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ABSTRACT [3] is to calculate the phase of each sinusoid at the end of each
synthesis frame by assuming a constant frequency between the

To preserve shape-invariance when pitch or time-scale modifyifigme boundary and the nearest time and/or pitch scaled
sinusoidally modelled voiced speech, the phases of the sinusoifgitation point where the phase is taken to i Zor some
used to model the glottal excitation are made to add coherentlyiaieger,M. A value ofM is taken which minimises the variation
estimated excitation points. Previous methods achieve this bfy instantaneous frequency over the frame, when cubic
estimating excitation phases at synthesis frame boundarié¥erpolation of instantaneous phase is applied between frame
disregarding the frequency modulation that may occur betwe&eundaries. In general, this estimate does not guarantee
the frame boundary and the nearest modified excitation poimiaximum achievable phase coherence at each excitation point
This approximation can produce a significant mis-alignment dfecause the instantaneous frequency, being represented as a
the excitation phases, leading to distortion of the temporguadratic function of time, will not remain constant between the
structure of the synthetic speech. In this paper, a shape-invariéi@me boundary and the excitation point.
technique is proposed which aligns the excitation phases at
excitation points, whilst allowing for variations in the frequencyfhis paper is concerned with attempts to better preserve phase

of the sinusoidal components. coherence in the glottal excitation without making contradictory
assumptions about the variation of frequency. The criteria for
1. INTRODUCTION shape-invariant voiced speech are described in the following

section, an analysis/synthesis method designed to meet the

Concatenative speech synthesis requires short segments of sp&BE@fia is presented in sections 3 and 4 and a comparison with
to be joined together with modifications to their pitch and timethe€ method described in [3] is given in section 5.

scales. The sinusoidal speech model [1] is now recognised as a

reliable basis for both pitch and time-scale modification of 2. THE SHAPE-INVARIANT MODEL OF

speech. Several techniques which use the sinusoidal framework SPEECH

are well documented including the so-called “Shape-Invariant”

techniques [3]. A synthetic speech waveform is said to be shagg&mmonly used models of speech production [5] assume that
invariant if, after time-scaling, its individual pitch cyclesstationary segments of voiced speech may be produced by passing
resemble those of the original speech. Attempts to modify the yrain of scaled impulseg(t) through a filter modelling the

pitch or time-scale of speech without preserving the shape, haugect of the glottis, vocal tract and lip-radiation. The excitation
been found to produce speech which has a reverberdityq2h gty may be written as

The temporal structure of a speech waveform is largely o

influenced by the periodic closure of the glottis. This, it may be e(t) = a+2az COS[ rw,(t= T)] (1)
assumed, forces the glottal excitation into phase once every pitch ) e

cycle at times known as excitation points. By “into phase” wEitch pulse locations occur &7, 1= + 21y, t=T + 4w, etc.
mean that the instantaneous phase of each harmonically reldt€d Where all the excitation phases of the harmonics are integer
sinusoid is an integer multiple ofi2In each pitch cycle, the Multiples of 2t Since, in practice, voiced speech is quasi-
glottal excitation is therefore made impulse-like during voicegtationary and band-limiteg(t) may be better approximated as
speech. Achieving this phase relationship, when the glottﬁ]e sum of a finite number of amplitude and frequency modulated
excitation points have been redefined by the time or pitch scalif§!usoids .

requirements and therefore no longer coincide with the excitation _ <

points of the original speech, is more difficult than may first e(t)— z a(t)cos[.()l(t)] )

appear. The main difficulty arises from the fact that thgherea(t) and Q(t) are the instantaneous amplitude and phase
instantaneous phases of the smusmds_ modelling th_e excitatiiypectively for frequency componéniTo preserve an impulse-
will not be directly known at the synthesis frameibdaries and |ike shape for the excitation signal, even when the instantaneous
must instead be deduced from a knowledge of the waveform @{quencies of the pitch frequency harmonics become variable,
some other point or points in time i.e. at the excitation pointge excitation phases must also be made to be integer multiples
The solution to the problem proposed by McAulay and Quatiefi >t once every pitch cycle. The speech sigsfgl can then be



produced by the introduction of the vocal system model (i.@are integer multiples of 1 at each excitation point. A
glottis, vocal tract and lip-radiation) parameters, i.e. description of the interpolation scheme for one of the sinusoids,

Lt i.e.l, is described below.
t) = Z a(9) m(1 cos[QI ()+w, (t)] 3)
. An excitation point is selected from the modified set of excitation

wherey(t) andM,(t) are the slowly evolving vocal system phases . L .
and milérzitu des r(e?spectively at t%le harmc?nic frequyenciesr.) points which lies closest to the end of the synthesis franiEhe

relative position from=0 of the excitation point is denoted By
The excitation phase of sinusdidtt=2, i.e. Q% is known to be
3. ANALYSIS equal to Z2iM, where M, is some integer. The instantaneous

