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(57) Abstract

A speech synthesis system in which a speech signal is divided into a series of frames, and cach frame is converted into a coded signal
including a voiced/unvoiced classification and a pitch estimate, wherein a low pass filtered speech segment centred about a reference sample
is defined in each frame, a comelation value is calculated for each of a series of candidate pitch estimates as the maximum of multiple
crosscorrelation values obtained from variable length speech segments centred about the reference sample, the correlation values are used
to form a correlation function defining peaks, and the locations of the peaks are determined and vsed to define a pitch estimate.




speech. The known nodels rely upon dividing a speech signal into blocks or
frames and deriving paraneters to represent the characteristics of the

speech wi thin each frane. Those paraneters are then quantized and
transmtted t Qognises " €CEI Ver. At the receiver the quanti zap¢HopPoesessS i S
reversed to recover the paraneters, and a speech signal is then

synt hesi sed on the basis of the recovered par aneters. WO

98/ 01848 | PCT/ GB97/ 01831
2 The conmon objective of the designers of the known nodels is
to m ni m se the volume of data which nust be transm tted whil st
maxi m sing the per cei ved quaSPEECHSYNTHESESSWSTRM can be synt hesi sed
fromthe transmtted data. In sone of the nodels a distinction is nade
bet ween whet her or not a particular frane is "voiced" or "unvoiced".
In the case of voiced speech, speech I's produced by glottal excitation

and as a result has a P j - i.00l t r.e. Unyoi.ced eech j s
produced by turbul ent al rﬁ#fsg\i/?v{e{ wé‘ﬁggng#%%%ttlgoﬂmﬁﬁhd sefgéeilses'ﬁofysa?“s’ *H'éi/é“t he

k S Str r har risti f voj ced speech. Mpst
periodic” spect rpaalrtn%ltxlmL'I & Speech syaste%l%tc%dinsgtan% synthesis Systems Which can be used in

speech communication systems operating at low bit rates.

Speech can be represented as a waveform the detailed structure of which
represents the characteristics of the vocal tract and vocal excitation of the person
producing the speech. If a speech communication system is to be capable of
providing an adequate perceived quality, the transmitted information must be
capable of representing that dctailed structure. Most of the power in voiced
speech is at relatively low frequencies, for example below 2kHz. Accordingly
good quality speech synthesis can be achieved on the basis of speech waveforms
that have been low pass filtered to reject higher frequency components. The
perceived speech quality is however adversecly effected if the frequency is
restricted much below 4kHz.

Many models have been suggested for dcfining the characteristics of
speech. The known models rely upon dividing a speech signal into blocks or
frames and deriving parameters to represent the characteristics of the speech
within each frame. Those parameters are then quantized and transmitted to a
receiver. At the receiver the quantization process is reversed to recover the
parameters, and a speech signal is then synthesised on the basis of the recovered

parameters.



nodel s seek to take advantage of the fact that voiced speech signals evol ve
relatively slowy in the context of franes the duration of which is

typically 10 to 30nmsecs. Most nodels also rely upon quantization
schenes intended to m nim se t he amount of infor rratiogcsﬂa ﬂ& ayst be
transm tted WPEHYHE significant | oss of percei ved qual | a result
of the work done to date it is now possible to pr oduce speech

synt hesi s systens capabl e of operating at b|t rate of only a few

t housand bits per second. One 2npdel whi ch has been devel oped

I s known as "sinusoi dal codi ng" (RJ. MAulay and T.F. Quatieri, "Low
Rat e Speech Codi ng o lnodl I nge , ce egech
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particular frame is “voiced” or “unvoiced”. In the case of voiced speech, speech
is produced by glottal excitation and as a result has a quasi-periodic structure.
Unvoiced speech is produced by turbulent air flow at a constriction and does not
have the "periodic” spectral structure characteristic of voiced speech. Most
models seck to take advantage of the fact that voiced speech signals evolve
relatively slowly in the context of frames the duration of which is typically 10 to
30msecs. Most models also rely upon quantization schemes intended to minimise
the amount of information which must be transmitted without significant loss of
perceived quality. As a result of the work done to date it is now possible to
produce speech synthesis systems capable of operating at bit rate of only a few
thousand bits per second.

One model which has been developed is known as “sinusoidal coding”
(R.J. McAulay and T.F. Quatieri, "Low Rate Speech Coding Based on Sinusoidal
Coding", Advances in Speech Signal Processing, Editors S. Furui and M.M.
Sondhi, Chapter 6, pp. 165-208, Markel Dekker, New York, 1992). This
approach relies upon an FFT analysis of each input frame to produce a
magnitude spectrum, cstimating the pitch period of the input frame from that

spectrum, and defining the amplitudes at the pitch related harmonics, the



har noni cs being nultiples of the fundamental frequency of the frane. An
error neasure is calculated in the tinme donmain representing the

di fference between har moni ¢ and aharnoni ¢ speech spectra and that
error neasur ewiposifag to define t he degree of voi ci ng mfri¢Esenisaput
frame in terns of a frequency value. Thus the paranmeters used to
represent a frane are the pitch period, the magni tude and phase

val ues for each harnonic, and the frequency yal ue. Proposals have been
made to operate this system such that phase information is predicted in a

coherent way across successive franes. I n anot her system known
as "mul ti band excharmdnies kebng myttinle, ofithFuntiamantal frequancy of ti. framen An error
"Ml ti band Excitation Vocoder" |EEE Transacti on on Acoustics, Speech
and Signal Procesfiesgre ikalcdiatedpin thedfnd demainl AFestitinditkd HiferdfRe MR tween
Systens Inc, "INVARSAT M Voi ce Codec, Version 3.0", Voice Coding System

Description, Mdujgmonid ke Rkrhohic s%k!%%h&%?ﬂ:)d Ihgﬁcﬁgph{c%&qg (ijsalﬂnd o'dhe

functions are determned in a different way fromthat enployed I
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anplitudes. The phase function is also defined using |linear frequency
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random
coherent way across successive frames.

In another system known as “multiband excitation coding” (D.W. Griffin

and J.S. Lim, "Multiband Excitation Vocoder” IEEE Transaction on Acoustics,
Speech and Signal Processing, vol. 36, pp 1223-1235, 1988 and Digital Voice
Systems Inc, "INMARSAT M Voice Codec, Version 3.0", Voice Coding System
Description, Module 1, Appendix I, August 1991) the amplitude and phase
functions are determined in a different way from that employed in sinusoidal
coding. The emphasis in this system is placed on dividing a spectrum into bands,
for example up to twelve bands, and evaluating the voiced/unvoiced nature of
each of these bands. Bands that are classified as unvoiced are synthesised using
random signals. Where the difference between the pitch estimates of successive
frames is relatively small, linear interpolation is used to dcfine the required
amplitudes. The phase function is also defined using linear frequency

interpolation but in addition includes a constant displacement which is a random

variable and which depends on the number of unvoiced bands present in the



vari abl e and whi ch depends on the nunber of unvoiced bands present in the
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term spectrum of the input signal. The systemworks in a erve
phase conti MR? 188 ween successive frames. \Wen the pi t\(l:\?&gg;??‘grr(g?%s of
successive franes are significantly different, a weighted sumati on of
signal s produced from anplitudes and Lﬁhases derived for successive
frames is fornmed to produced t he synthesised signal.

Thus the comon ground between the sinusoidal and nulti band systens

referred to aboyRedternd Shechitink oF MRAARS silinaf CThe/ sy¥RAE wokleini WM tSPREGDe
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versions of the multiband excitation codi ng system have been
produced the synthesised signal.

Thus the common ground between the sinusoidal and multiband systems
referred to above is that both schemes directly model the input speech signal
which is DFT analysed, and both systems are at least partially based on the same
fundamental relationship for representing speech to be synthesised. The systems
differ however in terms of the way in which amplitudes and phase are estimated
and quantized, the way in which different interpolation methods arc used to
define the necessary phase relationships, and the way in which “randomness” is
introduced in the recovered speech.

Various versions of the multiband excitation coding system have been
proposed, for example an enhanced multiband excitation speech coder (A. Das
and A. Gersho, Variable-Dimension Spectral Coding of Speech at 2400 bps and
below with phonetic classification”, IEEE Proc. ICASSP-95, pp. 492-49S5, May
-1995) in which input frames are classified into four types, that is noise, unvoiced,
fully voiced and mixed voiced, and a variable dimension vector quantization
process for spectral magnitude is introduced, the bi-harmonic spectral modelling
system (C. Garcia-Matteo., J. L. Alba-Castro and Eduardo R. Banga, "Speech

Coding Using Bi-Harmonic Spectral Modelling”, Proc. EUSIPCO-9%4,



proposed, for exanple an enhanced nultiband excitation speech coder (A Das
and A. Gersho, Variabl e-Di nensi on Spectral Codi ng of Speech at 2400 bps and
bel ow wi th phonetic classification", IEEE Proc. |CASSP-95, pp. 492-495, My
1995) i n whi chyo shigkast ranes are classified into four types, pbdicrbHorRfll Se,

unvoi ced, fully voiced and m xed voiced, and a variable di mension
vector quantization process for spectral magnitude is introduced,

t he bi -harnonic spectral nodelling system (C. Garcia-Matteo., J. L.
Al ba- Castro and Eduardo R Banga, "Speech Codi ng Using Bi-Harnoni
Spectral Modelling", Proc. EUSIPCO 94, WD 98/ 01848

PCT/ GB97/ 01831 dingburgh, Vol. 2, pp. 391-394, September 1994) in which the short term
Edi ngburgh, Vol . 2, pp. 391-394, Septenber 1994) in which the short term
magni-t ude spect r wmgnitudé spatetini istdivided ianes bands #nd£ PParite piich HrqhéRrguency

IS cal cul ated for each band, the spectral excitation coding systg_m (V.
Cuper nan, P. calculated fo BakhEharid) Alel petAeR citatioR Coling!syfidhl (VLR nf b NI
of Speech at 2.4 kb/s", R B oDl dtatiol p|c'5'.i %%45'%87, Betrpb? ,

May 1995) which Qﬂ?idn Gad B. Bhﬁia@”ﬁ%hg%r{wgﬁgle&c?xggailp g‘miﬁgg to}] gpeleic);l a4 kbss",

predictive coding (LPC) residual mai
IEEE Proc. ICASSP-95, pp. 504-507, Detrpot, May 1995) which applies
sinusoidal based coding in the linear predictive coding (LPC) residual domain
where the synthesised residual signal is the summation of pitch harmonic
oscillators with appropriate amptitude and phase functions and amplitudes are
quantized using a non-squarc transformation, the band-widened harmonic
vocoder (G. Yang, G Zanellato and H. Leich, "Band Widened Harmonic Vocoder
at 2 to 4 kbps”, IEEE Proc. ICASSP-95, pp. 504-507, Detroit, May 1995) in which
randomness in the signal is introduced by adding jitter to the amplitude
information on a per band basis, pitch synchronous muitiband coding (H. Yang,
S. N. Keh and P. Sivaprakasapilai, "Pitch Synchronous Multi-Band (PSMB)
Speech Coding”, IEEE Proc. ICASSP-95, pp. 516-519, Detroit, May 1995) in
which a CELP (code-excited linear prediction) bascd coding scheme is used to
encode speech period segments, multi band LPC coding (S. Yeldener, M. Kondoz
and G. Evans, “High Quality Multiband LPC Coding of Speech at 2.4 kbits/s”,
Electronic Letters, pp. 1287-1289, Vol. 27, No 14, 4th July 1991) in which a single
amplitude value is allocated to each frame to in effect specify a “flat” residual

spectrum, and harmonic and noise coding (M. Nishiguchi and J. Matsumoto,

“Harmonic and Nois¢ Coding of LPC Residuals with Classified Vector



where the synthesised residual signal is the sunmation of pitch harnonic
oscillators with appropriate anplitude and phase functions and anplitudes

are guanti zed using a non-square transformation, the band-w dened

har nmoni ¢ vocoder (G Yang, G Zanellato and H Leich, pBgggoigned
Har noni ¢ VoXXRy®YO188 5t 5> t0 4 kbps", |EEE Proc. |CASSP-95, pp. 504-507,
Detroit, May 1995) in which randommess in the signal is introduced by
adding jitter to the anplitude informagion on a per band basis, pitch
synchronous nul ti band codi ng (H. Yang, S. N. Koh and P.

