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ABSTRACT coefficients  contain  higher correlation between

neighbouring pitch cycles. The resultant residdaimed
The quality of low bit-rate speech coders is redlic by localised inverse filtering, also shows higher
transitions where speech spectral characteristiasy v correlations [1].
significantly, as usual speech parameter interjpmat PS analysis of speech signals produces a variable
assumptions fail to correctly model such variatiomsis number of LPC parameters per 20ms frame as the rumb
paper presents a joint quantisation-interpolatitgogathm of cycles depend on the pitch of the speech signal.
for coding of LPC parameters in pitch synchronopsech Individual quantisation of the PS parameters wdelall to
coders to model the rapidly evolving parameterstHis a variable rate coder, which is undesirable in nestes.
technique a number of sets of pitch synchronous LPC Therefore it is necessary to include a pitch syoctmus to
parameters, corresponding to a frame of speechjpary time synchronous conversion to allow for fixed rate
coded by coding two reference sets of LSF's and an quantisation of the LPC parameters. The codingesud
interpolation trajectory. Coding an interpolationnttion must allow for fixed rate coding of the LPC paramet,
allows the parameters to vary within the set. Thepwsed whilst at the same time representing parameteratians
joint quantisation-interpolation coding of the gitc within the 20ms frame. Guerchi and Mermelstein [1]
synchronous LSF is evaluated by comparison withetim proposed a joint quantisation-interpolation methodode
synchronous extraction and linear interpolationislalso PS-LPC parameters, assuming linear variations eLiBF
compared with linear interpolation between setspit€h parameters within a speech frame. This method cadst
synchronous LSF's. Comparison results show tha& th of LSF parameters per frame to minimise the togdral
joint quantisation-interpolation method reduces the distortion between the PS extracted LSF parametedsa
average spectral distortion when compared to fixed sequence of decoded vectors assuming linear
interpolation. The proposed quantiser was includedo interpolation. This method does not allow for nomelar
the PS-SBLPC coder and informal listening testsiedr evolution of parameters within the frame of speaghich
out. The synthesised speech was found to be ofebett causes quality degradation. The goal of the wokspnted
quality when joint quantisation-interpolation isads in this paper is to design a fixed rate quantisatscheme

to code PS-LPC parameters for use in pitch synobusn

coders, specifically PS-SBLPC [3]. The Joint

1. INTRODUCTION Quantisation-Interpolation (JQI) algorithm mustoa¥i for

Recently there has been an increased interest ichPi Non-linear parameter evolution within a 20ms frarde.
Synchronous (PS) coding of speech. Recent studies h total of 36 bits are available for the quannsatmhthe
addressed the design of PS-CELP [1], PS-Multi-B&2id LPC parameters in the PS-SBLPC coder operating at
and PS Sinusoidal Coding [3]. These methods have 4kbss.

become popular as classic Time-Synchronous (TS) 2. JOINT LSF QUANTISATION

methods fail to sufficiently exploit many of the gperties

of the speech signal. PS based coders analyse eclspe
signal as individual pitch cycles rather than as
conventional frames of fixed length. Initially thpitch
cycles mush be located and then the short cyclespeéch
are analysed. PS-LPC analysis is carried out tghesng
three cycles of speech, centred on the current dayele,

at a time. As the LPC analysis is carried out afirer
interval than standard TS-LPC analysis, the exadct

It is proposed that a JQI technique be used to dacsets
of successive LPC parameters extracted from within
pitch synchronous speech coder. Guerchi and Metsials
proposed a method in [4] to quantise PS-LPC paramset
assuming linear interpolation of the parametershinita
frame. Figure la shows the operation of this method
Parameters.,, x; andx,, are selected so as to minimise the
overall distortion between the PS computed pararsete
and the decoded parameters assuming linear inttipol
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within a speech frame. Parametexs are from the
previous frame and are fixed. Evaluation of thisthosl
within the PS-SBLPC coder showed that this meth@sw
not sufficient to represent the evolution of LSHameters

over speech transitions. It was found that the LSF

parameters did not normally vary linearly withinframe,
and that the resultant synthesised speech lackaghsbss
at such places. In order to account for this, ipr®posed
to allow for non-linear evolution of LSF parametevighin
the frame. Figure 1b shows the proposed methodysitp
a stepped interpolationin order to allow for greater
variation within the frame, the PS-LSF's are repmrted
as a weighted combination of three sets of LSFgo t
from the current frame and one from the previowsnie.
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Figure 1: lllustration of the combined interpolatie
guantisation proces® extracted parameters{
quantised parameters,;x«,%, target vector.

