest possible pitch frequency for human speech is about 54Hz and the highest
possible pitch frequency is about 400 Hz. Hence for 8 kHz sampled speech, the range

of typical human pitch-periods in terms of numbers of samples is from 20 to 147.

Examples of voiced and unvoiced speech frames together with their autocorrelation

functions are shown in Figures 2.1 and 2.2 respectively.

The normalised autocorrelation function provides a simple means of pitch-period
estimation and speech classification, since a relatively small number of multiplication
and addition operations are needed to calculate it for a frame of speech. Pitch
detection techniques which use this function will be referred to "autocorrelation

methods".
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Figure 2.1  Normalised autocorrelation function for a typical voiced speech

frame
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Figure 2.2 Normalised autocorrelation function for typical unvoiced speech

frame
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Such methods work well in principle and in practice under ideal conditions. They are,
however, prone to error in many practical situations. For example a wrong pitch
estimation may be obtained when peaks due to the periodicities of formants are
confused with those due to the pitch-period [6]. This can happen especially when the
period of a pitch-cycle is close to being an integral multiple of the period of a formant
[7] since the formant periodicity combined with that of a pitch frequency harmonic

may produce a very prominent peak..

Uneven glottal flow volume can cause rapidly changing differences in the amplitudes of
successive pitch-cycles. These differences may result in the normalised auto-
correlation function between adjacent cycles being reduced in comparison to the
correlation between alternate pitch-cycles, i.e. pitch-cycles separated by a complete
pitch-period. This reduction may be enough to give rise to a double-pitch error i.e. the
estimated pitch-period may be double the true value. This effect is known to occur

very often with particular types of speaker [8].

Half-pitch errors can occur when there is a high correlation between the wave-shapes
of the first half and the second half of a pitch-cycle. This correlation is most likely to
be due to the periodicity introduced by the first formant when the pitch-period happens

to be close to being twice the period of the first formant.

The effect of the formants on pitch determination can be reduced by using a modified
autocorrelation method [9]. In this method, the input speech is first low-pass filtered,
then down sampled and centre-clipped before the autocorrelation function is
calculated. Pre-processing the speech in this way can make the periodicity more
prominent while suppressing distracting features due to the formants. Significant

improvement in the reliability of the pitch detection method is thus obtained. However

16
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this modified method still commonly produces spurious correlation peaks which may

cause detection errors [6].

Nonlinear smoothing techniques [10] have been used to achieve considerable further
improvement. The idea behind such techniques is to delay the determination of the
pitch-period by one or a few speech frames to allow any abrupt changes in the pitch-
period during a voiced speech segment to be detected and smoothed by a non-linear
smoothing filter. However this method incorporates a delay which may be excessive

for many practical applications.

2.3.2 Pitch Estimation using cross-correlation method

Given a frame of speech {x[n]}, the cross-correlation method [2] examines two
adjacent and non-overlapping sub-segments whose time duration is equal. Let the two
sub-segments be X and Y. If X is defined by taking the first m samples from the
speech frame such that X={x[n]} m-1 and Y is defined by taking the following m
samples,

ie. Y = {y[nl}o,m-1 = {x[n]}m,2m-1

then X and Y will ideally be identical if the speech frame is voiced and m happens to be
equal to a pitch-period. In practice X and Y may be expected to be very highly
correlated under these circumstances. It is possible to anticipate the effect on the
measured correlation of volume changes which would tend to make X and Y not
identical, but amplitude modulated versions of each other. Let {e[n]}gm-1 be the
differences between the elements of X and those of Y by a "amplitude modulation

factor" K. Then:

x[n] = Ky[n]+e[n] 0<n<m-1 (2.3)

A sum of squares error for each value of m can be defined by

17
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m—1

Eml(K] = Y e’[n] (2.4)

Substituting equation (2.3) into equation (2.4):

m—=1

ElK] = Y (x{n]- Ky[n))’ (2.5)

n=0

By differentiating E,[K] with respect to K and setting the derivative equal to zero, the
value of K that minimises E,[K] can be found for any given value of m. The equation

that is obtained is:

% =-2Ex[n]y[n]+2Km2y2[n]=0. (2.6)

Thus the required value of K is K' where:

S (xtnlyin))

K=& (2.7)

y’[n]

n=0

Substituting K' into Equation (2.5):

m-1 m=1 m=1
E,[K'1= Y x*[n]-2K'Y xn]y[n]+ K> Y y’[n]
n=0 n=0

n=0

m—1 2 m=1 2
[Zx[n]y[n]) (len]y[n])
=2 x*[n]-2~-"= SR

m=1

> yn] iy’[n]

n=0

o [mz x[n]y[n]]

=Z x*[n]- n:[:"_]
2. y'(n]
n=0

18
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m—1 2
[Zx[n]y[n]]

=2x2[n] I- m—1 m—1 (28)

- Y X[n]Y, y’[n]

["'Z_x[nly[nl)

Let C[m]= m—:=n m-1 (29)
> x*[n]Y, y’[n]

then Equation (2.8) becomes

Em[K']=(1—C[m])2x2[n] (2.10)

C[m] is called the normalised cross-correlation function. Referring to the Equation
(2.8), Ep[K'] is a minimum when the normalised cross-correlation function, C[m] is a
maximum. Thus the two segments X and Y are highly correlated if the value of C[m]
is high for a particular value of m. Usually for voiced speech, consecutive pitch-
periods are highly correlated. The value of C[m] should therefore be close to unity
when the speech is voiced and m is equal to the pitch-period. On the other hand when
the value of C[m] is close to zero for all values of m, this suggests that the two
segments have little or no correlation. Consequently by calculating the value of C[m]
for a range of values of m, a simple speech classification can be made and the pitch-
period can be estimated when the speech is classified as voiced. The cross-correlation
basis pitch detector is claimed [2] to be able to reduce pitching errors which commonly

occur with the autocorrelation method.

