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Stella, Proc. Int.

Wavef orms Concat enati on" . Char
Conf. ASSP, | EEEPARSO éwefeesbi) dsgmg  an Oyerd aP-8dd | Fishot Rifec R

wavef or m each gpye s enWa¥8godms Concatenation, F.J. Charpentier and M G
Stella, Proc. Int. Conf. ASSP, IEEE, Tokyo, 1986, pp. 2015~
2018. Sections of speech waveform each representing a
diphone are stored, along with pitchmarks which (for voiced

20 speech) coincide in time with the greatest peak of each
pitch period of the waveform and thus correspond roughly to
the instant of glottal closure of the speaker; or are
arbitrary for unvoiced speech.

A waveform portion to be wused is divided into

25 overlapping segments using a Hamming window having a length
equal to three times the pitch period. A global spectral
envelope is obtained for the waveform, and a short term
spectral envelope obtained wusing a Discrete Fourier
transform; a "source component" is obtained which is the

30 short term spectrum divided by the spectral envelope. The
source component then has its pitch modified by a linear
interpolation process and it is then recombined with the
envelope information. After preprocessing in this way the
segments are concatenated by an overlap-add process to give

35 a desired fundamental pitch.
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The basic principle of the overlap-add process is
shown in Figure 1 where a speech signal S is shown with
20 pitch marks P centred on the excitation peaks; it is
separated into overlapping segments by multiplication by
windowing waveforms W (only two of which are shown). The
synthesised waveform is generated by adding the segments
together with time shifting to raise or lower the pitch
25 with a segment being respectively occasionally omitted or
repeated.
According to the present invention there is provided
a speech synthesis apparatus including means controllable
to vary the pitch of speech signals synthesised thereby,
30 having:
(i) means for separating the speech signals into a
spectral component and an excitation component;
(ii) means for multiplying the excitation component by a
series of overlapping window functions synchronous, in the
35 case of voiced speech, with pitch timing mark information
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pitch excitation component, by interpolating new signal samples
20 from input signal samples; and
(iii) means for recombining the spectral and excitation
components wherein the multiplying means employs at least
two windows per pitch period, each having a duration of
less than one pitch period. Preferably the
25 compression/expansion means is operable in response to
timing mark information corresponding at least
approximately to instants of vocal excitation to vary the
degree of compression/expansion synchronously therewith
such that the excitation signal is compressed/expanded less
30 in the wvicinity of the timing marks than it is in the
centre of the pitch period between two consecutive such
marks.
Some embodiments of the invention will now be
described, by way of example, with reference to the

35 accompanying drawings.
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response resembling the frequency spactrum of the speech
waveform portion. This drives an analysis filter 103 which

15 is the inverse of the synthesis filter and produces at its
output a residual signal R.

The LPC analysis and inverse filtering operation is
synchronous with the pitchmarks P, as will be described
below.

20 The next step in the process is that of modifying the
pitch of the residual signal. This is (for voiced speech
segments) performed by a multiple-window method in which
the residual is separated into segments in a processing
unit 104 by multiplying by a series of overlapping window

25 functions, at least two per pitch period; five are shown in
Figure 3, which shows one trapezoidal window centred on the
pitch period and four intermediate triangular windows. The
pitch period windows are somewhat wider than the

intermediate ones to avoid duplication of the main

30 excitation when lowering the pitch.

When raising the pitch, the windowed segments are
added together, but with a reduced temporal spacing, as
shown in the lower part of Figure 3; if the pitch is
lowered, the temporal spacing is increased. In either

35 case, the relative window widths are chosen to give overlap
of the sloping flanks (i.e. 50% overlap on the intermediate
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the As an alternative to overlap-add on the residual,
another algorithm has _been developed which aims to retain

the shape of the residual, and further reduce phase

20 distortion which may result from shifting and overlap-
adding. The basic principle is to aiter the pitch period

by resampling the open phase, (that is to say, a portion of

the waveform between pitchmarks, leaving the significant
information in the vicinity of the pitchmark unchanged)

25 retaining the high frequencies injected at closure and
giving a more realistic overall shape to the excitation

period. Typically 80% of the period may be resampled.

