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ABSTRACT

In this paper, we propose an instantaneous amplitude (TA)
based model for speech signal representation. This can
avoid the difficulty in dealing with the time-varying phases
and allows us to perform an optimization procedure easily
such that the synthetic signal can be made as close to the
original one as possible. A simplified frequency picking al-
gorithm is derived to shorten the processing time while still
maintaining the quality of the synthetic speech. Experi-
ments show that the synthetic speech with the developed
technique is of toll quality and almost perceptually indis-
tinguishable from the original speech. Initiate work on the
coding of the parameters, for a 16k Hz sampled speech, for
the IA model is done and a toll quality synthesized speech
at a bit rate of 40kbps is achieved.

1 Introduction

As one of the parametric approaches, the sine wave based
models have been studied extensively for speech analysis
and synthesis for many years (see, e.g., [1-8]). The basic
idea is to model the speech signal as a set of sinusoidal
waves. Almeida and Silva [5] developed a speech compres-
sion system in which a pitch detection is used for voiced
speech and the corresponding phases are obtained from the
Short-Time Fourier Transformation (STFT). This system
was improved later by modeling the unvoiced speech sig-
nal as a set of narrowband basis functions [6]. Noting the
fact that voiced speech sounds are usually highly periodic,
harmonic coding has become an efficient coding technique
though it is still a hard task to extend this technique to un-
voiced and transition sounds (see, e.g., [§]). The synthetic
speeches still have strong distortions, which is mainly due
to the fact that speech signals are non-stationary and that
the assumption of periodicity is too strict.
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McAulay and Quatieri [7] derived a sinusoidal model
for speech signal analysis/synthesis, in which the speech
is characterized by the Instantaneous Envelopes (IE), fre-
quencies, and Instantaneous Phases (IP) of the component
sine waves. These parameters are estimated from the STFT
using a simple peak-picking algorithm. In this paper, mo-
tivated by McAulay and Quatieri’s work [7] we propose an
alternative model. The basic idea is to characterize each
sine wave with two Instantaneous Amplitudes (IA), rather
than the IE-IP, and a constant frequency. This allows us to
optimize the parameters that are used to parametrize the
amplitudes and hence to achieve higher quality of speech
modeling. Also, an efficient ‘center’ frequency estimation
algorithm is proposed in favor of the simple peak-picking al-
gorithm used in [7]. This frequency estimation algorithm is
further simplified in this paper as compared to the one pro-
posed in [9]. Informal listening tests show that the synthetic
speeches are almost indistinguishable from the original ones.
Based on the proposed [A-model, a simple vocoder is de-
veloped for wideband speech coding. Experimental results
show that the proposed vocoder can provide a toll quality
wideband speech coding.

2 Derivation of TA-Model

Let s(t) be a speech signal. It’s well known that s(t) can
be decomposed into the following form:

s(t) = Ex(t)coslwit — ¢ (1)), (1)

where s (1) 2 B, (t)cos|wit— i (t)] is called a component of
s(t) and {Fy(t),wy, (L)} are the instantaneous envelope,
‘center’ (angular) frequency, and instantaneous phase of the
component sg(t). In the model proposed by McAulay and
Quatieri in [7], called IE-IP model in short, E(t) and ¢x(t)
are modeled with a polynomial (in t) of first and third order,
respectively.



Clearly, (1) can be re-written as

s(t) = Z[Az (t)cos(wyt) + AL (t)sin(wt)], (2)

k=1

where
AL(1) £ Bx(tcoslgn(t)],  AL(t) = Ex(t)sin[gr(t)].  (3)

One can see that in (2), sk(t) is characterized by two [As,
A7 (t) and A3 (t), and one constant ‘center’ frequencies {wy }.
(2) is the referred TA-model.

Assume that Af(t) and A3 (t) are two smooth functions
of time t. One can approximate them with a first order
polynomial in £, as proven in [9],
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where 7 denotes the transpose operator.
It then follows from (2) that
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where @ is the ‘center’ frequency vector,
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V= U(w,t) = (6)
VN \I/N(wN,t)

and eg(t) is the error signal due to the amplitude modeling

(4).

