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Table 1: Approximated operations of FP and DA

Method Approximated operations
N, N,

FP Y=m(5|LL+3=0
< |JD 0 37

DA & 5|
x =352 |@a+1)
iz [P

To demonstrate performances of the proposed DA method, the
spectral distance (SD) between the harmonic amplitude estimates by
the FP and DA methods and segmental signal-to-noise ratio (segSNR)
were measured between the synthesised speech signals by the two
methods. In calculating SD and segSNR, only voiced speech frames are
taken into consideration. Results of the measures are summarised in
Table 2 and show that the DA method is more efficient for female than
male speech. Additionally, subjective preference tests were performed
informally and any degradation was not perceivable.

Table 2: Results of objective SD and segSNR tests

Female | Male | Average
SD, dB 0.39 0.75 0.57
segSNR, dB 35.55 29.53 32.54

Conclusions: We have proposed a fast harmonic estimation for
harmonic speech coders. The method matches a frequency-warped
version of the original spectrum that conforms to a fixed pitch at all
harmonic bands. From the experimental results, the proposed method
showed good performance while requiring very low complexity. The
method can be easily applied to most harmonic coders that use the
conventional FP method.
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Unequal error protection and
source-channel decoding of CELP speech

A. Nazer and F. Alajaji

The reliable communication of FS CELP 1016 encoded speech over
very noisy channels is investigated. Using second-order Markov
chains it is shown that over one-quarter of the CELP bits in every
frame of speech are redundant. An unequal error protection coding
scheme, which exploits this residual redundancy, is proposed for
sending the CELP parameters over Gaussian and Rayleigh fading
channels. Simulations indicate substantial coding gains over conven-
tional systems.
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Introduction: During the last decade, several pieces of work have
shown the practical advantages of joint source-channel coding (JSSC)
systems, where the source and channel codes are jointly designed,
over tandem systems where the two codes are treated separately. We
consider a JSSC method for the robust communication of FS CELP
1016 encoded speech [1]. We propose an unequal error protection
(UEP) and source-optimised channel coding scheme for the transmis-
sion of all the CELP parameters over additive white Gaussian noise
(AWGN) and Rayleigh fading channels. This extends the work in [2],
where equal error protection (EEP) coding focusing only on the CELP
line spectral pair (LSP) coefficients was presented. Our method
exploits the residual redundancy within all the CELP parameters
(including the LSPs) and employs rate-compatible punctured convo-
lutional (RCPC) codes under maximum a posteriori (MAP) decoding.
This study can also be applied to other recently developed low rate
vocoders such as MELP and others.

CELP 1016 redundancy: CELP 1016 is a frame oriented vocoder that
samples the input at 8 kHz with each frame (of 30 ms duration)
producing 144 bits at a rate of 4.8 kbit/s [1]. We examine the
redundancy in the three most significant bits (MSBs) of each set of
CELP parameters: LSPs, pitch gains, pitch delays, codebook gains
and indices. Each parameter set is modelled by a second-order block
stationary Markov process to capture both inter- and intra-frame
redundancies. A large training sequence (83,826 frames) from the
TIMIT speech database [3] is applied to the vocoder to estimate the
Markov probabilities of each parameter set and compute its entropy
rate, its redundancy pp due to its non-uniformity, its redundancy pas
due to its memory [2] and its total redundancy pz: pr=pp+ pas. The
results are shown in Table 1 where pp, pyr and prare provided for
each parameter and for the entire frame. We see that of the
considered 78 high-order CELP bits, more than 21 bits (or
~27%) are redundant.