Resampling is achieved by mapping each sample instant

at the original sampling rate to a new position on the time

30 axis. The signal amplitude at each_sampling instant for
the resampled signal 1is then estimated by 1linear
interpolation between the two nearest mapped samples.
Linear interpolation is not ideal for resampling, but is
simple to implement and should at least give an indication

35 of how useful the technique could be. When downsampling to
reduce the pitch period, the signal must be low-pass
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T(0) = 0

15 T(M-1) = N-1
where
M = number of samples of original signal
N = number of samples of new signal
¢ = (0,1] controls the degree of smoothing
20 T(n) = position of the n’'th sample of the resampled
signal.

A major difference between this and single window
overlap-add is that the change in pitch period is achieved
without overlap-add of time-shifted segments, provided that

25 the synthesis pitchmarks are mapped to consecutive analysis
pitchmarks. If the pitchmarks are not consecutive,
overlap-add is still required to give a smooth signal after
resampling. This occurs when periods are duplicated or
omitted to give the required duration.

30 An alternative implementation irvolves resampling of
the whole signal rather than a selected part of each pitch
period. This presents no problems for pitch raising
provided that appropriate filtering is applied to prevent
aliasing, since the harmonic structure still occupies the
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each pitchmark in the speech signal. As part of the speech
modification process,. a mapping is performed Dbetween
original and modified pitchmarks. The appropriate LPC
20 parameters can then be selected for each modified pitchmark
to resynthesise speech from the residual.

In LPC techniques, discontinuities can occur in the
synthesised speech due to abrupt changes in the parameters
at frame boundaries. This can result in clicks, pops, and

25 a general rough quality, all of which are perceptually
disturbing. To minimize these effects, LPC parameters are
interpolated at the speech sampling rate in both arialysis
and synthesis phases.

The LPC analysis méy be perfcrmed using any of the

30 conventional methods, when using covariance or stabilised
covariance method, each set of LI;C parameters would be
obtained for a section of the speech portion (analysis
frame) of length equal to the pitch period (centred on the
midpoint of the pitch period rather than on the pitch

35 mark), or alternatively longer, overlapping sections might
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than a pltch dependent value.

With short frame lengths, the stabilised covariance
method would be preferable in terms of accuracy. With the
longer frames used here, no perceptual difference 1is

20 observed between the three methods, so the autocorrelation
method is preferred as it is computationally efficient and
guaranteed to give a stable synthesis filter.

Having determined the LPC parameters, the next step is
to inverse filter the speech on a pitch-synchronous basis.

25 As mentioned above, the parameters are interpolated to
minimise transients due to large changes in parameter
values at frame boundaries. At the centre of each pitch
period, the filter corresponds exactly to that obtained
from the analysis. At each sampling instant between

30 successive period centres, the filter is a weighted
‘combination of the two filters obtained from the analysis.
Preferably the interpolation is applied directly to the
filter coefficients. This has been shown to produce less
spectral distortion than other parameters (LAR's, LSP's

35 etc), but is not guaranteed to'give a stable interpolated
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t echni que, coul d be. “"Wien downsanpling t uce the pitch period, the
si gnal be | ow pa8s filter coefficients for the re-synthesgs filter
105 are calculated in the same way as for inverse
filtering. Modifications to pitch and durations mean that
the sequence of filters and the period values will be
different from those used in the analysis, but the
20 interpolation still ensures a smooth variation in filter

coefficients from sample-to-sample.

For the first pitchmark in a voiced segment, filtering
starts at the pitchmark and no interpolation is applied
until the period centre is reached. For the last pitchmark

25 in a voiced segment, the period is assumed to be the
maximum allowed value for the purposes of positioning the
analysis frame, and filtering stops at the pitchmark.
These filtering conditions apply tc both analysis and re-

synthesis. When re-synthesising from the first pitchmark,

30 the filter memory is initialised from preceding signal
samples. )

As a yet further alternative implementation of the

pitch adjustment 104, a single-window overlap-add process

may be used, with however a window width of less than two

35 pitch period duration (preferably less than 1.7 e.g. in the

range 1.25 - 1.6). With less than 100% overlap (i.e. 50%
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process accordi ng to the follow ng equation: |err
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15 only occurs when fairly extreme pitch lowering is requested

by the TTS systemn. Pitch lowering 1is generally more

difficult than pitch raising anyway, because of the need to

generate missing data rather than cut out existing data.

When raising pitch, the modified window produces better

20 results due to the lower overlap period, and hence a
shorter interval over which the signal is distorted.