Si vapr akasapi l ai, "Pitch Synchronous Milti-Band (PSMB) Speech Codi ng",
| EEE Proc. | CASPyaiisarils”, PREE Hrdc. REASSP-D5, MRV484I) Debroit, é\a%%fdi Wit ELP
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specify a "flat" residual spectrum and harnoni c and noi se coding (M
Ni shi guchi and J. MatATHrshes type of coding syismeexisty thatiis thequtatypeintqrpglation
Residuals with d assified Vector WO 98/ 01848

PCT/ GB97/ 01831 coding system. This relies upon the use of pitch period segments or prototypes
which are spaced apart in time and reiteration/interpolation techniques to
synthesise the signal hetween two prototypes. Such a system was described as
early as 1971 (J.S. Severwight, “Interpolation Reiterations Techniques for
Efficient Speech Transmission”, Ph.D. Thesis, Loughborough University,
Department of Electrical Engineering, 1971). More sophisticated systems of the
same general class have been described more recently, for example in the paper
by W.B. Kleijn, “Continuous Representations in Linear Predictive Coding, Proc.
ICASSP-91, pp201-204, May 1991. The same author has published a series of
related papers. The system employs 20msecs coding frames which are classified
as voiced or unvoiced. Unvoiced frames are effectively CELP coded. Pitch
prototype segments are defined in adjacent voiced frames, in the LPC residual
signal, in a way which ensures maximum alignment (correlation) of the
‘prototypes and defines the prototype so that the main pitch excitation puise is
not near to either of the ends of the prototype. A pitch period in a given frame is
considered to be a cycle of an artificial periodic signal from which the prototype

for the frame is obtained. The prototypes which have been appropriately



6 Quanti sation", |IEEE Proc. | CASSP-95, pp. 484-487, Detroit, My
1995) with classified vector quantizati on which operates in the LPC
resi dual donmai n, an i nput signal being classified as voiced or

unvoi ced and QKRid@ds! | band nodel | ed. A furt herctrgmeomdt
codi ng systemexists, that is the prototype interpolation codi ng
system This relies upon the use of pitch period segnents or prototypes

whi ch are spaced apart in tinme and reiteration/interpolation techniques to
synt hesi se the signal between two prototypes. Such a system was descri bed
as early as 1971 (J.S. Severwight, "Interpolation Reiterations

Techni ques for  selected HrbinCa@jatentPfiafmes TraBatirie¥| fransfofed.andh@sd Fesulting
Loughbor ough Uni versity, Department of El ectrical Engi neering,

1971). More SOphEt%fﬁ&@ﬁﬁQr@ Y&feﬁ WRingha Jlﬁ&'ent:al vector giiAntiation ?Jheﬁnle.ass have
been described nore recently, for exanple in the paper W B.

Kleijn, "Continuous R £S LH mlg Pre t|v n Pt o
| CASSP. 91, pp201- 204, A B3, FHH ddbiy Bifhesid 58 Vaitd” fr S g'hese(?ec‘é%edof
rel ated papers. The s enpl oys 20nmsecs cqdi ng frames which are
cl assified profo ‘gwesrwu%mtms %96!“&@‘3 fromeseare y ﬁéf’frse%sm'y
CELP coded. Pitch prototype segnents are defined in adjacent voiced
frames, in the LHE® missing,signal waveformy cen the Gyo \pxoteikpe Reamenty vyingdinesum
alignnment (correlation) of the prot ot ypes and defines the prototype
so that the mai nigetrpoiatiooe i Thusitbe rgiduakbsigmal is obtained ethichaia thenopresdnitat toain t he
ends of the prototype. A pitch period in a given frane is consi der ed
to be a cycle of LPC syrthésisCiltdr the buftit of Shihaprotidosthehythebisal Peioddodpepch
signal. An amount of randomness can be introduced into voiced speech by
injecting noise at frequencies larger than 2khz, the amplitude of the noise
increasing with frequency. In addition, the periodicity of synthesised voiced
speech is controlied during the quantization of prototype parameters in
accordance with a long term signal to change ratio measure that reflects the
similarity which exists between the prototypes of adjacent frames in the residual
excitation signal.
The known prototype interpolation coding systems rely upon a Fourier
Series synthesis equation which involves 2 linear-with-time-interpolation process.
The assumption is that the pitch estimates for successive frames are linearly
interpolated to provide a pitch function and an associated instant fundamental
frequency. The instant phase used in the cosine and sine terms of the Fourier

series synthesis equation is the integral of the instantaneous harmonic

frequencies. This synthesis arrangement allows for the linear evolution of the
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1CASSP-95, pp508-511, Detroit, May 1995. In the described system the Fourier
series coefficients arc low pass filtered over time, with a cut-off frequency of
20Hz, to provide a “slowly evol\;ing” waveform component for the LPC
excitation signal. The difference between this low pass component and the
original parameters provides the “rapidly evolving” components of the excitation
signal. Periodic voice excitation signals are mainly represented by the “slo.wly
evolving” component, whereas random unvoiced excitation signals are
represented by the “rapidly evolving™ component in this dual decomposition of
the Fourier series coefficients. This removes effectively the need for treating
voiced and unvoiced frames separately. Furthermore, the rate of quantization
and transmission of the two components is different. The “slowly evolving”
signal is sampled at relatively long intervals of 25msecs, but the parameters are
quantized quite accurately on the basis of spectral magnitude information. In
contrast, the spectral magnitude of the “rapidly cvolving” signat is sampled
frequently, every 4msecs, but is quantized less accurately. Phase information is
randomised every 2msecs.

Other developments of the prototype interpolation coding system have

been proposed. For example one known system operates on Smsec frames, a



excitation signal. The known prototype interpolation coding

systens rely upon a Fouricr Series synthesis equation which involves a
l'inear-with-time-interpolation process. ~ The assunption is that the
pitch esti n}atﬁn{s&augycces& ve franes are |inearly I Nt ep ARy O
provide a pit ction and an associ ated instant fundanental

frequency. The instant phase used in the cosine and sine terns of the

Fouri er series synthesis equation is thg integral of the instantaneous
har nmoni ¢ frequencies. This synthesis arrangenent allows for the |inear
evol ution of the WD 98/ 01848

PCT/ GB97/ 01831  pitch period being sclected for voiced frames and DFT trafsformed to yield
i nstant aneous pitch and the non-linear evolution of the instantaneous
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for the LPC
restrictions at the interpolation boundaries. This causes problems of
discontinuity at frame boundaries. At thc receiver the excitation signal is
synthesised using a decoded magnitude and estimated phase values, via an
inverse DFT process. The resulting signal is filtered by a following LPC
synthesis filter. This model is purely periodic during voiced speech, and this is
why a very short duration frame is used. Unveiced speech is CELP cbded.

The wide range of speech synthesis models currently being propesed, only
some of which are described above, and the range of alternative approaches
proposed to implement those models, indicates the interest in such systems and
the lack of any consensus as to which system provides the most advantageous
performance.

It is an object of the present invention to provide an improved low bit rate
speech synthesis system.

In known systems in which it is necessary to obtain an estimate of the
pitch of a frame of a speech signal, it has been thought necessary, if high quality
of synthesised speech is to be achieved, to obtain high resolution non-integer

pitch period estimates. This requires complex processes, and it would be highly



excitation signal. The difference between this | ow pass conponent and the
original paraneters provides the "rapidly evol ving" conponents of the

excitation signal. Periodic voice excitation signals are mainl y
represented by the "slowy evol ving” conponent, wheregg,

unvoi ced exCOVQ8YMNEW signals are represented by the "rap|%% evoIV|ng
conponent in this dual deconposition of the Fourier series
coefficients. This renoves effectively the need for treating voi ced

and unvoi ced frames separately. Further nor¥ the rate of guanti zati on
and transm ssion of the two conponents is different. The "slowy evol ving"

signal is sanpl gdidble’ fo! RlLeEinG Jo?ﬂﬂcﬂﬂ?t(ﬂ rt“@'p;?tclg e %ﬁm@;@mcpﬁt in & fanner

paranmeters are quant i zed qul ur at el I's of spectral

magni t ude i nfor gont he spectral magnitude of the
"rapidly evol vi¥ mhgﬂ% g\'lnrcs'élté"a %C%Sqdah requently, every 4msecs, but is

quanti zed | ess accurat eI Phase I nformation is random sed ever
2msecs. ing 48 \AefiEsh FaPRCL ob the presont dnvanjion, ﬁhﬁrfewm&dr'iﬁ
codi ng system have been proposed. For exanpl e one known system
oper at es on Snsepeeth aymthesiy system in winthog8/spacglt Signal is divided into a series of
PCT/ GB97/ 01831 9

frames, and cach frame is converted into a coded signal including a
voiced/unvoiced classification and a pitch estimate, wherein a low pass filtered
speech segment centred about a reference sample is defined in each frame, a
correlation value is calculated for cach of a series of candidate pitch estimates as
the maximum of multiple crosscorrelation values obtained from variable length
speech segments centred about the reference sample, the correlation values are
used to form a correlation function defining peaks, and the locations of the
peaks are determined and used to define a pitch estimate.

The result of the above system is that an integer pitch period value is
obtained. The system avoids undue complexity and may hc readily implemented.