Table 1: CELP 1016 redundancy (bits/frame)

CELP parameter Redundancy
PD Pum Pr

LSP 5.2747 7.2105 12.4852
Codebook gain 4.0478 1.2544 5.3022
Pitch gain 0.1832 1.4910 1.6742
Pitch delay 0.7064 0.8266 1.5330
Codebook index 0.0323 0.0321 0.0644
Total frame 10.2444 | 10.8146 | 21.0590

System structure: In addition to being redundant, the CELP para-
meters contribute differently to the speech reconstruction. We hence
apply UEP to allow various levels of protection for different para-
meters. Our system consists of a family of RCPC codes [4, 5]. This is
achieved by ordering the information by importance, and applying
lower rate codes to more important bits and higher rate codes to less
important ones. At the receiver, MAP soft-decision decoding that
exploits their residual redundancy is employed. This decoder is based
on the Viterbi algorithm and chooses the code sequence ¥X = (%, .. .,
%) that minimises Pr( y*|%%) Pr(%), where yX=(y,, ..., yx) is the
received sequence of length K, which is the number of sent CELP
parameters. We consider binary phase-shift keying modulated AWGN
and fully interleaved Rayleigh fading channels with noise variance
No/2. Thus, the above minimisation metric reduces to

K
kZ I 9e — @ |? ~ Ny In PrGEX)
=1

where ax denotes the Rayleigh coefficients (for AWGN, a; is the all-one
vector) which we assume to be available at the decode. The prior
distribution Pr(x*) is estimated using the Markov model discussed
earlier on the TIMIT training sequence.

We implement three coding systems: uncoded, EEP using a 32-state
rate 3 /4 convolutional code as in [2] and UEP using a 32-state base rate
1/3 RCPC code with period p =8 [5, 6]. In the EEP and UEP schemes,
only 78 bits per frame are convolutionally encoded: the three MSBs of
all the 10 LSP parameters, the six MSBs of all the four pitch delay
parameters, the three MSBs of all the four codebook gain parameters,

and the three MSBs of all the four pitch gain parameters. The remaining
60 bits are sent uncoded and are hard decision decoded for all
transmission schemes. The RCPC coding rates, chosen based on the
sensitivity of the CELP parameters, are shown in Table 2.

Table 2: UEP scheme using mother rate — 1/3 family of RCPC

codes
CELP parameter Code rate
LSP 1-10 8/24
Pitch delay | and 3 8/22
Pitch delay 2 and 4 8/20
Codebook gain 14 8/18
Pitch gain 1-4 Uncoded

A TIMIT testing sequence consisting of 4753 frames was used in our
simulations which were performed using a practical decoding delay of
one frame. The performance criterion used is the average speech
distortion measure, which is an average of seven different speech
distortion measures of two different types — cepstral and cosh measures
[7]. Note that the minimum possible speech distortion (for a noiseless
channel) is 4.79 dB.
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Fig. 1 Average speech distortion for AWGN channel
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The rate of the UEP scheme is 138/252, while that of the EEP
scheme of [2] is 138/162. The performance of the two schemes with
maximum likelihood (ML) and MAP decoding, as well as that of the
uncoded scheme are shown in Figs. 1 and 2 for various E,/N,, where
Ej, is the energy per information bit. We clearly observe that the UEP-
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MAP scheme provides the best performance, particularly during severe
and medium channel conditions. At a speech distortion of 6 dB, the
gains for UEP-MAP against EEP-MAP are 1.42dB in Fig. 1 and
2.55 dB in Fig. 2; also, the gains for exploiting the CELP redundancy of
EEP-MAP over EEP-ML are 1.82 and 2.47dB in Figs. 1 and 2,
respectively. Additional simulations using other performance criteria
(such as the symbol error rate) and subjective listening tests are
available in [6]. A listening demonstration can be accessed at the
Internet site http://markov.mast.queensu.ca/ ~ nazera/.
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Error-centre-based algorithm for support
vector machine training

L. Meng and Q.H. Wu

A new error-centre-based algorithm for support vector machine
training is proposed. While the standard techniques require a
memory space growing quadratically with the problem size, the new
algorithm requires only a linearly growing memory space and may
thus be applied to much larger data sets compared with the standard
techniques.