This form of window is beneficial because a smaller
temporal portion of the signal is constructed by the
overlap-add process than with & longer window, and the

25 asymmetric form places the overlap-add distortion towards
the end of the pitch period where the speech energy is
lower than immediately after the glottal excitation.

Use of the resampling and multi-window pitch control
is envisaged (as shown in Figure 2) as operating on the

30 residual signal (to avoid distortion of the formants),
however, the short asymmetric window method may also be
employed without separation of the spectrum end excitation,

but directly on the speech signal.
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' ' esents

rat her th? a sel ected rt of ch pitch . riod .Thi.s _.pr
orobl ens Por SPEERSEOMRRF St TFTRYT (ORPFRALMAERL8pFPat B ANE, Gy Yooal
applied to preesnﬁtathw|ahnrquarauaaﬂﬁuiﬂtﬁrnﬁndbwﬂdLsmemehsseﬁments,

occupies the (;ij) means to apply a controllable time-shift to the
segments and add them together; and -

(iv) means for recombining the spectral and excitation

15 components;
wherein the multiplying means employs at least two

windows per pitch period, each having a duration of less

than one pitch period.

2. A speech synthesis apparatus according to Claim 1 in
20 which the windows consist of first windows, one per pitch
period, embracing the timing mark positions and a plurality

of intermediate windows.

3. A speech synthesis apparatus according to Claim 2 in
which the intermediate windows each have a width less than

25 that of the first windows.

4. A speech synthesis apparatus including means
controllable to vary the pitch of speech signals

synthesised thereby, having:
(i) means for separating the speech signals into a

30 spectral component and an excitation component;
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(111) means I0r recombining the spectral and excitation

whol e fregiencyonpdgents. \Wen | owering pitch, however, I nt er pol ati on
| eaves a gap at the high end of the spectrum In a practical system
ai red at tel ephony applications, this effect could be mnimsed by

storing and proZessi AgsphechSSYspéeshsatapaama@;h:sr agmeddidich tchadi adileHzA ,( GkeHz
for exanple). whlcifhet EOSE BkQQsEBE%Q @ %i oo ulfd stfzen :.l%e R dabit 1

t he t el ephony band héence not evant Both vari ations
of the resanpl i FRF PRRFRI Eﬁet§{‘]+¥1§rmark lﬂﬁ@l‘ﬁ"ﬁﬁéoﬁi GRrEGFRPNLngh At least
rﬁqw rements a&s;spr@ifdauw t0 imnstanpel ah:c Ord L aREL BALioRakbI wlﬁq'r lohd f
t he resa |sntarat|oo two inteqgers ni
w0 Aearee R SSRPIESRLAN SARARTAGY UPCTASSHS o Bae e th
t echnol ogy. such thatettlreniexgitta tilom IsE@rmiaIl)ss compae ssedd/jecxpachdsido\Les s15

this is synctlrtpngﬂg w{%&%g ofPidEd LTRL $ dk? cna®P’ e lﬁ ?cthe

particularly, one se neters isre eac har k
in the speech $iefitate ofis tﬁ’@rtpb?-c‘tl h@esrp@@chbetweenn&m c%@liliﬁlc‘pﬁb‘c%s§ucél

mappi ng i s perfd|d between original and nodified pitchmarks. The
appropriate LPC 20 parareters can then be selected for each nodified
pi t chmar k to resynt hesi se speech fromthe residual. In LPC

techni quess di gcont iNEpesch CEynOlEsiis | ApbA®atus aDWHdEEIIES o SPEEchbndueft o
abrupt changes in .the p at frame boundaries. This can result

graneters .
in clicks, popSl3iM¥ Fs *% JHSHRFL$ RGh quality, all of which are
per cept uaI ly (a) diast stbireg.coftainingi Zednwesefef datas,eddIC defametngr sa

are portion of speech signal waveform, and each including
timing mark information corresponding at least
20 approximately to the peak of the vocal excitation; and
{b) driver means responsive to signals input thereto to
provide addresses to read out items of data from the store
and to provide pitch signals representing context-dependent
pitch changes to be made to speech.