Preferably the pitch estimate is defined using an iterative process. A
single reference sample may be used, for cxample centred with respect to the
respective frame, or alternatively multiple pitch estimates may be derived for
each frame using different reference samples, the multiple pitch estimates being
combined to define a combined pitch estimate for the frame. The pitch estimate
may be modified by reference to a voiced/unvoiced status and/or pitch estimates

of adjacent frames to define a final pitch estimate.



pitch period being selected for voiced franes and DFT transfornmed to yield
prot otype spectral nmagnitude val ues. These val ues are quantized and the
guanti zed val ues for adjacent franmes are linearly interpolated. Phase

i nformati on iy 8kgdis4aed i n a manner which does not satisfy aRgT/GBRUISNMCY
restrictions at the interpolation boundaries. Thi s causes probl ens of
discontinuity at franme boundaries. At the receiver the excitation signal is
synt hesi sed using a decoded magni tude and esti mat ed phase val ues, via an

i nverse DFT process. The resulting signal is filtered by a follow ng LPC
synthesis filter. This nodel is purely periodic during voiced speech, and
this is why a vER compeiation, fandtion maanbe | dipped dusingvai theesheldewalae, s
CELP coded. The wi de range of speech synthesis nodel s
currently bei ng penginingdpeabs bying rejected dfithepfarevadjnberarte Isiger pediad Praks/gre and
the range of alternative approaches proposed to inplenent those

nodel s, i ndi cat emifidlly sefctedemd daf beuefec@d St MGF ard ¥nailer tharl £ folloie fakayy
consensus as to which system provi des the npost advant ageous

per f or mance. more than 2 l'ph}d&&é'%é?ﬁkﬁ?& %lhtepﬁn?{%gséﬁﬂkri %g mb HndsCthe

provi de an inproved | ow spéech syn 'S SysS
I n known systerrsfillfw)wv.\/pi cer; It IS necessary to obtain an estinmate of the
pitch of a frane 0(5 é%%egbh signal, it has been thought necessary, if high

qual ity of synt e§i sgp ipee,c i s, to, be achjeved, to obtain high
resol uti on non-integ reterably the pitch estimation procedure is based on a least squares

error algoritbm. Preferably the algorithm defines the pitch as 2 number whose
multiples best fit the correlation function peak locations. Initial possible pitch
values may be limited to integral numbers which are not consecutive, the
increment between two successive numbers being proportional to a constant
multiplied by the lower of those two numbers.

It is well known from the prior art to classify individual frames as voiced
or unvoiced and to process those frames in accordance with that classification.
Unfortunately such a simple classification process docs not accurately reflect the
true characteristics of speech. It is often the case that individual frames are
made up of both periodic (voiced) and aperiodic (unvoiced) components. Prior
attempts to address this problem have not proved particularly effective.

It is an object of the present invention to provide an improved voiced or
unvoiced classification system.

According to a second aspect of the present invention there is provided a
speech synthesis system in which a speech signal is divided into a series of

frames, and each frame is converted into a coded signal including pitch segment



pitch period estimates. This requires conplex processes, and it would be
hi ghl y WD 98/ 01848
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desirable to reduce the conplexity of the pitch estimationypfegéissiin @
manner WnPRNB34Y d not result in degraded quality. d Accor di ng
to a first aspect of the present invention, there is provided a speech

synthesis systemin which a speech signal .i,s divided into a series of
frames, and each franme is converted into a*coded signal including a
voi ced/ unvoi ced cl assification and a pitch estimate, wherein a | ow pass

filtered ThEAfitudROPRRRE] mEtia®dn Ah Veiced/uhelitddeAaRIFANDH CardS adffxeded i n
each franme, a correlation value is calculated for each of a series of

candi date pi tCE\r Frh'&?stsﬂfta ewihicnhgtkﬁﬁiﬁ@%'?%h& il hé 'Rl itﬁHQ%ﬁ&gﬂxﬁo?t hon

val ues obt ai ne omvaril a speec segnent cent ut the
ref erence sanp n_v.a

|
correlation f unc“?‘fegﬁe?é%r %ﬁeﬁg‘t‘ K%‘ce&lﬂr wgﬂgy IV8E§‘E |‘6ﬁ‘§°‘6‘f“ I“F{ées s'of samples, s

are determ ned and uysed to define a pitch estinma The result
of the above syepbdiod themiddis of Mfeijgmcﬁm tYH‘dﬁé’Ff' cS?i form gdlatasarray which is

Fourier transformed to produce a magnitude spectrum, a threshold value is
calculated and used to clip the magnitude spectrum, the clipped data is searched
to define peaks, the locations of peaks are determined, constraints are applied to
define dominant peaks, -.l.nd harmonics not associated with a dominant peak are
classified as weakly voiced.

Peaks may be located using 2 second order polynomial. The .sailmples may
be Hamming windowed. The threshold value may be calculated by identifying
the maximum and minimum magnitude spectrum values and defining the
threshold as a constant multiplied by the difference between the maximum and
minimum values. Peaks may be defined as thosc vilues which are greater than
the two adjacent values. A peak may be rejected from consideration if
neighbouring peaks are of a similar magnitude, c.g. more than 80% of the
magnitude, or if there are spectral magnitudes in the same range of greater
magnitudes. A harmonic may be considered as not being associated with a
dominant peak if the difference between two adjacent peaks is greater than a
predetermined threshold value.

The spectrum may be divided into bands of fixed width and a

strongly/weakly voiced classification assigned for each band. Alternatively the



obt ai ned. The system avoi ds undue conplexity and may be readily

I npl enent ed. Preferably the pitch estimate is defined using an
iterative process. A single reference sanple may be used, for exanple
centred with neopssikeg 0 t he respective frane, or alterpeticneioisal

mul tiple pitch estimates may be derived for each frane using

different reference sanples, the nmultiple pitch estimtes being

conbi ned to define a conbined pitch estimatejfor the frane. The pitch
estimate may be nodified by reference to a voi ced/ unvoi ced status
and/or pitch estimates of adjacent franmes to define a final pitch
esti mat e. fregnegRy p®ge may be divided into two or more bands of variable width,
PCT/ GB97/ 01831 11

The correl ation fadjatémdnbanaly leing: seppperd usti A Fraquehidesdiaekedl bl réference to the
remai ni ng peaks being rejected if they are adjacent to | arger peaks. Peaks

are i ni tial serorgly/aehrad vaided eRifALRbERIAthrids. t NeY are smaller than a
fol |l ow ng peak by nore than a predeterm neél factor, for exanple

e o eSThAE e e L ISR s e sor S
algorithm Prefer Ee?xl s etagﬁ o?'sﬂﬁizi,towagﬁixle”‘%%tﬁ Ef?mPsi s:[eﬁrc]tegsin %cggnm(nage “fm.sﬁe
strongly/weakly voiced status of harmonic components of the excitation signal. A
strongly/weakly voiced classification is then assigned to each band. The lowest
frequency band, c.g. 0-500Hz, may always be regarded as strongly voiced,
whereas the highest frequency band, for example 3500Hz to 4000Hz, may always
be regarded as weakly voiced, In the event that a current frame is voiced, and
the previous frame is unvoiced, other bands within the current frame, e.g.
3000Hz to 3500Hz may be automatically classified as weakly voiced. Generally
the strongly/weakly voiced classification may be determined using a majority
decision rule on the strongly/wcakly voiced classification of those harmonics
which fall within the band in question. If there is no majority, alternate bands
may be alternately assigned strongly voiced and weakly voiced classifications.
Given the classification of a voiced frame such that harmonics are
classified as either strongly or weakly voiced, it is necessary to generate an
excitation signal to recover the speech signal which takes into account this
classification. It is an object of the present invention to provide such a system.

According to a third aspect of the present invention, there is provided a

speech synthesis system in which a speech signal is divided into a series of



mul tiples best fit the correlation function peak |ocations. Initial
possi bl e pitch values may be limted to integral nunbers which are
not consecutive, the i ncrement between two successive nunbers being
proportional to a constant mul tiplied by the | ower of “?5 ﬁ¥p
nunber s. WO98/01848 |t s well known fromthe prior art S TeT RS

I ndi vi dual frames as voiced or unvoiced and to process those franes
i n accordance with that classification. Unfortunately such a sinple
cl assification process does not accuratelyl?eflect t he true
characteristics of speech. It is often the case that individual franes are

made up of both fEhLOE Mt GSRtinad s x%‘?&ﬂ'o?%'n%:{cém\é%lpﬁ-ghe dPé’H?a%'ﬁEﬁ

Pri or attenpts to address this probl em have not proved particu arIy

effective. obj_ect, of th RLESEN nvent i.o vi de .
an i nproved voi ce d:oded S|gnal mﬁﬁlam&e 5 grt l%s?efﬂ Catvaﬁlﬁ tJf-% vmceg/unvoget?

According to a s cond aspect t he present inventiogn there I S rOVId
speech synt hesi s‘??'gif%‘l‘ﬂ é'h each huoiced drampy) 2 wixgd, voiced jspe "%{ Qéﬁ“fes

of frames, and each frane is converted into a coded signal including
pitch segnent classlﬁcathmvbgp ®kgsifies harmonics within spectral bands as either strongly
PCT/ GB97/ 01831
or weakly voiced, and the speech signal is reconstructed by generating an
excitation signal in respect of each frame and applying the excitation signal to a
filter, wherein for cach weakly voiced spectral band, an excitation signal is
generated which includes a random componcent in the form of a function which is
dependent upon the respective pitch period valuc.

Thus for each frame which has a spectral band that is classified as weakly
voiced, the excitation signal is represented by 2 function which includes a first
harmonic frequency component, the frequency of which is dependant upon the
pitch period value appropriate to that frame, and a second random component
which is superimposed upon the first component.

The random component may be introduced by reducing the amplitude of
harmonic oscillators assigned the weakly voiced classification, for example by
reducing the power of the harmonics by 50%, while disturbing the oscillator
frequencies, for example by shifting the oscillators randomly in freguency in the
range of 0 to 30 Hz such that the frequency is no longer a multiple of the

fundamental frequency, and then adding further random signals. The phase of

the oscillators producing random signals may be randomised at pitch intervals,



12 magni t ude spectral information, a voiced/ unvoiced classification,
and a m xed voi ced cl assification which classifies harnonics in the
magni t ude spectrum of voi ced franes as strongly voiced or weakly

voi ced, wher eiwp gs/5i84g €S of sanpl es centred on the m ddpergBoidigsif r ane
are windowed to forma data array which is Fourier transfornmed to
produce a nmagnitude spectrum a threshold value is cal cul at ed and used
to clip the magni tude spectrum the clipped data i s searched to define
peaks, the | ocations of peaks are determ ned, constraints are applied to
defi ne dom nant aks, and harnonics not associated with a dom nant peak
are cl assif fgﬁ“‘ag" Vie¥RK)Y ygiced gand, some periodicitpaemaingdyt S power efithe
using a second order polynom al. The sanpl es may be Hanm ng w ndowed.
The t.hreshol d val mlqwqmmnwlraweld byd thetarcpinbizied gith a randohecamponehen and
m ni mum magni t ude spectrum val ues and defining the threshold as a
constant nultiplied byintdespetch fsgdthesiesysainVae Whidkea RPeech4iBnal e represenédi th UM
val ues. Peaks may be defined as those val ues which are greater than

the two adj acent st WgSspecalPRddrniBdnle thelsih &F ﬁa?ﬁ%lccﬂgﬂxﬂﬁfga\yl@%g Et is

nei ghbouring peaks are of a simlar magnitude, e.g. nore han
magni t ude, or k2 dgs i.n the ame ran gr eat er
magni t udes. A harl;ndéﬁlbge ﬁ‘ﬁ E'Ee@%toq%s*n grﬁgﬁée&g net al b é‘§§&|s§?%d f/)vls{’ "?

dom nant peak if rence tvvee acent eaks is greater than
a pP edet er n'1;1n ti] fde useW?l (?Id ‘hose mag |tude valuesg at harmonic

il

locations in subsequent processing steps. In many circumstances however at
least some of the magnitude values contain little information which is useful in
the recovery of the input speech signal. Accordingly when magnitude values are
quantized for transmission to a receiver it is sensible to discard magnitude values
which contain little useful information.

