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Abstract

Many low bit-rate sinusoidal coding techniques, such as
sinusoidal transform coding, require a short term spectral
envelope to be estimated for each frame of speech. Suitably
encoded, this determines the amplitudes of the sinusoids used
to model the speech. In some coders, phase information is
also derived from the envelope under the assumption that it
represents the gain response of a minimum phase vocal tract
transfer function. The phase spectrum, thus derived, is
dependent on how the envelope is interpolated between pitch
frequency harmonics especially in the vicinity of formants.
The use of optimisation to improve the shape of the envelope
in such regions and to compensate for the inadequacy of the
minimum phase assumption has been shown to be capable of
reducing phase discrepancies. Frequency spreading due to
pitch frequency variation also distorts the spectral envelope,
and can be compensated for. Experiments have shown that
the shape of the reconstructed waveform can be made closer
to that of the original by spectral envelope modification, and
improvement in perceived speech quality is obtained.

1. Introduction

Much interest has been shown in the development of
sinusoidal coders for representing speech at very low
bit-rates. less than 4 kb/s [1,2]. The principle is to
model speech waveforms as the sum of time-varying
sinusoids whose amplitudes, frequencies and phases are
specified at update points at regular intervals of time,
and are interpolated between the update points. There
are many forms of sinusoidal coder: for example multi-
band excitation (MBE) [3] and sinusoidal transform
coders (STC) [2]. This paper will concentrate on STC,
though its conclusions may be relevant to other forms.

With STC. the sinusoidal model parameters are
extracted by short-term Fourier analysis applied to
speech waveform segments. The resulting spectra
exhibit magnitude peaks located, in principle, at
harmonics of the pitch frequency for voiced speech and
randomly for wunvoiced speech. The required
parameters are derived from the spectra at the
frequencies identified by the peaks. Instead of encoding
the amplitudes, frequencies and phases of the sinusoids
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directly, their amplitudes are interpolated (e.g. by cubic
spline interpolation) to determine a spectral envelope
which may be represented by a small number of
parameters such as cepstral coefficients or line spectral
frequencies (LSFs) [4]. These parameters along with a
pitch-period measurement and voicing information are
efficiently encoded as a low bit-rate representation of
the speech at each update point. Phase information is
not encoded.

At the decoder, the amplitudes, instantaneous
frequencies (harmonics of the fundamental frequency
for voiced speech) and phases of the sinusoidal model
are interpolated between the values obtained at update
points. The amplitudes are obtained by sampling the
transmitted spectral envelope and each of the phases is
derived by adding together a linear phase component to
achieve an appropriate delay and a minimum phase
component derived from the envelope.  Speech is
therefore modelled as an excitation signal, expressed as
the sum of time-varying sinusoids, modified by a
transfer function, assumed to be minimum phase, whose
spectral envelope only has been encoded. Unvoiced
speech is modelled in a similar way to voiced speech
with fixed frequency sinusoids of random phase
introduced above an appropriate frequency. In practice,
to save computation, an overlap-add method can be used
to approximate the interpolation process at the decoder

[51.
2. Envelope estimation

The derivation of a suitable spectral envelope at the
encoder is important because the amplitudes and the
phases of the sinusoidal model are derived from it at the
decoder. The spectral envelope is normally derived by
some form of peak-picking and interpolation between
the peaks Several kinds of inaccuracy occur with this
process which are explored in this paper. One of these
manifests itself in a distortion to the reconstructed
speech waveform even when the magnitude spectrum is
accurately represented at the  pitch-frequency
harmonics. In particular a damped vocal tract impuise
response, as illustrated in Fig 1 (original (a) and
synthetic (b) waveforms), is often observed which is due
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to error in the phase spectrum derived from the spectral
envelope. It may be demonstrated that this phase error
is partly due to the spectral envelope interpolation
technique used at the encoder; in particular, the way it
shapes the interpolated spectral envelope between the
pitch frequency harmonics. Phase error also arises from
the minimum phase assumption.

The phase errors can be reduced by improving the
shape of the interpolated envelope, particularly in the
vicinity of formant peaks when they lie between pitch
frequency harmonics. Cubic spline interpolation tends
to flatten these peaks thus the distorting magnitude-
phase relationship at the harmonics.

3. Optimisation of envelope and linear phase
component.

We introduced, mid-way between each pitch
frequency harmonic, an additional frequency at which
the envelope is specified. This is illustrated in fig 2 for
a frame of voiced speech. The solid vertical lines in the
spectral graph represent the pitch frequency harmonics
and the dotted lines rcpresent the additional
frequencies. The original phase (filled dot) and the
phase derived from the envelope (cross) are displayed
for each pitch frequency harmonic. A “phase error”
function was defined as the sum of the squared
differences between the original phases and the derived
phases at the pitch frequency harmonics. A multi-
variable optimisation procedurc was applied to
determine the value of the envelope at the new
frequency sampling points, and a linear phase delay
which corresponds to the “onset time” n ¢ used in [2].
The optimisation criterion was the minimisation of the
phase error.