25 7. A speech synthesis apparatus according to any one of
claims 1 to 6 in which the means for separating the
spectral and excitation components comprises:

(a) analysis means for receiving synthesised speech and
generating parameters of a filter having a frequency

30 response similar to the spectral content of the speech and
of a filter having the inverse response; and
(b) a filter connected to receive the parameters to filter

the speech to produce a residual signal;
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ilnverse response.

interpolated at the speech sanpling rate in both analysis and
synt hesi s phasegs Th |y -he._ ; i an f
t he 30 cgnveﬁtl onél ﬁ@teﬁcg gx}hgge%g?n 2 \E}grg%ggce]?géig?gggl iulgée%gs Yof

covariance net AOBEreddh ngetthef pgpghpafam ewa%mby dnwpetiplyiggtthaiaidnrl a
section of theb§p9aeCEe99E-E' QSE(B%H%bﬁzng witdohd @b |LdFaeslual tihide

pitch period (centred on dpoi nt” of the pitch period rather than

on the pitch 3%5eIRBREF, aagl ’a'PF@F‘Haf‘FOSI Ghe ot gere nER ot f opbi PRt R L HR B ht

be used which hQSathemadyamtfagetafe pehabt«tsl b@itnde sy hforyus w1t1’ﬁﬂﬁ.|n)&$tl§
frame of{'xedlﬁgth accordln |vey
e

4 XS%a o3 5 sent:. ‘gﬁ\é ng vo JaAI ;{er. &; W ere:.n
aut ocorrelati ol hFFPE 3 ﬁaﬂfa 3 anB*F3 B éf’grre
shown in Fi gureadh window h#tho@gﬂratth@tf rafred essn thagurewiicar Ehshmmtc/hth

a triangybaf; ¥a N fedin CLARL by m'él}?:_sChé)xix&eiQf MW ric about the

timing mark. . -
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function actual depends on_the si s.nethod .used ex I a
Hanni ng wi ndow tBbécgseaf ’?‘fr&?%%b sedniReech s"§n<’flll gn&8 vmv?ﬁfgﬁeeby
centre of the pstewla:pammwtheatsbeechhangﬂxélsthatpladmkral ca‘dtmo:pampoa;xl
of this issto Laduag; {6 on cohgghPﬁece 0'%1 hd! bk oXE tﬁﬁjﬁei‘%ﬂ[‘e&h gL
anal ysi s WIthOUt resor Ing t osed- phase anal ysi's w t ort

As a resul Eerégshofacyealarriag Wi nderve famedd ans Synqiqneps, in the

centre rather tBaset b Ridid¥®Idpeect, h&wiﬁ@nsltengthmhagl5aﬂm &eﬁfoﬁ&&mrs
was found to give nore cqnsistent. results i'tch-depe

val ue. LS T BRPOREIRG: Enl da8t AR T ORATEL OLY | FBoh R 5oarFapts vocal
][ret hod woul d beeptttatiabhe ito tﬁﬁ@rﬂf? ?ceurlamo Wﬁdowm speechors@grmentsh
ranes us I { | ere e e t he
Lhote’ et vl Whfen A%ePRLAER Waerllds UGHE akfofrn8PappITeaREbHCRE 4
conput at i onal I ycehtrolkablandtime-sgufitant eéthe 0 sg:eﬂe:raalst #idke exgtiftetiion
filter. compBNLRPs ILET TR LR ﬂupr% ar aigal ﬁhit;?ﬁ%c@%&kf%ﬁ%ﬂoﬁzs

to inverse filter e speec on a pitc -sync Ir onous basi i 6ned
above, the pardfet@adst at¥o nYirdevat RpLt ®itch RPFiRfAse fRehsiaingue

to large Chang%uracp@ﬁaé@tleéss thaﬁ/QJdée idteH oaounﬂaltbe%an%wheach
t he f ter c rres onds exact |

centre of ch er. at
obtal ned 10 P chan B gufetionao? dde AR HELCs nEbanl Lok, REEN 40
successive perhaegvearntieting trexrkd | ahér isi saspmme\Er:gd:at athout tlonbimanigon
of the two filt obt ai ned fromthe anal ysis. Preferably the
interpolation is applied directly to the
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v T r '
filter coefficients. This has been shown to produce | ess spectr al
.distortion than othéer paraneters (LARs, LSP's 35 _etc), but is not
guaranteed to give a stable interpol ated
-9- filter. No igyst abi | itygrrobl ens Fhave been encountered
practice. In general, at sanpleg n the.filter coefficients are
. given by 5 alerr (1) = err](|) A (lw[err])aLe r](|) i =_0,. P
where p is the order. o‘f t he |PC|airal yS|s --laferr] is t hg -val ue of {——\6331
wei ghting function at loplk o .
paranmeter sets referenced to the nearest left and right peri od
centres. To ensure a Pmoth ePBlution oP3filter 10 PBéefficients, the
wei ghting function is a raised half- cosi ne between successive period
centres, 9iV9?=P¥hdunmk a(i) = 0. 5 + 0. 5cos ([err]i/N, i =