In one known system an input speech signal is processed to produce an
LPC residual signal which in turn is processed to provide harmonic magnitude
values, but only a fixed number of those magnitude values is vector quantized for
transmission to a receiver. The discarded magnitude values arc represented at
the receiver as identical constant values. This known system reduces
redundancy but is inflexible in that the locations of the fixed number of
magnitude values to be quantized are always the same and predetermined on the
basis of assumption that may be inappropriate in particular circumstances.

It is an object of the present invention to provide an improved magnitude

value quantization system.



The spectrum may be divided into bands of fixed width and a

strongl y/ weakly voiced classification assigned for each band. Alternatively
t he WD 98/ 01848
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frequency r AHQBMHEB be divided into two or nore bands of varlaB e W dth,

adj acent bands being separated at a frequency selected by reference to the
strongl y/ weakl y voi ced classification of h? noni cs. Thus, the
spectrum may be divided into fixed bands, for exanple fixed bands each
of 500Hz, or variable w dth bands sel ected in dependence upon the

strongl y/ weakly voi cRecorliiigtd adbuithiaSpdtt 6f ﬂﬁ%@ﬂﬂﬂhﬁwe%or{ Mer@XCpiodidean
signal. A strongl y/ weakl y voiced.classification is then assi gned to

each band. The | Jpe\éﬁ/tsvntheswfsf'ﬁ%eﬂmﬁ'hﬂﬁng’sp ecH: mgrhest vxdma‘Yntgl N‘@é’ﬁﬁ;

regarded as str ereas requency ban for

| e 3500Hz 4000 d
e e "t ARl 1 L b GEA .
unvoi ced, other bands w thi %éhe c rrent frame 3000Hz to 3500Hz
may be automati PEIY ¥#lHesik W“@mﬂ!@ﬂ s@’t‘@’t‘af‘l”i’“"’" magpitude

strongl y/ weakly voiced classification may be determ ned using a majority
information, wherein the spectral magnitude information is quantized by

sampling the LPC short term magnitude spectrum at harmonic frequencies, the
locations of the largest spectral samples are determined to identify which of the
magnitudes are relatively more important for accurate quantization, and the
magnitudes so identified are selected and vector quantized.

Thus rather than relying upon a simple location selection strategy of a
fixed number of magnitude values for gquantization and transmission, for
example the “low part” of the magnitude spectrum, the invention selects only
those values which make a significant contribution according to the subjectively
important LPC magnitude spectrum, thereby reducing redundancy without
compromising quality.

In one arrangement in accordance with the invention a pitch segment of
P, LPC residual samples is obtained, where P, is the pitch period value of the
nth frame, the pitch segment is DFT transformed, the mean value of the
resultant spectral magnitudes is calculated, the mean value is quantized and used
as a normalisation factor for the selected magnitudes, and the resulting

normalised amplitudes are quantized.



decision rule on the strongly/weakly voiced cl assification of those

har noni cs which fall within the band in question. If there is no
majority, alternate bands may be alternately assigned strongly voiced
and weakly voiwedsmigsssi fications. G ven t he cl agerigroniman of
a voiced frame such that harnonics are classified as either strongly
or weakly voiced, it is necessary to generate an excitation signal to
recover the speech signal which takes into atrount this _
classification. It is an object of the present invenLion to provide such a
system According to a third aspect of the present invention,
t%ere is provided a Xﬂe?ﬁé&ﬁlﬁ'@?rﬁ“ﬂ\%é’i"é‘eé’&&"dﬁqﬁrﬁcm#?ws&alsp'ewhﬂmi RMS|
is divided into a series of WD 98/ 01848

PCT/ GB97/ 01831 value is quantized and used as a normalisation factor ¥ér the selected
frames, each frame is defined as voiced or unvoiced, each frane is
converted into  magnidudesgant thie gesaltingwridiised aﬁn[ﬂith&é}.a{wghmiiéa,l ue, a frane

voi ced/ unvoi ced classification and, for each voiced frame, a m xed
voi ced spectral band At the fdeeivey, the aditcodt Wakhifudes 35¢ 'réége&engﬁﬂﬁ Bh&S ot'lifeN N
spectral bands as either strongly or weakly voiced, and the speec

signal is reconst st GhehiudEiiiiadtid ABrifliced as a constant vaiue.

Interpolation coding systems which employ a pitch-related synthesis
formula to recover speech generally encounter the problem of coding a variable
length, pitch dependant spectral amplitude vector. The quantization scheme
referred to above in which only the magnitudes of relatively greater importance
are quantized avoids this problem by quantizing only a fixed number of
magnitude values and setting the rest of the magnitude values to a constant
value. Thus at the rcceiver a fixed length vector can be recovered. Such a
solution to the problem however may result in a relatively spectrally flat
excitation model which has limitations in providing high recovered speech
guality.

In an ideal world output speech quality would be maximised by
quantizing the entire shape of the magnitude spectrum, and various approaches
‘bave been proposed for coding the entire magnitude spectrum. In one approach,
the spectrum is DFT transformed and coded differentially across successive
spectra. This and similar coding schemes are rather inefficient however and

operate with relatively high bit rates. The introduction of vector quantization



excitation signal in respect of each frame and applying the excitation
signal to a filter, wherein for each weakly voiced spectral hand, an
excitation signal is generated which includes a random conponent in
the formof a function which is dependent upon the r pitch
period val udvo93/01843 Thus for each franme which has a@%’?@ﬂ’dai ‘hand
that is classified as weakly voi ced, the excitation signal is
represented by a function which includes a girst har moni ¢ frequency
conponent, the frequency of which is depen& nt upon the pitch period
val ue appropriate to that franme, and a second random conponent whi ch

I s superinposedaHpwed Fdieeel J&Eloﬁﬂ@m)@leﬂﬁusmdal and prototvpeTﬁ&rf)ﬁﬂﬂmwﬁi’sonem
may be |ntroduced by feducing the anp i tude of har moni ¢ oscillators

assigned the we reduci ng
t he power of the %gtyﬁg%}wa 1 gﬂﬁlll’ts?'&rugl 2grmtlﬁte OSCI I | at or
frequencies, for exa Ie b shlftln t he oscillators r in fr ency
in the range %;t‘“éoq‘f-ﬁ“’g'gﬂ?{‘ tMethodejogies e‘l?ﬁ‘éaﬁ 6“1" ﬁ‘(ég

mul tiple of the fundanental frequency, and then addln further
random si gnal s. 9¥ARtiZs3 yarighle size input ME“QTSE’F‘?’I‘&F@S% sigg Gﬁl‘!ﬁ:!’?fg“"r aHyarfirst
signals may be random sed at pitch intervals. WO 98/ 01848

PCT/ GB97/ 01831 approach, the input vector is transformed to a fixed size vector which is then

conventionally vector quantized. An inverse transform of the quantized fixed
size vector yields the recovered quantized vector. Transformation techmiques
which have been used include linear interpoiation, band limited interpolation, all
pole modelling and non-square transformation. This approach however
produces an overall distortion which is the summation of the vector quantization
noise and a component which is introduced by the transformation process. In a
second known approach, a variable input vector is directly quantized with a
fixed size code vector. This approach is based on selecting only a limited number
of elements from each codebook vector to form a distortion measure between a
codebook vector and an input vector. Such a quantization approach avoids the
transformation distortion of the alternative technique mentioned above and
results in an overall distortion that is equal to the vector quantization noise, but
this is significant.

It is an object of the present invention to provide an improved variable
sized spectral vector quantization scheme.

According to a fifth aspect of the present invention, there is provided a

speech synthesis system in which a variable size input vector of coefficients to be



15 Thus for a weakly voiced band, sone periodicity remains but the
power of the periodi ¢ conponent is reduced and then conbined with a
random conponent . In a speech synthesis systemin which a
speech si gnal yeegigtgsesented in part by spectral i nfornp¢ieperiossi he
form of harnonic magnitude values, it is possi ble to process an input
speech signal to produce a series of spectral magni t ude val ues and
then to use all of those magnitude val ues atjghar nonic | ocations in
subsequent processing steps. In many circunstances however at | east
sone of the magnitude values contain little information which is useful in
the recovery of ttnansmifted toeeedtiver dolkthe Acxoosteiiatighyofini epedthgsipial de véatbkies
are guanti zed for transm ssion to a receiver it is sensible to discard

magni t ude val ues quantizedhisifg £ estebbék défiriell dyULELE of fiXe@ 528 th©Fodebook vectors
I n one known system an input speech signal is processed to produce an

LPC resi dual si gngifixédsigd atdobeainbd frdmN 28 to8H4 t@ni?{g%ﬂt‘aﬁm gie olation

magni t ude val ues, but only a fixed nunber ose nagnltu ues is

vect or quanti zed I scar ded

magni tuge val ues ‘géri{g" uép‘ylé'tg‘ént e ?e?l’rﬂ?m“o({ fae cr"ecg q‘egenﬁ'éa 1oR ProGedsy Fodebpe o
val ues. This known stem red redundancy but is inflexible in
that the |ocati orf& 8f‘y ?'Ffec‘ﬂ"}?éﬁ&] ﬁife‘F“'B‘fb'e sized WH@KV?‘G‘H@‘W thesintespejation
quantized are always the sane and predeternined on the basi s of
assunption that rPEgcest 30638, igdex asseciatedpwiththe| cachgokcenttt avithethe smallest

difference from the comparison is transmitted, the index being used to address a
further codebook at the receiver and thereby derive an associated fixed size
codebook vector, and the interpolation process being used to recover from the
derived fixed sized codebook vector an approximation of the variable sized input
vector.

The invention is applicable in particular to pitch synchronous low bit rate
coders of the type described in this document and takes advantage of the
underlying principle of such coders which means that the shape of the magnitude
spectrum is represented by a relatively small number of equally spaced samples.

Preferably the interpolation process is lincar. For an input vector of
given dimension, the interpolation process is applied to produce from the
codebook vectors a set of vectors of that given dimension. A distortion measure
is then derived to compare the interpolated sct of vectors and the input vector
and the codebook vector which yields the minimum distortion is selected.

