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ABSTRACT

Multipulse is a well known, analysis by synthesis technique
to model the LPC residual signal [1]. With this model, speech
can be coded at medium bit rates with good quality. However,
the determination of the pulse locations is a combinatorial
problem with no closed form solution. For these reason
suboptimal procedures are used. In this paper, inhomogeneous
SA structures have been used for solving the multipulse
problem; the obtained performances are compared with
suboptimal algorithms such as the Atal's ones. As compared to
the one described in [2], this algorithm achieves an effective
improvement in objective performances. As a matter of fact, an
improvement of more than 1.5 dB is obtained. A set of
performance curves will be also described in order to find the
optimum trade-off configurations.

Keywords: Stochastic Optimization, Simulated Annealing,
Speech Coding, Multipulse Models

1. INTRODUCTION

In this paper we will describe a novel algorithm for the
determination of the multipulse sequence that excites the LP
synthesis filter. The multipulse approach, introduced by Atal
[1] is able to generate high quality speech at a medium bit rate.
The main problem related to multipulse sequence
determination is to find the best sequence with a given amount
of computational complexity. Other problems concern the
robustness of the algorithm and the parameters quantization
issues.

Consider the combinatorial formulation of the multipulse
determination problem: in this work this problem was solved
by means of stochastic optimization procedures based on the
Simulated Annealing (SA) concept {3], [7]. It will be shown
that the algorithm can be easily tailored at different trade-offs
points between computational complexity and performances.
The segmental SNR shows a great improvement over the
algorithm described in {2], that we take as a reference.

The applications of SA was, so far, intended for the
solution of specialized problems where classical techniques
offer poor performances,

In our case the application of SA has to be made in real-
time, and for this reason we have developed a scheme to
improve the algorithm efficiency. An interesting result of our
work is that it can give an upper bound of the performances
that can be obtained with a multipulse coder.
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2.MULTIPULSE SEQUENCE
DETERMINATION AND SIMULATED
ANNEALING.

The multipulse determination problem is a combinatorial
problem because there must be found the M locations, out of
N, that give the best performances. An exaustive solution is
normally not feasible, even with particular semplifications, as
the ones described in [4] and [5].

The SA solution of the multipulse problem is described as
follows: a generation scheme is suitably defined so that, given
a set of locations, another set of locations is obtained. For each
new set of locations a cos: function is computed as the mean
squared error between original and synthetic signals. The new
set of locations is accepted if the cost function passcs a
Metropolis test. This process continues until a minimum is
obtained. The Metropoli: test is based on the Boltzmann
distribution exp(-AC/Tk), where C is the value of the cost
function and Tk is a parameter that control the annealing

process; it is usually called temperature and it is updated at
each iteration k.

2.1 The annealing process

The annealing proce.ss is described by the following
parameters:

The initial value of the control parameter:

The initial value of the control parameter TO is important
for assuring a good convergence of the annealing process. In
fact, if this value is too low, the minimization process will be
probably stucked to a loca minimum, while if it is too high the
first Markov chains would be useless because all the
perturbations would be accepted. In practice, however, it
suffices to find a correct order of magnitude.

We approximated TO as the value of the standard

deviation of the cost function C on the configuration set: since
speech is not stationary. the computation of the standard
deviation must be done at :he starting of each new frame.

Stop criterion and lergth of the Markov chains.

The stop criterion and the length of the Markov chains
contro] the trade-off between the optimality of the obtained
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solution and the computational complexity. In fact the
complexity is related to the number of iterations needed by the
annealing process. The length of the Markov chains is related
to the concept of quasi-equilibrium.

Since for real-time applications, we need a constant
number of iterations, we decided to use constant length
Markov chains and a constant number of temperature
decrements.

The number of iterations the Simulated Annealing requires
to converge to the global minimun depends on the problem
dimension: the higher the dimension of the problem is, the
greater must the iteration number of the algorithm be.