0,...N1 F = frame

-
—--‘
-

......... J JATT T,

intermediate marks

& decrease pitch period
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where N ig the distance t veegy perj od centres|, and i=0 corresponds to
the centrd of each period _I5,u The filter] coefficients for the
re-syntheﬁis filtel )5‘a.rec | culated ijn the same way,as for inverse
filtering.] Moudifications to}pifich and durations rrean t hat Qﬂ t he
sequence df filters and the}period ialues w | diffegent from
those useq in the anal ysis, but; the 20 |nterp|ol atl still\Bnsures a
smoot h varliation in filter 4coeff|0| ents fromsa%ﬁle tm mpl e.
For the fifrst pitchmark in a vaqiced segnent, f Iterl arts at the
pitchmark fand no i‘nterp t {-eA—+s—appl i ed ot the peri od centre is
reached. For the liast pidch i segrrent the period is
assuned td be the': mayi @ g t e purposes of
posi tionifg the i anal y = ng [stops at the pitchmark.
These filtlering condltl ons t S qnd re- synt hesi s.
VWhen re-synt hesisilng fromt ma k, 30 jthe filter menmory is
initialisgd from:preceding . As a yet further
alternative inplenentation of tie justment 104, a
si ngl e-w dow overll ap-add proc sed, with however a w ndow
w dth of liess than two 3£ ipn (preferably less than 1. 7
e.g. in the range 1. - han 100% overlap (i.e. 50%
N\
1}-——————'?
4&
N
9 {
\
v i
Jo- &
G =
- <
g —_
S > =)
)
—'1 $ fo" /
W
N
O ” 3 cole—z
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v I
heet Has Been Replaced

T



Speech nth

- 10 - -, each side) the wi ndow function necessarlly has a flat top,
noreover it is preferably asymetrically located relative to the

pi tcE mar ks (prleé errabiqh erdﬁ aeimghaSésaﬁl espeqet | dgnals BEt vieepiedo by

pi t chmar ks) . é’tfﬁ éé‘ﬁ‘%“ :L'sS ) WE¢ £81 Rt Shén Varid1 a
flat top havi ng a en t equa 19@& iz ntﬁzés?s itch &télo ¢
flanks of %ai s®® A¥Fifesdione componeﬂt | n&’aﬁ ﬁ & mirelpl ¢ h%ﬁ’hea

wi ndow | i mi te%éﬂé&”é‘f'@@e£§v\%99ﬁ@ wOeYEw functxdﬂhﬁrﬂm&ﬁomsﬂnwrﬁlthe
problemwhenlomermgp &\M %%S 3&?_‘ SIS |tc k;
sufficiently $2f®ap °l°FﬂeSPee° &b PHICC ﬁ'&f“l éﬁma d‘
t hi stI Ej uat i Or’cd\ti'éspondlﬁqcalt deaser a\pptbxlhatehyr ter msrtcmust leefn wuctati.
st andar i tch-S) nchr overl a T, t [
a slight buzzyé) "ﬁ%// ?b t ypnat:r%tlt | %‘%peec anﬁg{aﬁﬁ ?%etcg’nlsrybt occurs
when fairlQ exthicsste @recadﬁsﬂertmgthsrr egeént after they appd iTpsiopsafma
Pitch | owering,Js GEELAtLY EPRE-shite.di 11 ikl LahoREriL t Cind alediE ABIRY,
because of the nee
components are then recombined. The multiplication employs
at” least~ two windows per pitch period, each having a
duration of less than one pitch period. Alternatively each
15 window has a duration of less than twice the pitch period
between timing marks and is asymmetric about the timing

mark.

Fig.1l



1

generate m ssing data rat her‘ﬁhan cut *)ut exi s+i ng dat a. When rai sing
pitch, the nodifi e&pr ndow pr ces betyer 20 “fPesults due to the |ower
overlap period, and hence shorter interval over which the signal
is distorted. L Thi s form of wi ndow is beneficial because a smaller
tenporal portion of the signal is constructed by the over | ap- add
process than with a | onger wi ndow, and the 25 asymetric form places the
over| ap-add distortion towgds ghe end of pghe pitch period where the
speech energy is | ower. th}l’l i medi ately after the glottal excitation.