With our proposed model, the signal, s(t), can be ap-
proximated with VT\IJ(GJ,t). The error variance is given

by
o> (V@) £ 3 s(t) - VI (@, 1), (7)

¢
The optimal parameters, (Vopt,@opt), can be found by solv-
ing

mino?(V,@). (®)

V@
This problem is very difficult to solve due to the high non-
linearity of the error variance in @. Practically, this problem
has to be solved in a sub-optimal sense, that is to estimate
the optimal @.p¢ first, then to compute the corresponding
V. Now, let @ be the estimate of the optimal frequency

vector, it is easy to show that the corresponding optimal
estimate of the amplitude vector, denoted by V, is given by

V(@) = (3@ @01 Y sl (9)

t

The synthesized signal, denoted by §(t), is then computed
with
3(t) = VI@)U(@,1). (10)

Therefore, the key point is to estimate @. In [9], an itera-
tive frequency detection algorithm was proposed and sim-
ulations showed that the synthesized speech with (10) was
almost the same in waveform and perceptually indistingush-
able compared with the original speech. This algorithm,
however, requires a lot of computations, which definitely
limits its applications in real-time speech processing sys-
tems. In the next section, we will present a simplified al-
gorithm. Experiments show that it yields almost the same
performance as that given by the one in [9].

3 A Simplified Algorithm

For a given signal of finite data, the inaccuracy of frequency
estimation is mainly due to the interaction between com-
ponents. The peak detection algorithm in [7] is simple but
it may easily detect those peaks of sidelobes. The basic
idea behind this proposed algorithm is to extract the most
significant component such that its effect on the estimation
of other components can be minimized. The algorithm is
described as follows.

Let {s;(t)} be a signal set for ¢ = 1,2,..., N with s1(t) =
s(t). One computes the STFT of s;(t) and hence the cor-
responding periodogram S;(w). @; is identified as the most
significant frequency component of S;(w). With &; obtained
above, one can form the next signal s;.1(f) by extracting
this component from s; (t):

T z ®;(t)cos(wit)
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with (Zi,gi, ®i(t)) as defined in (4).
By minimizing Zt S?Jrl(t) with respect to (Z;,%:), one
can find

V= RO s W)}, (12)

where

R ={Y Wi(t)v{ (1)} (13)

which can be evaluated efficiently using the explicit expres-
sion for each of its elements. Due to the limited space,
these expressions are not presented here. Since R; is a
positive-definite matrix of 4 x 4, R;l and hence ViOpt can be
computed efficiently as compared to the iterative detection
algorithm in [9].



With V7" replacing V; in (11), one can compute s;+1(t)
and hence its periodogram Si;1(w). The (i41)-th frequency
@it is identified as the most significant frequency compo-
nent of S;11(w). Repeating this process N times, one can
find the estimate of each ‘center’ frequency w;. And the
synthesized speech signal is given by

N
Z (VYT (&, ). (14)

Speech signals are non-stationary. Both the IE-IP model
in [7] and our TA model are capable in modeling this feature,
at least for slowly time-varying case. The main difference
between the algorithm by McAulay and Quatieri in [7] and
ours is that in their model each component is parametrized
with its instantaneous envelope and phase, while in ours it is
characterized with two instantaneous amplitudes. This al-
lows us to synthesize a speech signal directly by minimizing
the variance of the residual signal such that the synthesized
speech is as close to the original one as possible. Therefore,
a synthetic speech of very high quality can be expected.
In addition, the frequency matching, the phase unwrapping
and the phase interpolation, which are crucial in [7], are not
required at all in our approach.