The following description is concerned with voiced speech onljféauency at=0is ° and the corresponding frequency=T is
Unvoiced speech is dealt with by a simple extension to td'- The excitation phaseQ, at time T could therefore be
technique. For the application of this research, the sinusoid#gduced from

model parameters are ejxtracted. pitch—synchronously from a Q' =2nM, - Izw| (t) [t (4
knowledge of excitation points. During voiced speech, an analysis u

window with width equal to two and a half times the averagehere a(t) is the slowly evolving instantaneous frequency for
pitch period is placed symmetrically around each excitation poisbmponent. Unfortunately the exact nature @f(t) is unknown
and Hamming weighted. A zero-padded 1024 point FFT iso we have no way of truly estimating’. Using the method
computed and a set of peaks at harmonically related frequencigscribed in [3],Q" can be estimated by assuming that the

are chosen from the magnitude spectrum according to [4]. TR@quency is constant betwe&mndZ such that
magnitude of each peak is calculated and the corresponding phase

is obtained from the FFT ;pectrym. Since the analyfsis.window is Qr =21, _wIT(Z _ T) (5)
centred around an excitation point where all the excitation phases
are assumed to be integer multiples of the wrapped phase

measured at each peak frequency is, in principle, the phase of cubic interpolation is performed exactly as in the baseline

system componenty(cq t). Finally, vocal system magnitude andsmusmdal system [1]. For the purposes of this paper, this process

phase envelopes are computed by fitting cubic Sp“n%hall be referred to as ‘interpolation-by-linear-estimation’.

interpolation functions to the measurements at and adjacent_to

each peak. These parameters thus extracted are a characteris fofict ar.1.exact solution to the problem, itis necessary to satisfy
of the speech signal at an excitation point. the conditions of the phase Atand the instantaneous frequency

at T simultaneously. That is, to find a functigh(t) which has a
value equal to M, at timeZ whilst having a slope ofy" at T.
4. SYNTHESIS An exaggerated example of the problem is shown in figure 1 for

To synthesise pitch and time-scale modified speech, the first st@ﬁ case whert lies outside the synthesis fra@éo T.
is to compute modified excitation points which represent glottal
closure times according to the new time-scale. This is mdst
simply achieved by accumulating estimates of excitation points
whose spacing equals the modified pitch-period [3]. Q

We define a synthesis frame to be the segment lying between a
time-scaled pair of analysis update points. It is convenient fo
define its boundaries to occur at relative tirte® andt=T. It is
assumed that all pitch dependent parameters have been pjtch
modified using the method described in [3]. The resulting sets [of
frequencies, system phases and amplitudes atttithare then Q°
associated with the sets of frequencies, system phases gnd I T T T T T T T T T T T
amplitudes respectively at timteT according to the frequency- 0 T z

matching technique described in [1]. The synthesis problem fgyre 1: Interpolation of excitation phase fargreater thar.
therefore to generate for each frame a set of sinusoids whose
instantaneous amplitudes, frequencies and system phases var . .
gradually from the values specified &0 to those specified at \.L_aoythe case wher2 is greater tharf, the main purpose of the

t=T. To maintain continuity at frame boundaries, the excitatio'nnterpOIatIcm function is to set a trajectory for the excitation

phase component of each sinusoid=, i.e. the phase offset phase such that the phase is ‘aimed’ A2at the start of the

must be equal to that achieved by the corresponding sinewaven%e:piigf[ir;is;ir::;gf'isA;rc\)’::LZ;zeWEi:she:;ngfrt?lcédgrri cubic phase

t=T in the previous frame. The phase of each sinewaveTat n
can be made arbitrary (quadratic interpolation) but greater
naturalness is achieved if an attempt is made to choose these
phases in such a way that the phases of all sinusoids coalesce (i.e.

>

Qt) =2+t +at?+ Bt? (6)



where Q° and «® are the initial instantaneous phase an{ ™7 - - - - - - - - - - -
frequency respectively. The excitation phasg iatgiven by: 1 [ UnsableRegon |~ = - - S

Q(2)=0Q? =" +w’Z+a,2*+ B Z°=2n\| 7

and the instantaneous frequency &

, L T R Stable Region

Determinant of Matrix, A

Q (T)=awl+20, T+33 T2 = (8) S
Figure 2: A graph of the normalised determinant of maixor
Rearranging into matrix form gives the matrix equation: ratios ofZ andT from O to 1.8.
AXx=Yy (9)  which, when substituted into (4) gives an estimateXdr
where ( )
2 2
¥ z°0 @, 0 27, — Q° - wZ0 - 0 oo\ T
A= 0.x =g pandy =g g Q] =2nM, ~of(2-T) (0 &) ——~~ (13
2rosegt BE YT e W - § 2T
. O O T . . .
which may be solved for non-singular matridet® obtain: Since we already knowy’, (2, and " , cubic interpolation

from 0 to T can be performed as described in [1]. This type of

interpolation-by-estimation is valid for any valuesZzoandT and
@, 1 BT -Z°027M, - Q° - Z[] P y y