In the JQI quantiser, the LPC parameters are coded

in the LSF domain, as direct LPC interpolation istn
practical. The JQI quantises K sets of™@rder LSF
parameters, by jointly quantising 2 sets of LSFaraeters
and an evolution function. The evolution functios &
combination ofy times the last LSF from the previous
frame, a times the first quantised LSF arfél times the
second quantised LSF from the current framg andy
are functions of K, the pitch cycles within a framin
order to restrict the range of the quantised PSIFsShe
values of the evolution function are constrainedlsthat
o HBx+y=1. Hencey,=1-0,-Bx. In order to reduce the
number of bits required, the two interpolation ftinos o

and 3 are jointly quantised by concatenating to form one
single vector. The synthesised LSFgtake the form of:

Y = A-ay - B)XY +a X + B

where X, and X, are the two dequantised sets of LSF’s

of the current frame, andX, is the final set of

dequantised LSF's from the previous frame. The
quantisation error E is given by:
| s (i —yi P
E=>> (/]k Y )
k=0\ j=0
A, are the sets of K extracted LSF’s.
By taking:
6_E =0 and 6_E =0
day 0B
and solving fora, and, we obtain the optimum values to
minimise E givenX, and X, . We have:
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Where:
al :Xé_x_il b :X1J_Xil Ci,k:/\li_xil

Hence we have the optimum interpolation functioiveg
X, % and X,. The quantisation error is also a function
of X, andX,. Therefore the correct selection of and
X, , the two sets of parameters to be quantised, tffée
quantisation error. Initiallyx; , X, can be set to the first

and last target vectorsi)and Al_;) or a set of LSF’s
extracted over each of the two half of the speedmie. In
order to minimise E further, the optimum values of
X, X, can be calculated using the calculated values,of

andpy.
By taking:
K-l | .
El= Z(/]i _ij)z
k=0
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K-

El =Y (i -(a-ay - BOx, +a & + g1 )f

k=0
And minimising with respect to each set of LSF Igtteng:
j i
ai. =0 ai =
ox{ ax)

and solving forx! , xJ giving:

VI PRy i gr—tyl I A= xit2?
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X
2 sr—t?
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WU XA xLr + x4t = xjt
J =
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Where:
K—l’\ K-1 - \2 . K—l’\ .
A=Yd  r=Y@) u=YaA
k=0 k=0 =
K-1 . K1/ . \o K4,
=5 s=Y(BS V=34
k=0 k=0 k=0
K .
t=>a B
k=0

By employing an iterative calculation of, 8, X, andX,

the optimum pairing of interpolation evolution ahdbF
parameters is found. Figure 2 1shows the operaticthe
JQI quantiser. It clearly shows that the LSF vatiges not
vary linearly within the frame. Therefore simplendiar
interpolation would not suffice.

3. QUANTISER DESIGN

The JQI scheme proposed requires the quantisafibmm
sets of LSF parameters and two evolution vectorfs, o
length K. The two sets of LSF parameters are qsaati
using a moving average multi-stage joint vector rjiser.
The evolution vector& and B are jointly quantised as a
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Figure 2, showing the evolution of th& 6SF within a
frame (top), and the resultant quantised evoluti@ttors
o andp (bottom)A® is the extracted BLSF, ¥ the
dequantised BLSF.

Evolution codebooks containing, sixteen, thirty-two
and sixty-four entries were trained. Joint LSF \mct
quantisers of 30 or 36 bits were used to quantise t
LSF’'s. The resultant log spectral distortion begnethe
PS extracted sets and the dequantised sets of LR&Ss
calculated for each codebook size. As a referetiwe JQI
performance was compared with the existing methéd o
time synchronous LPC extraction and linear interfiola
In this case the LSF's were quantised with a 36153
joint vector quantiser. The 4,5 and 6 bit evolutio
codebooks were used in conjunction with a 30-bitFLS
joint vector quantiser to generate an overall systgith

single vector of length 2K. The evolution vector is 34,35 or 36 bits. Table 1 shows the results obtdine

guantised using separate vector codebook for e&i¢heo
possible values of K. No evolution information miseto

be transmitter when only two pitch cycles are presa

the frame, so only nine (3-11 cycles) codebooks are

required.