Use of the resanpli ng a d” mul’t-ifs wi ndow- pr ch control is envi saged (as

shown in Figure 2) .as’oper at.i-ng on. the 3 resr dual -sjgnal  ( d
di stortion ; \[/tﬁ(lrr%ovﬁvz>
nmet hod may al so be enpl oyed wi thout separation of the spectrum end
excitation, but dipPectly ®2 the spe@3h signal. P4
P = pitchmark i
F = frame ]
. pitchmarks _ _

intermediate marks

¢ decrease pitch period
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CLAI V5 . 1. A speech synthesPd / pﬁhratus
controllable to vary the pitch of ﬁ?sﬁgua.o
having: 5 (|) means fR sepa’atln e speech

spectral conponent and an &Xcit at

on conponent;

11 - -11-

i ncl udi ng nmeans
synt hesi sed t her eby,
signals into a
(i1) means for

mul tiplying tihe excitation Qéﬁponenf by a series of overl appi ng w ndow
functions syrnchronous, in th u ca e of voicefd speech, with pitch timng
mar k i nf or matli on 10 hg- | east apprpxinmately to instants of
vocal exqcitation, to sepgr t into wi ndojwed speech segngnts;
(ii1) means tjo apply a controljl H+e t me-shift tp the nts and add
t hem t oget herj; and (1v) reconbi ni hg the spectr and
excitation 1% conponents; wherein the pul tispl,yi ng nggns enpl oys
at | east two mﬁndoms per pit peri od, each havinqgé dunat+ on of | ess
t han one pit¢h period. | =~ \Jr
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M
2. A speech synthesis apparatus accorgi ng to Aaimlin 20 which the

w ndows consi st of first wi ndows, one per pitch peri od,

enbraci ng the

1':A\i m ng Lrar k1p(ﬁsi Ai onspedth a plyun;ab'gu ap%iri:iﬂﬁgr nethhcatxﬁady\jx@ﬁOWﬁeans 3.
speech synt hesi aratus according to C.aim n ich the
i nt er medi at%OWﬁ‘aghggg%chttﬂavé'?Yw drhe| e?étf’han °2t]5 FRSF\QBT tHeI R3St

W ndows. synthesised thereby, having:

A speech

oy hesT o abhr ot TRS B c O nGSPETARY Mneth? ~ SPeedh i $59RaTE UG o

(a) a storespatzahi conpdremst gindlatm eadiht addfamioogmm@onent;

(ii) means for multiplying the excitation component by a

- series of overlapping window functions synchronous, in the

case of voiced speech, with pitch timing mark information

10 corresponding at least approximately to instants of vocal
excitation, to separate it into windowed speech segments;

(iii) means to apply a controllable time-shift to the

segments and add them together; and

(iv) means for recombining the spectral and excitation

15 components;

wherein the multiplying means employs at least two
windows per pitch period, each having a duration of less

than one pitch period.

2. A speech synthesis apparatus according to Claim 1 in
20 which the windows consist of first windows, one per pitch

period, embracing the timing mark positions and a plurality

of intermediate windows.

3. A speech synthesis apparatus according to Claim 2 in

which the intermediate windows each have a width less than

25 that of the first windows.
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portion of EBEE&H“Sl%ﬂaISRﬁaﬁF@f of g4 d Eﬁ‘éﬁf?ﬁ’& udfiify each 1rr}1CJ'udlnﬁL.51rk
|nfornatlontlmgagresnﬂﬂﬂing infdrmatast 2@orapppoxidimigel y dto thkepeak of
t he vocal excitati on;

I t
t heret 80t o 3PPTOXLBEAL Siya38r§§§egéﬁg a&hgﬁagg?%eggggiééggkgr%#??ﬁesslng
and to provig¢g pdtﬁbe&lg@dnsrxﬁypnnsmvmgtooatgnaldepmmﬁantheret®lteh
h tob t h. 25_ . 5. hesj
acoordi ng tBEaRySanedgEReeeT o Fraa;opy fSRECKE PR oERL ERRRGEbLE
separating a&hé& to prdnxﬂﬁIpﬂtcmnd1gnadsarepnesenpungn¢entenbrﬁsngndent (a)
anal ysi s neanEgL recelv éyn%ggshgegggggﬁph and ~generating