For the search of optimal pulse locations in the multipulse
excitation, the problem dimension is given by the following

fOlTnula.

where Nf is the frame lenght (expressed in samples) and Mp is
the excitation pulse number (per frame).

It follows that, if we fix Nf, the problem dimension is an
explicit funtion of the pulse number.

The stop criterion is established if we set the length of the
Markov chains and the number of Temperature decrements. The
total number of iterations is clearly the product of these two
parameters. Therefore the problem is to determine a trade off
between computational complexity and algorithm
performances. This determination is not trivial because it
requires extensive experimentation.

By fixing the number of pulses we made several tests on
different frames with different chain lenghts and we obtained
the results reported in fig. 1.
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fig.1 Segmental SNR versus length of the Markov chains.

This figure describes the Segmental SNR versus Markov
chain lenght for 5 and 6 pulses and with Nf=50. The saturation
indicates the correct behaviour of the algorithm and gives the
best value of the length.

The best value of the number of temperature decrements is
determined by applying the algorithm several times on different
frames with the Markov chain lenght fixed as just described and
by computing the average value of the number of temperature
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decrements the algorithm requires before stopping (the stop
criterion we applied in these tests is the same used to
dimension the Markov chain lenght) .

The perturbation generation scheme:

We developed an efficient scheme to perturb the locations.
Instead of modifying the entire parameter space, only one pulse
at a time is perturbed. The pulse locations perturbation scheme
is therefore:

- select at random one pulse.

- perturb its location according to a suitable distribution.

This leads to a simple and efficient algorithm. The
generation distribution function we used was a univariate
gaussian.

Temperature update:

For inhomogeneous algorithms, and under some
assumptions it has been demonstrated (3] that a sufficient
To .

, where T, is a
log k 0

constant and k the iteration index. Moreover, Ty 2 T..It has to
be noted that the above given condition is only sufficient. Thus,
there may be an update schedule that does not satisfy that
condition but still ensures the convergence.

condition for the convergence is that Ty <

In our algorithm, we used the following temperature update
rule:

Tpe1=0x T
where
o041k
ap=e (e3
and

o= (Cz(k)> ~{Cr))?

This rule is reported in figure 2.
The dotted line represent the theoretical update rule related
to the convergence of inhomogeneous algorithms.
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fig.2 Temperature update schedule : temperature versus
iteration index. Picewise linear line: actual temperature
decrement. Dotted line: theoretical lower bound
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3. DESCRIPTION OF THE ALGORITHM

In the multipulse approach, the residual is modeled by a
sequence of pulses of amplitude Bi and located at position N;:

u(n)="Y B;6(n-N;)

If we call h(n) the impulse response of the LPC synthesis
filter, then the synthetic signal s(n) is given by:

Sny=Y Bih(n=Np)

If the pulse's locations are given, the amplitudes Bi are
obtained by solving the following system of simultaneous

equations [1]:

(D Rph-B=Rgn

where th is the autocorrelation matrix, R sh is the cross-

correlation column and B is the pulse amplitudes column.
The squared error between original and synthetic speech,
defined as:

E=Y (§(n)-s(m)?

n

becomes minimum when the amplitudes are computed by (1),

and is given by:
@ Emin = 52 (M= D BeRon (Vi)
n k

where Nk indicates the k-th pulse position whithin the
frame.

Each iteration of SA, therefore, should consists in a solution
of (1) and a computation of the cost function through (2).
Unfortunatly the computation of (1) requires an unaffordable
number of operations, even if efficient algorithms are used [6].

