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ABSTRACT

an all-pole model of the cubic spline function interpolating
the resulting samples is discussed. In Section 3, the quantization of the all-pole gain factor is explained. In Section
4, quantization procedure of the all-pole coefficients in the
LSF domain is discussed. Finally, this paper is concluded
in Section 5.

The magnitude spectrum of speech is sampled to extract the
extremum (maximum) points representing the underlying
sine-wave amplitudes. The resulting nonuniform samples
are, first, interpolated using a cubic spline function and,
then, modelled by an all-pole magnitude spectrum. The
gain factor and the line spectral frequency (LSF) domain
representation of the coefficients of the all-pole model are
quantized at the encoder. A faithful reconst,ruction of the
spectral extremum envelope is obtained at the decoder using
the dequanhed all-pole model parameters.

2. EXTREMUM SAMPLING OF MAGNITUDE

SPECTRUM
The extremum points of the magnitude spectrum are determined by determining the location of points at which the
slope changes from positive to negative. Let the magnitude
of the spectrum be represented by I S(f)I. The values of
I S(f)I are evaluated at any three consecutive frequencies
denoted by f,-l, f, and f 3 + 1 , where j = 1 , 2 , ..., $ and A4
is the size of FFT. Let's define A, and A
: as

1. INTRODUCTION

In sinusoidal speech coding, the extremum samples of the
magnit.ude spectrum of speech and a smooth envelope
passing t.hrough t.hese samples are used for pit.ch estimation
at the encoder and speech reconst,ruct,ion at the decoder [I][4]. Since voiced speech waveform is quasi-periodic, its spectral domain ext.remum samples are nonuniformly spaced.
Besides, the speech spect.rum usually contains small noisy
peaks which are irrelevant t.o its underlying sinusoidal structure. These noisy extrema must be det.ected and removed
in order t.o avoid ambiguous pitch estimation at t,he encoder
and to achieve a high signal-to-noise rat.io of the reconstruct,ed speech at t.he decoder. In harmonic sinusoidal speech
coding, uniform samples of extremum envelope at harmonics of a fundamental frequency are uesd at the decoder t,o
synthesize speech [2]-[1].
Efficient equant.izat.ion of t,he extremum envelope of the
magnitude spectrum of speech is of great importance in low
rate sinusoidal speech coding. An all-pole transfer funct,ion is an efficient approach to model t.he extremum envelope since t.he result,ing all-pole coefficients can be efficiently
quantized in t,he LSF domain. On the other hand, the periodic energy of t.he voiced speech is most concentrated at
low frequency range of spectrum. This demands a good accuracy and resolut,ion in est,imat.ing the lower line spectral
frequencies (LSFs) which could start from as low as 50 Hz
in a male voiced speech. Unfortunately, the present efficient
LSF estimation algorit,hms such as [5] does not have the required accuracy at low frequencies and lead to the coarse
quant,ization of t,he low LSFs [5].
In this paper, t,he spline envelope fitted to the ext.remum
points of t,he magnit.ude spect.rurn of speech is encoded by
a gain factor and a hig-order set of LSFs. In Sect,ion 2 , an
extremum sampling and refining procedure is presented and

The frequency f, corresponds to an extremum point if the
following relations hold

A;
A
:

>
<

0,

(3)
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In fact, this method finds all of the extrema including noisy
ones by computing the slope of the magnitude spectrum at
discrete points. A refining algorithm is then applied to remove the small noisy extrema. According to this algorithm,
all small peaks of spectrum falling down to 25 dB of adjacent peaks are removed. Since several small peaks may
appear consecutively, we cannot suppress all of them by
simply comparing them with the adjacent peaks in order to
decide if t,hey are eligible to be removed. The refining algorithm removes the small peaks iteratively and one by one
by repeating the following two steps:
1. If

1>1 S p ( f 3 ) I and
I Sp(f3)I= 0.
I Sp(f,) 1>1 Sp(f,+l)I and
then: 1 Sp(f,+l)
I= 0.
I

sp(f]+i)