4 Coding Issues

With reference to [9], a first order polynomial is used in (4).
Therefore, (10) can be re-written as

N
= Z[(xk,o + zg1t)cos(wit) + (Yo + yr,1t)sin(wit)].
k=1

(15)
By applying the trigonometry property to (15), combin-
ing the terms with and without the ¢ variable, it becomes

N
Z By 0c08(wipt—dp0)+tEk 1cos(wit—¢g1)]. (16)

In term of coding the parameters for the synthesized
speech, this new representation is much better than that
n (15). The parameters in (16) are less sensitive to quan-
tization noise and, during coding, the sign bit for all the
parameters can be manipulated such that they take on the
positive value only. This effectively reduces the quantiza-
tion range for the parameters.

Initiate work on the coding of the parameters for the TA
model has been performed. The ‘center’ frequency, the most
important parameter in (16), is coded first and followed by
the phases and amplitudes. For the ‘center’ frequency, the
differences between the frequencies are coded rather than
their respective values.

To start with, the ‘center’ frequencies, obtained from the
simplified algorithm as mentioned in section 3, are sorted

into an ascending order. The differences between consecu-
tive frequencies are linearly quantized with a step size of

mazx.valueofdif ferences
brvf — 1

stepy = (17)
with bpvf = bit per variable for frequency.

After coding the ‘center frequency’, these quantized val-
ues are used to determine the phases and amplitudes by
going through the simplified algorithm again. This helps
to reduce the effect of the quantization error on the final
synthesized speech. The phases are then linearly quantized
with a step size of

27

T (18)

step, =
with bpuvp = bit per variable for phase.

As for the amplitudes, the parameters are first logarith-
mically compressed by using the pu — law with u set to
255. The compressed parameters are then linearly quan-
tized with the step size of

max.value
St@pa — m (19)
with bpva = bit per variable for amplitude. In this case,

the maximum value, max.value, of the amplitudes is also

coded.

5 Experimental Results

Two data
files, called ‘female’ and ‘male’, spoken by a female and

Now, we present some experimental results.

male respectively, are used for the IA model synthesization
and coding. Their respective duration are 3.5sec and 3sec.
The sampling frequency for both of them is fs = 16kHz.
Fig. 1(a) and Fig. 2(a) show the original speeches of ‘female’
and ‘male’ respectively.

Both the speech signals are processed with a frame length
of L = 800, that is 50 ms. A 2'2-point FFT is used for
periodogram computation. For the synthesization process,
80 components are used with the TA model in (10). The
simplified algorithm, as described in section 3, is used for
determining the ‘center’ frequencies. Fig. 1(b) and Fig. 2(b)
show the simulation results for the synthetic speeches of ‘fe-
male’ and ‘male’ respectively. Both the synthetic speeches
are of excellent quality and are indistinguishable from the
original ones through informal listening. Also, with the
usage of a longer duration frame in our synthesization, it
effectively reduces the parameters required for coding, and
thus the bit rate.

The coded synthetic speeches of ‘female’ and ‘male’ are
shown in Fig. 1(c) and Fig. 2(c) respectively. The coding
technique is described in section 4 of this paper. Each ‘cen-
ter’ frequency is assigned with 6 bits, bpvf = 6 as in (17).
bpup = 4, in (18), and bpva = 5, in
the phase and amplitude respectively. Together with some

(19), are assigned for



control bits, a 40kbps bit rate is achieved for both speeches
at toll quality. With the implementation of parameter re-
duction technique, this bit rate is believed to be able to
reduce significantly.

Due to the limited space, the comparison between our
IA’s model with simplified frequency-picking algorithm, as
mentioned in section 3, with iterative frequency-picking al-
gorithm in [9] and the MuAulay and Quatieri’s model in [7]
will only be presented on the conference. In brief, both the
simplified and iterative frequency-picking algorithms yield
almost the same performance but the simplified algorithm
provides shorter processing time. As for the IA’s model
and the MuAulay and Quatieri’s model, both algorithms
can provide a synthetic speech of very high quality for a
voiced speech and that our algorithm yields a much better
performance than theirs for an unvoiced speech even with
much less components.
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Figure 1: (a) Original female speech, (b) Synthesized
female speech and (c) Coded female speech.
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Figure 2: (a) Original male speech, (b) Synthesized
male speech and (c) Coded male speech.