3.1 IMPROVING EFFICIENCY

In order to obtain a computationally affordable algorithm,
we defined a sub-optimal approach by maintaining fixed the
locations and amplitudes of all the pulses except the one whose
location is modified by the perturbation algorithm. In this way,
the complexity related to the solution of (1) drops out
dramatically. This assumption is similar to what happens in the
original multipulse algorithm [1] where, as new pulses are
added, all the previous pulse locations and amplitudes are
maintained fixed. The drawback is that, in this way, the same
suboptimal performances of the original algorithm would be
obtained. In order to partially overcome this problem, we
computed an exact solution of (1) every L iterations only. The
algorithm, that will be called SA/L in the following, is
therefore:
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- modify, according to the generation function, one new
pulse location NjN where j indicates the pulse that has been

perturbed.

- find the corresponding BN amplitude by:

Rep(Nj)- Eth(Ni-Nj)'pi
[REY)

Rup (Nj N;)

&)

Bin =

- compute the actual error E n (n stands for new) by using the
previous error E 0.(o stands for old).
The error to be minimized is :

E= ) lstn-im)1? = D lstn)= Y Buhtn= Ny
n n k

Hence

5 N N N
E=Ys°(n)+ > Y Bi BiRen(mim;)=2 Y BiRop (my)
n i=lj=1 k=1
Since we modify only one pulse, and if we call E0 the error

relative to the old configuration, it is easy to show that the
relationship between EjandE is the following:

@

En=Eg +Bjo~2-Rsh(Njo)-ﬁ,‘N-2-Rsh(NjN)+ﬁjN2-th(NjN,NjN)+

=Bjo? Run(Njo.Njo)=2-Bjo 3 Bi Run(Njo, Ni)+2-Bin 3 Bi* Rpn (N jn N

E) i£]

Where Njo means the old position of the j-th pulse within
the frame and N jn means the new one.

- each L of such approximate computations, solve (1) by
Cholesky decomposition.

4. COMPUTATIONAL COMPLEXITY

Each iteration of the algorithm requires, for the
approximated solution, MP multiplications for the amplitude
calculation (3) and MP+3 multiplications for the computation of
the cost function (4).

For the other iterations, where an exact solution of (1) is
computed, the number of multiplications is:

Amplitude calculation:

MP’46.-MP*—7-MP
6

Multiplications:

Cost function value calculation:

Multiplications : MP
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In the following practical case
NF=128

NSub=2

MP=6

L=10

Iteration number=2000
Fc=8000 Hz

the computational complexity of this algorithm is about 5 M
multiplications/s . The number of additions is roughly the same.
However, it has to be noted that the multiplications are much
more complex than additions to be performed; moreover, the
DSP's usually perform additions in pipeline with
multiplications.

5. EXPERIMENTAL RESULTS

In the following figure the segmental SNR measures are
given in function of the pulse rate. Several english and italian
phrases, uttered by male and female speakers, have been
analyzed, and the following results are average values.
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fig.3 SNR behaviour versus pulse rate.

It can be noted that the SNR improvement of our algorithm
over Atal's is greater than 1 dB for SA/10 algorithm at 1120
pulse/s.

Figure 4, finally, shows the segmental SNR for the english
phrase "why were you away a year Roy?" spoken by a male.

It is shown that the improvement is consistent over all the
phrase.

6. CONCLUSIONS

The optimum determination of the multipulse sequence to
model the LPC residual has been considered in this work. A
stochastic optimization method, the Simulated Annealing
algorithm, has been used to solve the multipuise problem. The
results were that improved performances, as compared to the
traditional algorithm, are obtained. The solution can reach
different point of optimality, depending on the setting of
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differnt parameters such as the length of the Markov chains, the
number of temperature decrements, and the rate of exact
solutions of a set of linear equations. Consequently, different
trade-off points between complexity and quality can be defined.
For this reason the algorithm is very versatile and interesting
from a practical point of view. Several issues have not been
dealt on in this paper, such as the quantization and the optimum
coding of the parameters. All these issues can be easily
integrated and solved with the algorithm. Currently, we are
designing a real-time implementation of this algorithm on a
Digital Signal Processor.
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fig.4 Segmental SNR fo- an english utterance. Dotted line :
Atal's result. Continuous line: Our algorithm.
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