Introduction: Training a support vector machine (SVM) amounts to

solving a quadratic programming (QP) problem [1]. Given a training

sample {(¥ ;, y)}\—, where y;= % 1 is the target response indicating
which pattern the input example X ; belongs to, the QP problem for
SVM training has the form:

min  —3"1+1 37 0x o
i
subjectto &'y =0 2)
0<a<Cl

where Lagrange multipliers & are the variables to optimise, and C is a
parameter defined to penalise a soft margin. The quadratic term Q in
SVM training is defined as Q;=y,yK(¥ ;, X ), where K(x ;, ¥ )=
DEFE ) OE ), i, j=1,..., 1 is the kernel function defining the inner-
products of the nonlinearly mapped examples ®(x ) in the feature space.
With the optimal values of &, a¥ (i=1, ..., /), the separating hyper-

plane is given by
1
J® =3 iy KGE )+ =0 3)
i=1

where b* is found by enforcing the empirical risk to be zero. The
margin is bounded by the set of examples {X¥ [ /(X )= £ 1}.

The size of the quadratic term O is /%, which grows quadratically with
the data size of the problem. Although standard QP techniques may be
applied directly to SVM training, the fact that they require an explicit
storage of Q prohibits their application to problems with large training
sets. To tackle this, a new algorithm is proposed for SVM optimisation
to reduce the memory space requirement.

Proposed error-centre-based optimisation (ECO) algorithm: Karush-
Kuhn-Tucker (KKT) conditions are the necessary and sufficient
conditions for the optimal solution of a positive definite QP problems
[2]. Applying KKT conditions to SVM optimisation, we have

d,v=0¢>y,f(}i)2 1
0<u<CeyfE)=1 C))

i.e. only for the examples that lie inside or on the margin are the
corresponding o nonzero. These examples are called ‘support vectors’
(SVs). In many practical applications, only a small percentage of
training examples are SVs. This feature is referred to as the ‘sparseness’
of the solution to SVM optimisation.

Note that the value of the objective function (1) remains unchanged if
the rows and columns of matrix Q corresponding to zero Lagrange
multipliers are removed. This means that the set of SVs is all we need to
fully define the QP problem and ensure the correct solution. Moreover,
the sparseness of the solution implies that both the memory space
requirement and the computation time may be largely reduced if we
train the machine on the set of SVs. However, it is impossible to achieve
this straightforwardly since we do not know beforehand which training
examples would turn out to be SVs. The proposed algorithm takes a
heuristic approach to find the set of SVs. The implementation steps are
listed below:

Given training set S, treat each pattern of S as a cluster and add the
centres of these clusters to the working set S.
Repeat .
Train the SVM on S.
Set § to the support vectors,
For each cluster of S
Split the current cluster into two sub-clusters by identifying the
margin errors. ) R
Add the cluster centre of the margin errors to S.
Until no new error cluster is formed.

KKT conditions (4) imply that no training example for which ;=0
may lie inside the margin. Inspired by this, the splitting of a cluster is
achieved by the steps shown below:

For each example ¥ ; in the current cluster C,
set o;=0.
If y; /(X )) < 1, assign ¥ ; to the new cluster C,.
Cluster centre & ;= (3¢ ec X)) /(Xx ,cc, 1), Vs, s€{p, ¢}

The examples for which y; f(x ;) <1 violate KKT conditions, and are
thus referred to as margin errors in ECO. KKT conditions are the
necessary and sufficient conditions for the optimal solution and
the ECO procedure iterates until no margin error is found. Hence, the
optimality of the solution, with respect to the original training set S, is
guaranteed by the new algorithm. To further reduce the problem size at
each iteration, only the centres of the margin error clusters are added to
the working set of training. The rest of the clusters are represented by
the SVs of the previous iteration. Since only are the centres of margin
errors involved in the training (SVs of previous iterations must have
been error centres), this new algorithm is called error-centre-based
optimisation (ECO).

Experiments and results: The ECO algorithm is implemented in
Matlab. The quadratic programming subroutine provided in the
Matlab optimisation tool-box has been used as the standard technique
for comparison purposes. The QP problem at each iteration of ECO is
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