The cross-correlation {;u tcLfpn as illustrated in Figure 2.3 is obtained when the value
of C[m] is calculated for all possible integer values of m starting from the smallest

possible pitch-period and increasing to the largest. As the value of m is increased by
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one, the two segments X and Y are each lengthened by one sample. For each value of

m, C[m] in Equation (2.9) is recalculated.
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Figure 2.3  Normalised cross correlation function for a typical voiced speech

frame

2.4 Four-ways pitch detector

As mentioned earlier, a "four-ways" pitch detector is a procedure for classifying a
frame of speech into one of four possible categories: voiced, unvoiced, silence and
transition and for estimating the pitch-period when the frame is classified as voiced or
transition. Such a pitch detector has been developed for the classification and pitch-
period estimation required in this thesis. The pitch detector used features extracted
from the cross-correlation function of Equation (2.9). A backward mode cross-
correlation method is also used based on an idea originally introduced by Lo [11]. The

author has enhanced the basic idea and adapted it to speech classification and pitch-
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period estimation. The four-ways pitch detector has two main parts: the speech
classifier and the pitch-period estimator. These will be described in more detail in the

following sections.

2.5 The Speech Classifier

The work in this thesis is directed towards the development of a muitimode speech
coder for operation at low bit-rates. The term "multimode" means that different
coding methods are used for frames classified as voiced speech, unvoiced speech,

transition or silence.

A multiple feature-extraction approach is to be adopted to combine the contributions
of a number of different speech measurements. Each of these speech measurements,
individually, may not be sufficient to discriminate between the categories. However
when combined to form a single measure, they prove to be capable of providing
reliable separation between the four categories. The following four measurements

have been used in the implementation described in this thesis:

(1) Energy of the speech frame, Eq.
(i1) Zero-crossing rate of the speech waveform, ZN.
(iii)  The forward mode cross-correlation function.

(iv)  The backward mode cross-correlation function.

The above set of measurements, of course, is not the only possible set. However, the
above set of parameters does represent a good compromise between requirement to
achieve reasonably low complexity in measurement procedures and reliable

discrimination between the four categories across a wide variety of speakers.

21



Chapter 2 : Four-ways Pitch Detector
2.5.1 Energy and zero-crossing rate

A discrete time speech signal is obtained by sampling an analogue speech signal at
8kHz . Each sample of the speech signal is then quantised with an accuracy of 12 bits.
Prior to analysis, the speech signal is high-pass filtered at 200 Hz to remove any dc
components which might be present in the speech signal. Before being applied to the
classifier, the input speech signal is prefiltered by a low-pass filter with cutoff
frequency 1 kHz to remove noise and higher frequency harmonics which are often
considered unnecessary for speech classification and pitch-period estimation [12].
Then for each frame of speech samples, the energy level and zero-crossing rate are
computed. The energy level Eg is defined as the root mean square (rms) of the input

frame, i.e:

E, =,/%Zfln] (2.11)

where N is the number of samples in a frame and s[n] is the speech sample. In general,
the energy of a voiced speech frame will be much higher than the energy of an
unvoiced frame. The energy of an unvoiced speech frame can reasonably be expected

to be greater than that for "silence" frames even when they contain background noise.
In the context of discrete-time signals, a zero-crossing is said to occur if successive
samples have different algebraic signs. The zero-crossing rate is defined as the number
of zero-crossing being counted in the frame.

2.5.2 Discrimination of silence frames from speech

The decision making logic used in this work for discriminating silence from speech is

shown in Figure 2.4. It is a simple technique, and in practice more sophisticated voice
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activity detection techniques [4] are commonly used. For every frame, the speech
energy is compared with an adaptive threshold E¢. In our implementation, speech
samples ranged from -2048 to +2048, and a threshold of Ei, = 15 was initially set.
The adaptive threshold is updated during voiced speech frames by the following
relationship:

Eth = (S) x (Ey)

where S is a scaling factor. A value of 0.01 is commonly used for S [3]. Ey denotes
the speech average rms energy of three successive voiced frames. When Eg is smaller
than Eyp,, the input frame is likely to be either silence or unvoiced. Further
classification between silence/unvoiced can be achieved using another predefined
threshold for the zero-crossing rate (i.e. Zy,). Since the zero-crossing rate for silence
is expected to be lower than for unvoiced speech [3], the input frame is classified as a
silence frame when the Zy is smaller than Zgp,. Otherwise, if Z is larger than Zyy,, the
input frame is classified as an unvoiced frame. A threshold value of 40 for Z, was

found to be effective for our experiments.

speech

v/uv or transition

Yes

l zero crossing rate ]

Z

N

unvoiced

Yes

silence

Figure 2.4  Discriminating silence from speech
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