0= 0 0 0 (10) has been found to be more accurate than interpolation-by-linear-
0 ‘3TZZZ - 2TZ35 02T Z2mMm o -w 0 estimation. However, it is not as effective as @3 method in
achieving maximum phase coherence for periods where
The value oM, is chosen according to the criterion described iféasonabl®ZT solutions can be found.
[1] which minimises the total squared change in slope over the
time segment front=0 to t=T when0<Z<T or fromt=0 to t=Z The vocal system phase for sinewéave now interpolated frorh
whenZ>T. It may be shown that the required valudvipis equal tO T. Again cubic interpolation is used, since linear interpolation

to the following expression rounded to the nearest integer: will impart an instantaneous frequency at the framenderies.
10 v2 0 The solution can be written as
— 0 0 T_ T
u\_anﬂ +("%Z+((‘q w‘)ZTE (11)

Y lt)=wl+y t?+5 t° (14)
whereY is taken to be the largest of the two varialdeand T. ‘( ) P '

Since the interpolation function must be defined at all three )
times. 0. Z and T. we shall refer to this method agzT Wherey andg are chosen such that the instantaneous frequency,

interpolation. i.e. the slope ofy(t), is taken to be zero at timé@sndT.

Figure 2 shows a graph of the determinam,dor various ratios Finally, the amplitude of the sinusoidal componén#(t) is
of Z andT. It can be seen that a solution to (9) will exist providedound by linear interpolation of the measured peak liames
that the selected value fis not equal td or J,T. WhenZ = frpm 0 to T [1]. The modified synthetic speech signal is therefore
%,T, the rank ofA becomes 1, indicating that the slope and valu@'Ve"n by

of any cubic polynomial at timeE and¥.T respectively are non- o

separaple condm‘ons.. i.e. if one pondltlon is met, the other cannot () = z A(Y) cos[Ql (t) +y, (t)] O<t<T (15)

be assigned arbitrarily. In practice, the solutionsZdoetween

1.4T and 1.6 and around are also not useful due to the degree

by which the polynomial must contort in order to satisfy the 5. RESULTS

conditions given by the vectoy. In such cases an alternative

interpolation strategy is required. One approach may be to us@& discussed in section 1, a useful method for measuring the
higher order polynomial. However, in the current work, amjegree to which the temporal structure of speech is preserved is
improved form of interpolation-by-estimation has been adoptasl observing the glottal excitatiagft). An approximation tce(t)

when the matrixA becomes ill-conditioned. This techniquecan be synthesised by removing the vocal system phéydrom

assumes the instantaneous frequency, rather than remainiiy and by assigning each harmonic a constant ampli€ides.
constant betweed andT, is a linear function of over the range

L-1
0 to Z. Therefore we assume that e(t) = z CCOS[Q\(t)] Ost<T (16)
1=0

Examples of time-scale modified waveformse(t) for a female
w‘(t):wloJ, t (12) speaker are shqwn in figure 3 .for both mET interpolation .
methodand the interpolation-by-linear-estimation method. It is



clear from this and other examples that greater preservation| =
the impulse-like nature of(t) occurs when thédZT model is
used, particularly when the variation of frequency of th
sinewaves over a synthesis frame is large and/or different {
each sinewave. For the cases where the chosen excitation pc A AAV PN 1y AUAWA ANAU I

Z, lies within the boundaries of the synthesis frame, maximu| =« V’\W I VWW WVV 1°V PN VW Wv U ys VW
phase coherence is guaranteed, resulting in very hig Time (miisec onds)

symmetrical impulses. Although for the case wheélies outside = b)

the synthesis frame, maximum phase coherence is T
guaranteed, the resulting excitation signal is generally mo
impulse-like than that produced by interpolation-by-linear
estimation. An example of the speech produced by the tv I y
methods is shown in figure 4 a) and b). These are the excitat] \/\‘ i MW Vv i WW VM;%U o WWVW

signals in figure 3, but with the amplitude and vocal syste s Time (lisec onds)

phase re-introduced. The original speech is shown in figure 4ejgure 3: A comparison of the synthetic excitation sigrefty
and the difference between the two methods is shown in figufer time-scale modified female speech produced by a)0¥fe
4d). Clearly there is a significant difference between the twmethod and b) The interpolation-by-estimation method.
methods, most noticeable is the difference due to the phase delay
attributed to the misalignment of the sinusoids in b). )

6. CONCLUSIONS . A k /\

A model for shape-invariant speech modification has bee & ™ v
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presented which in general does not require an implicit estima

for excitation phase at synthesis frame boundaries. Althoug Time (milisec onds)

under some circumstances, an estimate for phase is required,| = )

techniqgue by which this is achieved does not significant] z

degrade the performance of the model. The temporal structure 2 N /\
modified speech can be improved over that achieved fg o

interpolation-by-linear-estimation due to its ability to bette §"°°° \// W \/\/
preserve the impulse-like nature of the glottal excitation. TH ~ -

result is highly shape-invariant pitch and time-scale modifiel == Time (milisec onds)

voiced speech. -
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Figure 4: A comparison of the synthetic speech waveforms of
time-scale modified female speech produced by a)0rie
method and b) The interpolation-by-linear-estimation method.
@Iso shown are c) The original speech signal and d) The
difference between a) and b).