Preferably the dimension of the input vectors is reduced by taking into

account only the harmonic amplitudes with the input brandwidth range, for



It is an object of the present invention to provide an inproved magnitude
val ue quanti zati on system WO 98/ 01848
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According tqo a fourth aspect of the present invention, thergmr | ded a
speech synt h‘@g?g’o%t emin which a speech signal is divi deg%i'r}rlct%gﬂgﬂzleri es
of frames, and each voiced franme is converted into a coded signal

i ncluding a pitch period value, LPC gpefficients, and pitch segnent
spectral magnitude i nformation, wher&fn the spectral magnitude

i nformation is quantized by sanpling the LPC short term magnitude

spectrum at har gRithplel 0 @318KHE.€ Preferd®ly the remhﬁﬁﬁ%kﬂpﬁnﬁ&s L.BGin thE 9686n of
spectral sanples are determned to identify which of the magni t udes

are relatively gg%ﬁ% ﬁp@i&mrﬂmfs toa:f;gb’tgs?]} vqmnti’ﬁfetrkﬂ ] el%n&nggﬂt value is

magni tudes so i led are selecte vector quantfz

fixed nunber of Y RmebE ile S BP abtniRER smPMHEnd 1 ranr oo on, for

exampl e the "low part"” of the magnitude spectrum the invention selects

only Amplitude vectors obtained from adjacent residual frames exhibit
significant amounts of redundancy which can be removed by means of backward
prediction. The backward prediction may be performed on a harmonic basis
such that the amplitude value of cich harmonic of one frame is predicted from
the amplitude value of the same harmonic in the previous frame or frames. A
fixed linear predictor may be incerporated in the system, together with mean
removal and gain shape quantization processes which operate on a resnlting
error magnitude vector.

Although the above described variable sized vector quantization scheme
provides advantageous characteristics, and in particular provides for good
perceived signal quality at a bit rate of for example 2.4Kbits/sec, in some
environments a lower bit rate would be highly desirable even at the loss of some
quality. It would be possible for example to rely upon a singie value
representation and guantization strategy on the assumption thlat the magnitude
spectrum of the pitch segment in the residual domain has an approximately flat
shape. Unfortunately systems based on this assumption have a rather poor
decoded speech quality.

It is an object of the present invention to overcome the above limitation in

lower bit rate systems.



t hose val ues which make a significant contribution according to the

subj ectively | nportant LPC magni tude spectrum thereby reducing
redundancy w t hout conprom sing quality. In one
arrangenent i Rygefidigaance with the invention a pitch segnent pofiGry7o1s31
Pl[err] LPC residual sanples is obtained, where Pl[err] is the pitch period

val ue of the nth frame, the pitch segnent is DFT transforned, the
mean val ue of the resul tant spectral jyagnitudes is cal culated, the
mean val ue is quantized and used as a nornmalisation factor for the
sel ected magni tudes, and the resulting normal i sed anplitudes are
guanti zed. VO 8031iRg 8 a sixth aspect of the present invention, there is provided a
PCT/ GB97/ 01831 17

Al ternatively, thpetdiSsynahétes §fsténhen PARIEH 1S§REBNkighdl GalRideal ifth at RFieRYP
value is quantized and used as a noalisation factor for the selected

magni t udes, and t ' ' ' i .
A the recel ver ., T ReE SR LA AT TR b e B B huE N chfilated piteh
ot her magni tude v I}

| nt er pol ati on codf rﬂé’ﬁz?}é t§ ghngwﬁ%?gﬁeegnﬁ%ao‘?f aggl’%?%hg%fg?'\éfqg“g&“g%‘{lhgfs‘rgich is a

function of the estimated pitch period, and LPC filter coefficients defining an

LPC spectral envelope, and a speech signal of related power to the power of the
input speech signal is reconstructed by generating an excitation signal using
spectral amplitudes which are defined from a modified LPC spectral envelope
sampled at the harmonic frequencies defined by the pitch period.

Thus, although a single value is used to represent the spectral envelope of
the excitation signal, the excitation spectral envelope is shaped according to the
LPC spectral envelope. The result is a system which is capable of delivering high
quality speech at 1.5Kbits/sec. The invention is based on the observation that
some of the speech spectrum resonance and anti-resonance information is also
present in the residual magnitude spectrum, since LPC inverse filtering cannot
produce a residual signal of absolutely flat magnitude spectrum. As a
consequence, the LPC residual signal is itself highly intelligible.

The magnitude values may be obtained by spectrally sampling a modified
LPC synthesis filter characteristic at the harmonic locations related to the pitch
period. The modified LPC synthesis filter may have reduced feed back gain and
a frequency response which consists of equalised resonant peaks, the locations of

which are close to the LPC synthesis resonant locations. The value of the feed



formula to recover speech generally encounter the problem of coding a

vari abl e | ength, pitch dependant spectral anplitude vector. The

quanti zation scheme referred to above in which only the magnitudes of
relatively greater inportance are quantized avoids thisy by
quanti zi ng ?M)?s"’a“ 88 xed nunber of magni t ude val ues ang sg’;"ﬂ‘gjﬂ he

rest of the nagnitude values to a constant val ue. Thus at the receiver
a fixed length vector can be recovered. Suﬁ a solution to the problem
however may result in a relatively spectrafty flat exci tation nodel
which has limtations in providing high recovered speech quality.

I'n an ideal worbgclogHin wiayRadatroletbby thé pePrehdaie JFird DPEGRodY such that it is
guanti zing the entire shape of the magnitude spectrum and vari ous

approaches 1% Rm gﬁe[ﬂ'OBBIQR)gaﬁﬁ the Boﬁ&ﬂis@&d’&&;ﬂ{th&? elgglg nf%ﬁ!‘jgﬁagyc oA ed

spectrum In one appr ectrumi1s rans
differentially across uc essi l\|/e § a] E s and mlar codi n
schenes are rat H% TePRfuced saseeh signal may bt gqual to the energy, o lf“n"r‘@?‘%ftﬁ"\?%q

high bit rates. The introduction of vector quantization
08/ 01848 waveform.
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It is well known that in prototype interpolation coding speech synthesis
systems there are often substantial similarities between the prototypes of
adjacent frames in the residual excitation signals. This has been used in various
systems to improve perceived speech quality by ensuring that there is 2 smooth
evolution of the speech signal over time.

It is an object of the present invention to provide an improved speech
synthesis system in which the cxcitation and vocal tract dynamics are
substantially preserved in the recovered speech signal.

According to a seventh aspect of the present invention, there is provided a
speech synthesis system in which a speech signal is divided into a series of
frames, each frame is converted into a coded signal including LPC filter
coefiicients and at least one parameter associated with a pitch segment
magnitude, and the speech signal is reconstructed by generating two excitation
signals in respect of each frame, each pair of excitation signals comprising a first
excitation signal generated on the basis of the pitch segment magnitude
parameter or parameters of onc frame and a second excitation signal generated

on the basis of the pitch segment magnitude parameter or parameters of a

second frame which follows and is adjacent to the said one frame, applying the



18 al l owed for the devel opnent of sinusoidal and prototype

I nt erpol ati on systens whi ch operate at lower bit rates, typically
around 2. 4Kbi ts/sec. Two vector quantization nethodol ogi es
have been rep@idsw@disski ch guantize a variabl e size i npuCIVERITOIBIN th a
fixed size code vector. In a first approach, the input vector is
transforned to a fixed size vector which is then conventional ly
vector quantized. An inverse transform of tbhg quantized fixed si ze

vector yields the recovered quantized vector. Transformation techni ques

whi ch have been used include linear interpolation, band |imted

i nterpol ati on, alfirst excitatign| signabde| 4 ifing &E@ Alser slog) gharactegisti¢sophmthiichn are
Thi s approach however produces an overall distortion which is the
summat i on of t he deteninedghatitei IR fiber coefficientooftbe azid one dmpoanehipplying lthd S

I ntroduced by the transformation process. In a second known approach,

a variabl e i nput s¥@adQixcitsticli §igedl |ty aGidaotid ZPC ke thé characterikiiosest vilidie af0de
vector. This approach is based on selecting only a |limted nunber of

el ements from eagierMifdddnKiné RPCOhIdrob BicithA oFkiRd Bid icebndRame! fnddeli
codebook vector and an |nput vector Such a quantlzatlon approach avol s

t he transfor LOLt rnat| nti oned
above and %n ciﬂm“gane 8\'; téwts}e cf’ A% \i‘eplés iLgt(ﬁ'ﬁsa ?mgeﬁe one
vector quanti zat on no IS S|gn|f|cant It

is an object of f?f‘é“’p?&sé'ﬁfhﬁsﬁ%?ﬁef‘ﬂ‘rf"f%?prOV| de an inproved variabl e

si zed spectral vector quantization schene.
Preferably the first and seccond excitation signals include the same phase

function and different phase contributions from the two LPC filters involved in
the above double synthesis process. This reduces the degree of pitch periodicity
in the recovered signals. This and the combination of the first and second LPC
filter outputs ensures an ecffective smooth evolution of the speech spectral
envelope on a sample by sample basis.

Preferably the outputs of the first and second LPC filters are weighted by
half a window function such as a Hamming window such that the magnitude of
the output of the first filter is decreasing with time and the magnitude of the
output of the second filter is increasing with time.

According to an eighth aspect of the present invention, there is provided a
speech coding system which operates on a frame by frame basis, and in which
information is transmitted which represents each frame as either voiced or
unvoiced and, for each voiced frame, represents that frame by a pitch period
value, quantized magnitude spectral information, and LPC filter coefficicnts, the

received pitch period valuec magnitude spectral information being used to



According to a fifth aspect of the present invention, there is provided a
speech synthesis systemin which a variable size input vector of

coefficients to be WD 98/ 01848

PCT/ GB97/ 01831 1/01831
transnittedWA8#1$48cej ver for the reconstruction of a speegcl;l,ﬂlgl%nal i's

vect or quanti zed usi ng a codebook defined by vectors of fixed size,

t he codebook vectors of fixed size ar.g obt ai ned fromvariabl e size
training vectors and an interpol ation 4 echni gque which is an integral
part of the codebook generation process, codebook vectors are conpared

to the variabl e%én'ei:ﬁg reSiduh] Y?Eﬁlﬁ‘ratuﬁicnfhcéibﬁ‘r W&l Rpd ﬂhbﬁ&l to LP(Prs%@cﬁS
and an index asSociated with the codebook entry wth the snal

difference fr Om kfﬁl%oﬁpe t e € %tut'l m%mft\\sh?\%arc 'cxin dig%(d l%g tﬁg t!%?lgmlt;eg

address a er co 0ok recelrver an ereb ve an
associ ated fi xed size codebook vector, and the interpolation process
bei ng used to rkeR soefficignts, wherein eagh residual rsignal; i synthesissh Assedie& dr an
approxi mation of the variable sized input vector. The

i nvention i s aptinnseidalamixed excitation| sypthesis procsss, apdchresavered |spegchisignabise

derived from the residual signals.



coders of the type described in this docunent and takes advantage of the
underlying principle of such coders which neans that the shape of the

magni t ude spectrumis represented by a relatively small nunber of
equal | y spaceavessnmbas. Preferably the interpol aptHoB®ncigEss i S
| i near. For an input vector of gi ven di nension, the interpolation
process is applied to produce fromthe codebook vectors a set of
vectors of that given dinension. A distorti@s neasure is then derived
to conpare the interpolated set of vectors and the input vector and

t he codebook vect or mﬁ%ﬁgﬁﬁields the mninumdistortion is selected.
Preferably the dinensi mepts of the, presentiipyention willnemebe Wyscribed.y way of
account only the harnmonic anplitudes with the input brandw dth range, for
VWO 98/ 01848 example, with reference to the accompanying drawings, in which:
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exanple O to 3.4kHz. Migfrerdbh gendra! bleiadingrach AL ehdbdffz prodess hmaécbf‘da'i.‘éﬂ' on
of - 3.4kHz to 4 kHz are set to a constant value. Preferably, the

const ant val ue lSw:ththepr@ﬁHiiinvEﬂ;&me nmean val ue of the quantized _

anpl i t udes. Anpl i tude vectors obtained fron1adjacent resi dua
frar’res eXhI blt %‘lmf hcﬁmstl@mu%é &iat{oggﬂgd%e een CO lngagll eml;ltenaned

by neans of backward

quantisation frames;