paraneters Bt fFP?gﬁeﬁa requenc response simlar to the
spectral content of the speech and of a filter having the inverse

responsg: agd  a fBkeRn’ LlheheSounsiiad s st R MPLERS bE

filter the spee to p uce ar and t he neans
for reconbialaymshein donpdi sies; which (E)learfnﬂﬂ%rsf@#l seeprasangct Bt o

recei ve the;Dagenel easa oxci 2801bR LbhbBhehls t8RpHNaLssi gnal in accordance

with the I NVerse response A speech synthesis arat us
including 6t®ehnsanabysis meamsr A94 nﬁe?%VbFGCHYBFhﬁséﬁﬁﬁaISHﬁP%l ?f)l yi ng

the signal generating parameters of a filter having a frequency
30 response similar to the spectral content of the speech and
of a filter having the inverse response; and
(b) a filter connected to receive the parameters to filter
the speech to produce a residual signal;
and the means for recombining them comprises;
(c) an inverse filter connected to receive the parameters
and to filter the residual signal in accordance with the

inverse response.

5 6. A speech synthesis apparatus including means for
controlling the pitch of a signal by multiplying the signal
by a series of overlapping windows to separate it into
segments and recombining the segments after subjecting them
to a time shift, the windows being synchronous with timing

10 marks representing instants of vocal excitation, wherein
each window has a duration of less than twice the pitch
pefiod between timing marks and is asymmetric about the

timing mark.



segments and add them together; and

by a seies @k )0%REBPPERY Vi &EWHSL A Dn§epatat 8pettir8l0O and erﬁts.@md

reconbi ning the segnents after bj ect t hem
wi ndows bei RGTOPRERTSHSTRE AL t'Esk'f‘?n 'Wéllibglﬁ*h?ﬁsm?%fﬁesgﬁgoﬁ’g inst anafsg of
vocal excit &tdoonyi nmtwesei per picath penidod hasch havdinigna ofiukress omhamt t wi ce

t?ﬁigltﬁgrklesge Lad ggg“@f@ch'ﬂ%?ﬁo&ark§ré¥@&é§lfsﬂﬂyﬁgrddbéﬁ“ﬁﬂnéﬂ?%
REPLA%EI\/ENTOSHEEJT‘“S‘: windpws, Angperel SYiftifesP8rapfar LTRLIA¥EBFITRE t o
claim gy “Ckgq\'ﬁ% mhak%k fgbreepakat ind aaspﬁas:famﬂﬁaloﬂ nhmtfeﬁmmarwé
conponent and an “excitati on conponent,, the h controll.in rreans
connect ed t Hinde¥sye 32 ERE t‘g{)tle(ﬁ‘?‘e&frﬁ‘b‘?weﬁ nagKd ﬁé‘&g‘s ]?%‘? rgconlbl Al ng
t he' spectr ah eg@MeaReNttd g tutle adjssst ol 3t at i on conponent .

In another aspect the invention provides a speech
synthesis apparatus including means for controlling the
pitch of a signal by multiplying the signal by a series

' of overlapping windows to separate it into segments and
recombining the segments after subjecting them to a time
shift, the windows being synchronous with timing marks
representing instants of vocal excitation, wherein each
window has a duration of less than twice the pitch period
between timing marks and is asymmetric ‘about the timing

mark.

Some embodiments of the invention will now be
described, by way of example, with reference to the

accompanying drawings.



the pitch controlling means being connected to receive the excitation component, and

8. A speech synthesis. a atus according to_clai.n 6 or. 7 wherein each
wi ndow has e 6 GROEPHEL dhe sfieclfal; Cpimpdtent e, btth-agliistest &x8afol, (e
ti m ng mar ksmponéht. A speech synthesis apparatus according to claim38

wherein each wi ndow has a duration of between 1.25 and 1.6 tines the pitch

period between tim ng marks. 10. A speech synthesi s apparatus accordi ng
to claim 68or 7Avdpeeeh syrdbedis appaiatus acdurding o claioo@pl € whepsin each wintdowen t wo

pi t chimar kShas a duration of less than 1.7 times the pitch period between the timing marks.

9. A speech synthesis apparatus according to claim 8 wherein each window has
a duration of between 1.25 and 1.6 times the pitch period between timing marks.

10. A speech synthesis apparatus according to claim 6 or 7 wherein each window
embraces a complete period between two pitchmarks.