>

'sp(~&~~,~l~('J)'

0

then:

2. If

>

' s p ( f J ~ ~ ~ ~ ~ ~ ~ ( , f JU
+l)'

where {Sp(f,),j
= 1 , 2 ,...} are the peaks of spectrum at the
corresponding frequencies and c is the suppression factor
(i.e., c = 0.95). The refining algorithm finds the normalized
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respectively. In the sequel, we describe quantization procedures of the all-pole model parameters.
3. QUANTIZATION OF GAIN FACTOR

Figure 1: Extrema and the spline envelope in the baseband
Of l5Oo HZ Of magnitude spectrum Of speech before refining.

components of speech
The energy of underlying
spectrum is directly proportional to G2. Since the ear responds logarithmically to the sine-wave amplitudes, the logarithm of G2 is quantized. Distribution of ln(1 G2) is
plotted for the frames of 3 minutes of speech in Fig. 3. The
high value of distribution at the origin corresponds to the silent frames. Ignoring this peak at the origin, we can assume
that the resulting distribution is uniform. Hence, uniform
quantization can be used to quantize the log-square of the
gain factor (i.e., In G2). A uniform quantization scheme using 6 bits with a step size of 0.1 (or 1 dB) according to

+
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63,
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for: lnG2 < 1.2
for: 1.2 5 lnG2 < 7.4
for: l n G 2 2 7.4,
(6)

0

500

where qg is the quantization index, works well. Note that
the function znt(x) in (6) returns the integer part of z.
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Figure 2: Extrema and spline envelope in the baseband of
1500 Hz after refining.

4. QUANTIZATION OF L P COEFFICIENTS

The LSF representation of the LP parameters proposed by
Itakura [7] contains some useful properties such as wellbehaved dynamic range, localized spectral sensit,ivity and
simple stability analysis of LP synthesis filter. These properties make the LSF domain suitable to be used for the
quantization of the LP parameters. A computationally efficient method described in [5] is commonly used in speech
coding to convert the low order (usually tenth order) LP
coefficients to the corresponding LSFs. This method maps
the upper semicircle in the z-plane to the real interval
x E [-1,+1] using
(7)
x = cosw,
where 0 < w < a determines the LSFs. The efficiency of the
method proposed in [5] is conditioned on avoiding non-linear
mapping from x-domain into the w-domain. Therefore, the
resulting LSFs are quantized in the 2-domain. But, highly
resolved low LSFs in the w-domain map on very closely
spaced points in the z-domain due to the highly nonlinear
behaviour of (7) at low frequencies. This requires high resolution 2-domain quantization especially when the population
of low LSFs in a high-order LSF set is considerable.