Figure 3 is a general block diagram of the decoding process;

Figure 4 is a block diagram of the excitation synthesis process;

Figure 5 is a schematic diagram of the overlap and add process;

Figure 6 is 2 schematic diagram of the calculation of an instantaneous
scaling factor;

Figure 7 is a block diagram of the overall voiced/unvoiced classification
and pitch estimation process;

Figure 8 is a block diagram of the pitch estimation process;

Figure 9 is a schematic diagram of two speech segments which participate
in the calculation of a crosscorrelation function value;

Figure 10 is a schematic diagram of speech segments used in the
_calculation of the crosscorrelation function value;

Figure 11 represents the valuc allocated to a parameter used in the
calculation of the crosscorrelation function value for different delays;

Figure 12 is a block diagram of the process used for calculated the
crosscorrelating function and the selection of its peaks;

Figure 13 is a flow chart of a pitch estimation algorithm;



predi ction. The backward prediction nmay be perforned on a harnonic basis
such that the anplitude val ue of each harnonic of one franme is predicted
from the anplitude val ue of the sane harnonic in the previous frane
or franes. fixed |linear predictor nmay be incorpora

system tog&%%ﬁ’“‘%sth mean renoval and gain shape qugﬁﬁﬁiz@t’q%bg
processes which operate on a resulting error magni tude vector.

Al though the above described variable sizeg vector quantization scheme
provi des advant ageous characteristics, and 1 n particular provides for good
perceived signal quality at a bit rate of for exanple 2.4Kbits/sec, in sone
environnents a | owerFiguie 14atie anfow cthagt 6 glprycedasd usddl in eheepiteli estligationss of

some quality. It would be possible for exanple to rely upon a single
val ue repbﬁ§EQtatI0n and quantization strategy on the assunption that -
t he magni t ude spectrun1of t he pltch segnent in the residual domain

has an approxi mat el Visghd 15 s u RARGare By 9" AL SPbediPl GiTBa HRSRY il N1 S

assunptlon have a rat poor eco speec
I's an object of the ﬁgesent Invention to overcone the above [imtation in
| ower bit rate §§

Figure 16 is a flow chart of a further procedure used in the pitch
estimation process.

Figure 17 is a flow chart of a threshold value selection procedure;

Figure 18 is a tlow chart of the voiced/unvoiced classification process;

Figure 19 is a schematic diagram of the voiced/unvoiced classification
process with respect to paramecters generated during the pitch estimation
process;

Figure 20 is a flow chart of the procedure used to determine offset values;

Figure 21 is a flow chart of the pitch estimation algorithm;

Figure 22 is a flow chart of a procedurc used to impose constraints on
output pitch estimates to ensurc smooth evolution of pitch values with time;

Figures 23, 24 and 25 represent different portions of a flow chart of a
pitch post processing procedure;

Figure 26 is a general block diagram of the LPC analysis and LPC
guantisation process;

Figure 27 is a general flow chart of a strongly or weakly voiced

classification process;
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According to a sixth aspect of the present invention, there is provided a

speech synt he%&m?&iﬁisem in which a speech signal is di vi ded bbtepsucigNl €S

of frames, each frame is converted into a coded signal 1ncluding an

estimated pitch period, an estimate of the energy of a speech segnent

the duration of which is a function of {4she estinmated pitch period, and

LPC filter coefficients defining an LPC spectral envel ope, and a

speech signal of related power to the power of the i nput speech signal

is reconstructed by gdfigus i28gisam diowi takiarOfSENFrocsdury responsibREGSY ahe

anplitudes which are defined froma nodified LPC spectral envel ope

sanpl.ed at the hastronglywealdyveical aassifRhiieled by the pitch period.

Thus, although a single value is used to represent the spectral envel ope of

the excitation signal, S ed a rdi ng

to the LPC spectﬁlg%e%g?%%gérﬁgrhepﬁgm ﬁ*avféi;b\ég, 5539@ 'le% ? P’gﬁ ???E‘aﬁ'ébl e

of delivering hi lity speech at 1. 5Kb|ts/sec The invention is

based on the obsgélﬂ\‘;%cthl'gﬁer 'ﬁ& some of the speech spectrumresonance

and anti-resonance |nf r mat present in the residual

nmagni t ude spectrum si E‘ére iocal e’agcﬂ"’f'f’)f trarkspbtaingd Jor the speegh yttaramce, of

residual signal of absolutely flat magnitude spectrum As a

consequence, the Higure 295 dual si gnal is itself highly intelligible.

The magni tude val ues may be obtai ned by spectrally sanpling a nodified
Figure 31 shows to a larger scale a portion of Figure 30 and represents the

difference befween strongly and weakly voiced classifications;

Figure 32 shows 2 magnitude spectrum of a particular speech segment
and the corresponding LPC spectral envelope and the normalised short term
magnitude spectra of the corresponding residual segment, excitation segment
obtained using a binary excitation model and an excitation segment obtained
using the strongly/weakly voiced model;

Figure 33 is a general block diagram of a system for representing and
quantising magnitude information;

Figure 34 is a block diagram of an adaptive quantiser shown in Figure 33;

Figure 35 is a general block diagram of a quantisation process;

Figure 36 is a general block diagram of a differential variable size
spectral vector quantiser; and

Figure 37 represents the hierarchical structure of 2 mean gain shape

quantiser.



LPC synthesis filter characteristic at the harnonic | ocations related to
the pitch period. The nodified LPC synthesis filter may have reduced
feed back gain and a frequency response which consists of equalised

resonant peaks, the |ocations of which are close to nt hesi s
resonant | o3¥@98M848 The val ue of the feed WD 98/ Ofggghfgﬁ
PCT/ GB97/ 01831 back

gain may be controlled by the perfornmance of the LPC nodel such that it is
for exanple proportional to the normali s7§d LPC prediction error. The energy

of t he roduce na I n t he
ori gi nal Bé ﬁ% g@\?gpﬁtﬁ&m pr 08 inlBhor 1s|qeeg\fr§o evéﬁf’ ﬁ%ﬁ% ra.I

pr ot ot ype i inlc My PC residiyl SignaP 8;;8 are
of ten substag‘?lﬁogﬁhgélrérﬁﬂf}ar I&?ll egh%et menﬁﬂgﬁgl?%t yprgl a}{%ﬁ oﬁg [ accelﬁﬁ

frames i n tametasisdual excitation signals. This has been used in various
systens to i nprove perceived speech quality by ensuring that there is a

snoot h evol ution of the speech signal over tine. It is

an object of the present invention to provide an inproved speech
Speech is synthesised using the following general expression:

s(i) = ZAk(i)cos(Sk(i)+¢k) (1)

k=0

where i is the sampling instant and A, (i) represents the amplitude value of the kth cosine term
cos(@,, (i)) (with @, (i) =9, (i) +¢,) as a function of i. In voiced speech K depends on the
pitch frequency of the signal.

A voiced/unvoiced classification process allows the coding of voiced and unvoiced frames to
be handled in different ways. Unvoiced frames are modelled in terms of an RMS value and a
random time series. In voiced frames a pitch period estimate is obtained and used to define a
pitch segment which is centred at the middle of the frame. Pitch segments from adjacent
frames are DFT transformed and only the resulting pitch segment magnitude information is
coded and transmitted. Furthermore, pitch segment magnitude samples are classified as
strongly or weakly voiced. Thus in addition to voiced/unvoiced information, the system
transmits for every voiced frame the pitch period value, the magnitude spectral information of
the pitch segment, the strong/weak voiced classification of the pitch magnitude spectral
values,.and the LPC coefficient. Thus, the information which is transmitted for every voiced
frame is, in addition to voiced/unvoiced information, the pitch period value, the magnitude

spectral information of the pitch segment, and the LPC filter coefficients.

At the receiver a synthesis process, that includes interpolation, is used to reconstruct the
waveform between the middle points of the current (n+1)th and previous nth frames. The

basic synthesis equation for the residual signal is:



synthesis systemin which the excitation and vocal tract dynamcs are
substantially preserved in the recovered speech signal.

According to a seventh aspect of the present invention, there is provided a
speech synthegipossleas €M i N which a speech signal is divided soriessnomsr i es
of franmes, each frame is converted into a coded signal including LPC
filter coefficients and at | east one paraneter associated with a
pitch segnent magni t ude, and the spﬁsch signal is reconstructed by
generating two excitation signals ifn“respect of each franme, each pair
of excitation signals conprising a first excitation signal generated
on the basis of thecpitch segnment magnitude paraneter or paraneters
of one franthn@%a}E&Mﬂwﬁ*ﬁmw@em)on si gnal generated on the ggﬁis of
the pitch segnent mR&gnitude parareter or paraneters of a seco frame
which follows and is adjacent to the said one franme, applying the

WD 98/ 01848 where MG, are decoded pitch segment magnitude values and phasej(i) is calculated from the
PCT/GB97/ 01831 23 ?ﬂrst
excitation sintggedl of thedinkartsinteRlatéd {rs@ntakiddas Biimbae tfﬁghesxaeg &0 KW 'ugha@&?
determined by the LPC filter coefficients of the said one ffdme an
appl yi ng t hevalue of j ferovlehiopfi}snt at i on signal to a second LPC filter the
characteristics of which are

In the transitions from unvoiced to voiced, the initial phase for each harmonic is set to zero.

Phase continuity is preserved across the boundaries of successive interpolation intervals.

The synthesis process is performed twice however, once using the magnitude spectral vatues
MGj"+| of the pitch segment derived from the current (n+1)th frame and again using the
magaitude values MGJ-ﬂ of the pitch segment derived in the previous nth frame. The phase
function phase;(i) in each case remains the same. The resulting residual signals Res (i) and
Res,, (i) are used as inputs to corresponding LPC synthesis filters calculated for the nth and
(nt+1)th speech frames. The two LPC synthesised speech waveforms are then weighted by
Wy4i(i) and W,(i) to yield the recovered speechrsignal.