Training vectors to generate the evolution codetsook

Code book Size (bits) Spectral
LSFJVQ | Evolution Total | Distortion (dB)
2 36 0 36 1.46
30 4 34 1.24
30 5 35 1.22
30 6 36 1.21

were produced as follows. Twenty-five minutes oésph
from the NTT training database were processed fiinou

the PS-SBLPC encoder and PS-LPC parameters extractedTable 1: Spectral distortion performance of intefgtion

For each frame the first and last set of LPC partarse
were quantised with the joint LSF quantiser. The

compared to evolution quantisation.

dequantised vectors were then used to calculate theAlthough the average spectral distortion of the [8t-

optimum evolution vectowf. These optimum evolution
vectors are then written to the appropriate tragnin
database that contains the corresponding vecterafi2K.
The nine evolution codebooks were then trained gisive
LBG algorithm with the separate training databases.

quantiser is lower than that of the 36-bit time shronous
method, listening tests and examination of the itast
LPC filter spectrums showed that with only a fourfive
bit evolution codebook, there were a significanther of
outliers causing distortion. Therefore the finalagtiser
design includes a 6-bit evolution quantiser and Gab&
joint vector quantiser. Figure 3 shows four LPCidil

Il-167



spectra taken from a frame of speech. The top waveis

different speakers, four male, four female. TablstH®ws

the PS extracted LPC spectra, the middle shows thethe results obtained for the various combinationd &it

dequantised PS-JQI LPC spectra and the final shines
Time Synchronous Linear interpolated LPC spectrae On
of the problems of fixed interpolation can be seerycle
two. An extra peak is still present in this cyclehere as

in the original, and in the PS-JQI this peak has
disappeared.

Time in samples
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Figure 3: Sets of LPC filter spectrums (log domain).
Original, PS JQI and TS Interpolation.

4. EVALUATION AND RESULTS

rates.

Dequantised PS-LSF's from the JQI quantiser were
inserted into the PS-SBLPC model. The synthesised
speech was compared with that generated using LSF's
synthesised by linear interpolation and quantisédha
same total bit rate. Informal listening tests shdweat the
speech quality was improved by using the PS evoiuti
quantiser. The improvements were most evident aesp
transitions where the speech changes rapidly.

Interpolation Average SD (dB)
36 bits 42 bits
JQI Evolution 1.21 1.05
PS Linear 1.46 1.41
TS Interpolation 1.68 1.62

Table 2: Comparison of the various quantisation
techniques.

5.CONCLUSION

We have presented a new method for the quantisatfon
PS-LPC parameters. We have compared the performance
of the new quantiser with existing techniques a game
total bit rate and have shown that a significant
performance gain can be achieved by the introductiba

new LSF evolution function. The technique has been
applied to the PS-SBLPC coder and informal listening
tests carried out. The results show that speechitgua

The JQI of the PS-LPC parameters was evaluated byimproved in areas where the characteristics ofgheech

comparison with standard techniques used to quaithfxC
parameters in PS coders. Many coders, includirgahe
presented in [5] use PS synthesis of speech, andrgé&e
the PS-LPC parameters by interpolating between T8e
LPC sets extracted at the encoder. The coder irufgs
energy based interpolation to best generate thede®rs.
Other coders employ linear interpolation. It wasifiol that
the results for energy based interpolation and dme
interpolation were identical in terms of spectrétdrtion.
36- and 42-bit joint vector quantisers were used to
guantise the TS-LSF parameters in these quantisers.

The JQI algorithm was also compared with linear
interpolated vectors generated by interpolatingwieen
two optimised sets of parameters as proposed in3é}
and 42-bit joint vector quantisers were used torgise the

vary significantly, such as onsets, offsets andditons.
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