distance between two adjacent extrema by dividing their
difference to the magnitude of the larger one. If the normalized distance is bigger than the suppression factor, then
the smaller extremum is removed. To remove all of small
extrema, the refining steps are repeated until no change in
the number of extrema is observed during the last two iterations. The measured extrema are interpolated using the
cubic spline function [6] and an all-pole magnitude spectrum
given by
(5)
where G is the gain factor and { a k , k = 1 , 2 , ...,p } are the
linear predictive (LP) coefficients, is fitted to the resulting
envelope. Spline interpolation is a valuable tool for representing empirical curves and it yields smooth interpolating
curves without large oscillations. Figures 1 and 2 represent the speech magnitude spectrum and its spline envelope
before and after applying the extremum refining recursion,
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Figure 4: Relative frequency domain uncertainty variations
over the low frequencies due to the cosine nonlinearaity.
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is also plotted in Fig. 5 versus x-domain uncertainties. As
a result of these demonstrations, it can be concluded that
a uniform uncertainty in the 2-domain leads to a highly
non-uniform and frequency-dependent uncertainty in the f domain particularly at low frequencies. Hence, the method
described in [5] leads to the coarse quantization of the low
LSFs especially when a high order LSF set is to be quantized. Vocal tract envelope of speech spectrum is usually
modelled by the transfer function of a tenth-order all-pole
filter to reflect u p to first 5 formants in the bandwidth of
4 KHz of speech spectrum. The lowest two LSFs fall in
the vicinity of the first formant which varies in the range
between 270 Hz and 730 Hz for vowels [8]. Since this range
is broad and, and furthermore, most of the first formants
are greater than 400 Hz [SI, the coarse quantization of the
low LSFs, due to the cosine nonlinearity, has been tolerable
in the LPC based speech codecs.
On the other hand, since the human pitch period varies
between 2.5 msec (or pitch frequency of 400 Hz) and 20
msec (or pitch frequency of 50 Hz), the first peak location
of a voiced spectrum can start from a frequency as low as
50 Hz. Therefore, the peak envelope could contain peaks at
frequencies much lower than the average location of the first
formant. This, in turn, moves the LSFs t,owards lower frequencies. Furthermore, encoding the low frequency spectral
peaks in the sinusoidal analysis demands a good accuracy
and resolution, as the periodic energy of the voiced speech
is most concentrated at low frequency range of spectrum.
In an algorithm proposed in [9], the LSFs are estimated
in the f-domain with any uniform accuracy over the whole
range of speech bandwidth. In this algorithm, we exploit
the following concept from complex analysis [lo].
The number of zeros of a function F ( z ) = 0 enclosed
b y a closed curve A in the z-plane i s equal to the number of times (n) that F ( A ) , i.e., the curve obtained b y
evaluating the polynomial F ( z ) along the closed curve
A, rotates about the origin.

20
n
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Figure 5: Absolute frequency domain uncertainty variations
versus 2-domain uncertainties due to the cosine nonlinearity.

Let the relative frequency domain (i.e., f-domain) uncertainty be defined by

-6f_ - I arccos(z) - arccos(2 - 62) I
,
f
arccos(2)

(8)

where 6x and 6f are the 2-domain and the absolute fdomain uncertainties. Fig. 3 represents the relative fdomain uncertainty plotted versus frequency f given by
fs
f =arccos(z),
2n

Since we are looking for the roots on the unit circle, the
closed curve of interest is defined as a radial sector, consisting of two radial boundaries and a closing arc, such that
it encloses the roots. The algorithm starts with an initial
radial sector covering the whole interval of 0 = (0, n). The
initial sector is then bisected into two sectors and the number of roots of function F ( t ) fallen inside each sector is computed. The bisection procedure followed by computation of
the number of enclosed roots is repeated until a single root
is isolated within a sector with an angle not larger than the
required accuracy [9]. The number of complex polynomial
evaluations to estimate a single LSF using this algorithm is
approximated by [ll]

(9)

where 65 is the frequency domain resolution. Fig. 6 (top)
shows the magnitude spectrum of a voiced speech frame
with a fundamental frequency of 136.7 Hz and its spline envelope. The spline envelope is parameterized using 42-nd
order linear predictive analysis. The resulting LP parameters are transferred to the LSF domain, using the algorithm
proposed in [9], with a uniform accuracy of 6f = 0.5 Hz.

where fs is the sampling frequency, for a range of the 2domain uncertainties. As shown in this figure, the relative
uncertainty increases steeply over the frequencies below 400
Hz. The absolute f-domain uncertainty given by
fs
6f = G[l
arccos(2) - arccos(2 - 62)

11,
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cessary, especially in estimating high-order LSF sets.
The resulting LSFs can be quantized using split vector
quantizatin [Ill.
5. CONCLUTIONS

\

Extremum samples of magnitude spectrum of speech are
picked and then refined to obtain those ones which represent
the amplitudes of the underlying sine waves. The spline envelope fitted to the resulting extrema is modelled in terms of
a gain factor and a set of high-order LP coefficients. To account for the low frequency extrema representing the amplitudes of the underlying high energy sine wave components
of speech spectrum, a new algorithm is used to convert the
LP coefficients to the corresponding LSFs. In this way, the
LSFs can be estimated with any desired uniform accuracy
along the bandwidth of speech spectrum.
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