Thus the overall synthesis process, for successive voiced frames, can be described by:

S(i) =W, (i)i H" (@) MG cos[phase;.' ) +o" (" (i))]

=0

* W (i)}’i H™! (co 1 ))M ! cos[phase;.' @)+ (m HO)B

=0

3)

where H "@) 'J'(i)) is the frequency response of the nth frame LPC synthesis filter calculated,

at the mj"(i) harmonic frequency function at the ith instant. ¢” (cof;(i)) is the associated

phase response of this filter. mj"(i} and phasej"(i) are the frequency and phase functions
defined for the sampling instants i, with i covering the middle of the nth frame to the middle

of the (n+1)th frame segments. K is the largest value of j for which ;" (i)<m.



determ ned by the LPC filter coefficients of the said second frame, and
wei ghti ng and conbi ning the outputs of the first and second LPC
filters to produce one frame of a synthesised speech signal
Preferably the first and second excitation signals includepthgpsmignphase
function and¥%4Bent phase contributions fromthe two LPCfilters

i nvol ved in t he above doubl e synthesis process. This reduces the
degree of pitch periodicity in thespecovered signals. This and the
conmbi nation of the first and second LPC filter outputs ensures an
effective snooth evolution of the speech spectral envel ope on a
sanple by s | e basis. \ . Preferably the outputs of the first
and second LREahovesesedh é)P’éh"\ﬁléi%‘Pﬁeﬁan#“ccs tWo Bl GSPRRIEOIIRHOL o’ 6kh as

a Hamm ng wi ndow, hat hat . t ni t.ude, of t he out.put .of the first -
filter is d& 8asi°ﬁgt}\)/i Y lcpic&@cgﬁ ﬁqgcenlgﬁr‘??%rﬁ%lé’f@ftg’t?Fé"’dfé“y in i HERVEBH ¢ he
second filter is ingreasjng,Wmih tine. cording to an eighth
aspect of t fg™ly B’s@ﬁf‘mfln‘;‘é%tdi"ﬂﬁ,e Smg?%é* iaga‘fﬁzﬂ\?f‘ﬂ@g‘“ﬁécby an oyTlapraAd pResig
system whi c r.at ' ' [

i nf or mat i ong?sgpﬁgragr???ﬁw&tgggmk %‘“Bé%?’ﬁ@gﬁﬁg’zéﬁﬁ%‘@%g#égﬁﬁw RBA SEBPlEdy o
unvoi ced angamfi@basi@ch voiced frane, represents that frame by a pitch

peri od val ue, quantized nagni tude spectral information, and LPC
filter coefficients, the received pitch period val ue magnitude

spectral information being used to
The LPC excitation signal is based on a "mixed" excitation model which allows for the

appropriate mixing of periodic and random excitation components in voiced frames on a
frequency-band basis. This is achieved by operating the system such that the magnitude
spectrum of the residual signal is examined, and applying a peak-picking process, near the ;
resonant frequencies, to detect possible dominant spectral peaks. A peak associated with a
frequency ®; indicates a high degree of voicing (represented by hv;=1) for that harmonic. The
absence of an adjacent spectral peak, on the other hand, indicates a certain degree of
randoraness (represented by hv;=0). When hvi=1 (to indicate “strong” voicing) the

contribution of the jth harmonic to the synthesis process is MG_, cos(phase,,. (i)) However,

when hv=0 (to indicate “weak™ voicing) the frequency of the jth harmonic is slightly
dithered, its magnitude Mé_ ; is reduced to (MG, 12 ) and random cosine terms are added

symmetrically alongside the jth harmonic w;. The terms “strong” and “weak” are used in this

sense below. The number NRS of these random terms is

W,
NRS=‘2 X[W\\ (4)

where [ 7| indicates rounding off to the next larger integer value. Furthermore, the NRS
random components are spaced at 50 Hz intervals symmetrically about w; o being located in

the middle of such a 50 Hz interval. The amplitudes of the NRS random components are set
to (Mé f /2% NRS) Their initial phases are selected randomly from the [-x, +x] region at

pitch period intervals.
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generate residual signals at the receiver which are applied to LPC speech
synthesi s filJséspibdae characteristics of which are deterni nBET/ERIHHEN

transmtted filter coefficients, wherein each residual signal is
synt hesi sed according to a si nusoi dal m xed excitation synthesis
process, and a recovered speech signal is, derived fromthe residual
si gnal s. WD 98/ 01848

PCT/ GB97/ 01831 25

Enbodi nents of the present invention will now be described, by way of

exanpl e, wi {The hyfiafoemationtroust fhe trausoingsktn i pvpildbls\at thg seceivar addi inharder to reduce

Figure 1 is a general block diagramof the encoding process in accordance

with the pr&chit ra gliecatedfo hv;, the bandwidth of the input signal is divided into a number of
fixed size bands BDy and a “strongly” or “weakly” voiced flag Bhv, is assigned for each
band. In a “strongly” voiced band, a highly periodic signal is reproduced. In a “weakly”
voiced band, a signal which combines both periodic and aperiodic components is required.
These bands are classified as strongly voiced (Bhv,=1) or weakly voiced (Bhv;=0) using a

majority decision rule approach on the hv; classification values of the harmonics @; contained

within each frequency band.

Further restrictions can be imposed on the strongly/weakly voiced profiles resulting from the
classification of bands. For example, the first A bands may always be strongly voiced i.e.
hv;=1 for BD, with k=1,2,...,A, and A being a variable. The remaining spectral bands can be

strongly or weakly voiced.

Figure 1 schematically illustrates processes operated by the system encoder. These processes
are referred to in Figure | as Processes I to VII and these terms are used throughout this
document. Figure 2 represents the relationship between analysis/coding frame sizes
employed. These are M samples per coding frame, e.g. 160 samples per frame, and k frames
are analysed in a block, for example k=4. This block size is used for matrix quantization. A

speech signal is input and processes [, IlI, IV, VI AND VII produce outputs for transmission.

Assuming that the first Matrix Quantization analysis frame (MQA) of kxM samples is
available, each of the k coding frames within the MQA is classified as voiced or unvoiced
(V,) using, Process I. A pitch estimation part of Process I provides a pitch period value P,

only when a coding frame is voiced.



Figure 2 illustrates the rel ationship between coding and matri x

quanti sation franes; Figure 3 is a general bl ock diagramof the
decodi ng process; Figure 4 is a block diagramof the excitation
synt hesi s process; Figure 5 is a schematic di aggaesofoikiie

overl ap and %Wﬂ@cess Figure 6 is a schematic diagramof the
cal cul ati on of an instantaneous scaling factor; Figure 7
is a block diagramof the overall voiced/ unvoiced cl assification and
pitch estimation process Fi dare 8 is a block diagram of the

itch estingti tic di f
!to :/vocspgzclh g’lﬁf?r%n ;oce eéhmpg??lile& PFathe inp s ?&?F&‘Pi% QE@F%?F’IB%S d# ig&amto
crosseort el gdffierd! AC{Rekak Rl 8:10) every L samples s (1 9 bl bEMA SENGURY, bifd m

di agram of speech s&ghents used in n of

crosseorr el giay G2 équalClol P exampR:; 2). ln addmon, k/rEl xg%qntééerr&arxe&e&hé thE Frali2! U€
allocated to a paraneter used in the cal cul ation of the

crosscor r el dimemsiof wfi ttei matrixajuantizeo empliofddeindhrbcede [ThyRhys the LPC filter coefficipntse 12
is a bl ock diagram of thePprocess used for cal culated the
crosscor r el &% qHgntizsAcrsing Porgss Hb aad fransmitisd. dhe jquantigeds raefficients g are used to

Figure 13 is a flo rt itch estination algorith
J derive a residuz gignalci{“(l?_ P g m

When an input coding frame is unvoiced, the Energy E, of the residual obtained for this

frame is calculated (Process VII). ‘/E: is then quantized and transmitted.

When the nth coding frame is classified as voiced, a segment of P, residual samples is
obtained (P, is the pitch period value associated with the nth frame). This segment is centred
in the middle of the frame. The selected P, samples are DFT transformed (Process V) to yield
[(P, +1)72) spectral magnitude values MG", 0<j<[(P, +1}/27, and [(P, +1)/2]] phase
values. The phase information is neglected. The magnitude information is coded (using
Process VI) and transmitted. In addition a segment of 20 msecs, which is centred in the
middle of the nth coding frame, is obtained from the residual signal R"(i). This is input to
Process 1V, together with P, to provide the strongly/weakly voiced classification parameters
hvj" of the harmonics mj". Process 1V produces quantized Bhv information, which for voiced
frames is multiplexed and transmitted to the receiver together with the voiced/unvoiced
decision V,, the pitch period P, the quantized LPC coefficients a of the corresponding LPC
frame, and the magnitude values Mé; . In unvoiced frames only the JE, quantized value

and the quantized LPC filter coefficients g are transmitted.

Figure 3 schematically illustrates processes operated by the system decoder. In general terms,
given the received parameters of the nth coding frame and those of the previous (n-1)th

coding frame, the decoder synthesises a speech signal S, (i) that extends from the middle of
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Figure 14 is a flow chart of a procedure used in the pitch estinmation
process; woosoises Figure 15 is a flow chart of a furtherCricrezeddde used
in the pitch estimation process; Figure 16 is a flow
chart of a further procedure used in the pitch estimation process.

Figure 17 is a flow chart of a threshold gl ue sel ection procedure;
Figure 18 is a flow chart of the voiced/ unvoi ced classification process;
Figure 19 istie @ehikame @ 6@r@addd of e Wi GRAL UTHOI yRtesid Phstkds MALIVED the
process with respect to paraneters generated during the pitch estimation
process; generation in p#tialjelraf tRQ ckeitation kigmalcRes, (i) afd Rew. () whiehlarecused exlddive
determ ne of fset val yes; ure 21 is a flow chart of the

i
i tch est i matWeISPgRRELRG synthesis filters 17.4,2) gl d /72 (3 e Focfirieninpt which are
ot e oot ARV G Cebifed RlaplifesBetviepts 4 e ourbius K se X 2 ot dsers,
24 and 25 r egﬁﬂﬁﬁl}t ﬁlgzlégu %xgc_r ﬁr@i&ht@&’ fahdi gﬁ&edotfo ;Q'O\frihé) W s%@@cﬂt seginex?t which is B‘le;l Cp%st

post processing proc
filtered to yield the recovered speech S,(i). The excitation synthesis process used in both

paths of Figure 3 is shown in more detail in Figure 4.

The process commences by considering the voiced/unvoiced status Vi, where k is equal to n
or n-1, (see Figure 4). When the frame is unvoiced i.e. V,=0, a gaussian random number
generator RG(0,1) of zero mean and unit variance, provides a time series which is
subsequently scaled by the \/—ET value received for this frame. This is effectively the
required:

Res, (i) = JE: x RG(0,1) (5)

signal which is then presented to the corresponding LPC synthesis filter 1/ 4, (2) , k=n or n-

1. Performance could be increased if the _JE,, value was calculated, quantized and

transmitted every Smsecs. Thus, provided that bits are available when coding unvoiced

speech, four ,,Ek £ » £=0...3, values are transmitted for every unvoiced frame of 20msecs

duration (160 samples).