The success of this optimisation technique depends
critically on the minimum phase assumption and this
may be shown to be not entirely accurate by performing
a complex cepstral analysis of a voiced speech
waveform and observing its non-causality. A reason for
some of the inaccuracy is the shape of typical glottal
pulses. Such pulses are commonly approximated by
Rosenberg pulses [6] the shapes of which are clearly not
minimuym phase. The Rosenberg approximation is
governed by three parameters which are the pitch
period, the "opening time" and the “closing time" as
shown in Fig.3. The magnitude and phase spectra of
Rosenberg pulses, as illustrated in Fig. 4, may be readily
calculated, and are significantly affected by the values
of the three parameters. Our experiments have
demonstrated that if the short term magnitude spectrum
of the input speech is divided by that of a suitably
shaped Rosenberg pulse, and if the phase spectrum of
the same Rosenburg pulse is subtracted from that of the
input speech, the minimum phase assumption becomes
more accurate and the envelope shape optimisation
procedure becomes more effective. The Rosenberg
pulse parameters should be included as optimisation
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variables, although it should be reported that
considerable improvement in the accuracy of the
derived phases was obtained with a simplified
approximation parameterised only by the pitch period.

The effect of applying this optimisation procedure on
the waveform segment shown in Fig 1 is to produce
waveform (c) instead of (b). For this segment the phase
error was rteduced from 33.29 to 4.76 radians’ by
optimisation. It may be seen that the waveshape is
closer to the original. ~When applied to speech,
improved quality was perceived.

4. Effect of pitch-period variation

It can also be demonstrated that inaccuracies in the
spectral envelope occur as a result of pitch-period
variation. It is known that significant variations in
pitch-period can occur even in an analysis frame as
short as two and half pitch periods (as recommended by
McAulay and Quatieri [1,2]). In some applications, for
example when speech is contaminated by source noise,
it may be necessary to increase the length of analysis
frame, thus making the anticipated frequency variation
even greater. The effect of this pitch-frequency
variation is to produce frequency spreading in the short-
term DFT spectrum which smears out the spectral peaks
and results in a reduction of up to 3 dB in the spectral
envelope. This effect can be seen in Fig. 5 which shows
a DFT analysed frame of speech synthesised by exciting
a typical vocal tract frequency response by (i) regularly
spaced excitation pulses (a), and (ii) pulses with a pitch-
period variation of 1.25 sampling intervals over the
frame.(b). In general, the spreading will be apparent in
frequency bands which depend on the degree of pitch-
variation. This effect leads to inaccuracy of the spectral
envelope as derived over frequency bands where
spreading occurs.

5. Compensation for pitch period variation

Assume that an analysis window of length L equal to
approximately two and a half pitch periods includes
three vocal tract excitation points, the second of which
coincides approximately with the centre of the window.
The DFT analysis of the Hamming windowed vocal
tract excitation signal assumed to consist of unit pulses
located at the excitation points is:

X[K = wlpJe PPHE tulpy e PPE 4yl
Assuming W[pz] to be approximately one, and W[pl]
to be approximately equal to W[p3 ] =W say,

X[k] ~ e“JQﬂ"Pz‘k/L (1 + w[efzm(ﬁ‘m)'k/lf T e*]’Zir-(erm)-k/L ])

where p is the average pitch-period and the pitch-period
is assumed to change by 2m sampling intervals over the
analysis window. It follows that:

\X[k] ~ ’1 +2we "' cos(27 - p-k /L)

694



From this, it may be deduced that the spectral envelope
that would be obtained by interpolation of the peaks is:

[Env[K]| =1+ 2we2A0E

The effect of frequency spreading on the envelope
estimation, may be compensated for by dividing the
DFT speech spectrum by |Env(k]| before the spectral
peak interpolation procedure. A suitable value of m
may be obtained by estimating the rate of change of the
pitch period from the values calculated at the update
points. If the pitch periods at the previous, current and
next update points, spaced N samples apart, are M_,
M, and M respectively, an estimated value of m is:

M -M
m:(—————l *‘jMO
2N .

It is reasonable to assume a representative value of 0.5
for w. The effect of this compensation is illustrated in
Fig 5 (c) where the spectrum shown as (b) has been
compensated. It may be seen that the filter enhances the
spectral envelope around 3.2 kHz. The resulting
envelope () fits the peaks of the regular pulse excited
spectrum (a) much better than that obtained previously

(b).
Results and Conclusions

The optimisation techniques outlined above, when
applied to segments of speech encoded by STC [2]
produce significant improvements in their decoded
waveshapes as illustrated in fig 1. An improvement in

percepiual quality was also observed. The techniques
are applicable to sinusoidal coders in general, and
similar improvements have been observed with others,
such as MBE [3]. Less computationally complex
procedures are now being developed to exploit the
understanding gained from these experiments.
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Fig. 1. Segment of speech. (a) Original. (b) with minimum phase assumption (c) Optimised
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Fig. 2. Spectral envelope, 61*iginal (*) and derived (X) phases for a voiced speech segment
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Fig.5 (a) Regular (b) Spreaded (c) Compensated envelope
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