In the case where V=1, the Res,(i) excitation signal is defined as the summation of a
"harmonic" Reskh(i) component and a "random” Res,'(i) component. The top path of the
V=1 part of the synthesis in Figure 4, which provides the harmonic component of this mixed
excitation model, calculates always the instantaneous harmonic frequency function mj“(i)
which is associated with the interpolation interval that is defined between the middle points

of the nth and (n-1)th frames. (i.e. this action is independent of the value of k). Thus, when



Figure 26 is a general block diagram of the LPC analysis and LPC

quanti sati on process; Figure 27 is a general flow chart of a
strongly or weakly voiced cl assification process; WO

98/ 01848 PCTI/GBY7/01831
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Figure 28 is a flow chart of the procedure responsible for the

strongl y/ weakl y voi ced classification. Figure 29 represents a
speech waveform obtained froma parti cul4r speech utterance;

Fi gure 30 f t L &6k ' . : ) Ulih efa f
Figure 29; Sl BEQUFREke, G0 GBI Hn U bl FRGRRR L' PR

Fi gure 30 BRsESEeNnt s the di fference between strongly and weakly

voi ced cl assitTicatiQpns; aa Figure 32 shows a magnitude spectrum of -
a particul Y (prege b ient, 2xr2» and the correspondi ng LPC spectr )

envel ope and the normdised short term magni t ude spectra of the

correspondi ng resi dual segnment, excitation segment
with 05 j <[(Py,, +1)/2],0si<M and P, =max|[7,.P,,}

The frequencies, £ and t}z"‘ are defined as follows:
I) When both the nth and (n-1)th coding frames are voiced i.e V,=1 and V=1, then the
pitch frequencies are estimated as follows:
a)If|P,~ P, |$02%(P,+P,) )
which means that the pitéh values of the nth and (n-1)th coding frames are rather
similar, then:

fi =i+ (=) ¢ RUG-ara) @

o { F i if =V, =1)AND (P, - P,,|> 02(F,_ + P.,)) )
1 b otherwise

The f}”~ value is calculated during the decoding process of the previous (n-1)th

coding frame. hvj“ is the strongly/weakly voiced classification (0, or 1) of the jth
harmonic mj". P, and P, are the received pitch estimates from the n and n-1 frames.
RU(-a,+a) indicates the output of 2 random number generator with uniform pdf within

the -a to +a range. (a=0.00375)

b)if |, - P\|>02x (P, + F..,) (10)
then [ j"' = j(-};——b) + (1 - hvi Jx RU(~a,+da) (11)
and 'IIJ' =f,.""" +bxj

where b is defined as:
| _02(F, +5,.)

-t - __1
b=‘-/ Pn 5 Pu =1 x sgn(-—l--f,-"""J (12)

P

»




obtai ned using a binary excitation nodel and an excitation segnent obtained

using the strongly/weakly voi ced nodel ; Figure 33 is a general
bl ock di agram of a system for representing and guanti si ng magni t ude

i nf or mati on; 08/01 Figure 34 is a block diagramof an asaptsove1ssi
quanti ser shotR PR Bﬁfgure 33; Figure 35 is a general block

di agram of a quantisation process; Figure 36 is a general bl ock

diagram of a differential variable size 35 Spect ral vector quantiser; and
. . . ] .
Figure 37 represents the hierarchical struCture of a nmean gain shape

quanti ser. Notice Wat 85¢49d & Svhich applies for significantly different P_ and P, , pitch estimat
PCT/ GB97/ 01831 PP s Y e K EyStemEn

accordance Wi t requinionsrié¢ sedt]2i enmea thao thei rate df whangeast theb@d) funtticr isyredtiicted to
general terns ngadiprgnp i eater detail. The system operates on an LPC
resi dual si gnaIC' . ¥ W. frame basis. Speech is synthesised using
the foll ow ng generakisexpressi on: '

II) When one of the two coding frames (i.e. n, n-1) is unvoiced, one of the following two

definitions is applicable:

a) for V=0 and V =1

1 P +1
z,,=_. OS' n
It =g /{2]

n

and fj"" is given by Equation (8).
b) for V_ ;=1 and V =0

f}z‘" is set to the fj " value, which has been calculated during the decoding process of

the previous (n-1)th coding frame and f;'* = £2"".

Given o;'(i) the instantaneous function phase;"(i) is calculated by:
(fjl.n - f?iz‘”)

hase” =2n
prase, 2M

i* +2nf i+ phase"™ (M) for0<j< Bone 1
o P 2] @

and 0<i< M

Furthermore, the "harmonic" component Re s, (i) of the residual signal is given by:
l_'...u]_,

2
Resj()= Y, C;(i)x MG|(hv})xcos|phase; (D] 0<i<M (14)

J=0

where k=n orn-1,

C,(H= 0 ffm:{'(l..)>n.
1 foi(<n
Ak ko
ok (MG“J Y(2)  orwi=d 1s.;<V‘ +]
MG; (hv;)={ MG} Jor v} =1 2
0 otherwise, including j =0

and



Klerr] where i is the sanpling instant and Ak(i) represents the
anplitude value of the kth cosine term[err] pitch frequency of the

si gnal . A voi ced/ unvoi ced cl assification process allows the coding of
voi ced and unvoiced frames to be handled in different ways. Unvai 1‘6“2
frames are nX28088in terns of an RVS value and a random WT@B%"@? s. In
voi ced frames a pitch period estimate is obtained and used to define a
pitch segnent which is centred at the mddle of the franme. Pitch segnents
from adjacent franmes are DFT transforned3@nd only the resulting pitch
segnent nmagnip@tie jangor [ IS 1C . m.tted., Furtherpmgre, pitch
segnent magni tﬁ’de Jsﬂérfpl’ sp*afg Ic ags??ﬁged%algwgé'%ﬁ'gﬁwf ‘6?'"%%% J\;g'l cging
Thus in addi frh@e with i sradnvoi ced i nformation, the system transmts for
every voiced franme the pitch period value, the nagnitude spectral
information of the pitch segnent, the strong/weak voiced classification of
the pitch magni tude spectral values, and the LPC coefficient. Thus, the
information which is transmtted for every voiced franme is, in addition to
voi ced/ unvoi ced information, the pitch period value, the nagnitude

spectral information of the pitch segnent, and the LPC filter coefficients.
At the receiver a synthesis process, that includes interpolation, is used
to reconstruct the waveform between the m ddle points of the current
(n+l)th and previous nth frames. The
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[err] where M5 are decoded pitch segnent magnitude val ues and
phase[err] (i) is calculated fromthe integral of the linear IP&)G%?%,QQI at ed
i nst ant aneous W& A8 frequencies [err](i). Kis the |largest value of]

for which [err]. In the transitions fromunvoiced to voiced, the initial
phase for each harnonic is set to zero. Phase continuity is preserved
across the boundaries of successive inter p% ation intervals. The

synthesis process is perforned twi ce however, once using the magnitude

spectral val Upg seb6Hd path oPfthd ¥E=1PLdsElin ?fgtﬁ?@@tpr&fl?deg Wﬁf/dn(eif?@ Jx@i%iﬁyr rent

(n+l)th frame and again using the magnitude val ues rr ﬁgme”l’e@h

segment der i VRels[i(#). T parficalus, @ien fctedovans str&rigg/\om;aﬁvoiéddre%éiﬂ&ﬁon values hy*
phase[err] (i) in each case remains the sane. lThe resulting resi dua? sighal s

Res[err] (i) dheisysrassalqulates for those hsmaniss with byt the neroberad pordinspubdi@al NRS
synthesis fil éoﬁ{pﬁn&@, Wc%ta?gugeg to xta.t:x'gorrrﬁgp the rclglxre:spomiing harmonic. This is:

cax| Q1
NRS =2x Lu x G0/ ﬁ)] (15)

where fs is the sampling frequency. Notice that the NRS random sinusoidal components are

located symmetrically about the corresponding harmonic @ ’; and they are spaced 50 Hz

apart.

The instantaneous frequency of the gqth random component, q=0,1,..,NRS-1, for the jth
harmonic @ is calculated by:

0}, (D=0} +2n x 25/ )+ (4 - (NRS/2))x 21 x (50/f5 for O< j <[f—-2if] (16)

and 0<is M
The associated phase value is:
o}, (M)-0*, (0) P +1
Ph} (i) = =22 537 A—i’ +in], (0)+0¢,, for 0< j<‘-_2—+-] amn

and 0<is< M

where ¢, , = RU(n,~n) . In addition, the Pk, (i) function is randomised at pitch intervals

(i.e. when the phase of the fundamental harmonic component is a multiple of 2, i.e.

mod(phase} (1), 2n )= 0).

Given the th ¢ (1) , the random excitation component Res, (i) is calculated as follows:

[P_,ﬂ]_

2 NRS~

Res;()= ). Z'c,._,, (i) x MG}, (hv}) x cos(Ph}, () 0Si<M (18)
J=0 y=0

where



(n+l)th speech franes. The two LPC synt hesi sed speech waveforns are then
wei ghted by Werr] (i) and Werr] (i) to yield the recovered speech signal.
Thus the overall synthesis process, for successive voiced franes, can be

descri bed by: [err] where H' ([err] (i)) is the freqy Jeishonse of
the nth frafO W848y nt hesis filter calculated, at the [errf](q&'g‘9 Rar moni c
frequency function at the ith instant. [err] " (i)) is the associated
phase response of this filter. [err](i),and phase[err](i) are the frequency
and phase functions defined for the sa}wspl ing instants i, with i covering
the mddle of the nth frame to the mddle of the (n+l)th frame segnments. K
Is the largest valu —wWhi h[err] i)[err]. WO 98/ 01848

PCT/ GB97/ 01831 ((Mé‘)/t 2NRSf forh v =0 :.Pp+l The above
speech synM@‘?(lw *ped@ess introduces tvya,-},p‘ha e Hfsper st DA Termd i .

[err]" ([err](i [err]([err](i)) "which éffectivel U e de ree
of pitch per| odicit %I n the recovered signal. In addoklle(;)‘ﬁgc ’E"Iéﬁ'gd’o

synt hesi s" arrangenent followed by an overl ap-add process

& .
o, {H>n
mL,(i)Sn

0
Cla®= {1

Thus for V=1 voiced coding frames, the mixed excitation residual is formed as:

Res, (i) = Resy () +Resj(i) (19)
Notice that when V=0, instead of using Equation 5, the random excitation signal Res, (i) can
be generated by the summation of random cosines located 50 Hz apart, where their phase is

randomised every A samples, and A<M, i.e

Res, (i) = Z cos(Zn(ﬁ/SO) +8(i~AxE ~4)x RU(-n4n))  where

=1

(20)

£=012,..,and 0<Si< M and

¢ is defined so as to ensure that the phase of t’he cos terms is randomised every A samples
across frame boundaries. The resulting Res,(i) and Res,_(i) excitation sequences, see Figure
4, are processed by the corresponding 1/ 4, (z) and 1/ 4,_,(z) LPC synthesis filters. When
coding the next (n+1)th frame, 1/ 4, ,(z) becomes 1/ A (z) (including the memory) and
1/ A, (z) becomes 1/ 4,,,(z) with the memory of 1/ A (z). This is valid in all cases except
during an unvoiced to voiced transition, where the memory of the 1/ 4,,,(2) filter is set to
Z210. 'ﬁ\: coefficients of the 1/ A (z) and 1/ 4,_,(z) synthesis filters are calculated directly
from the nth and (n-1)th coding speech frames respectively, when the LPC analysis frame
size L is equal to M samples. However, when L#M (usually L>M) linear interpolation is used
on the filter coefficients (defined every L samples) so that the transfer function of the

synthesis filter is updated every M samples.



ensures an effective snooth evolution of the speech spectral envel ope (LPC)

on a sanple by sanple basis. The LPC excitation signal is based on a

"m xed" excitation nodel which allows for the appropriate m xing of

peri odi c and pxaéwEggXxcitati on conponents in voiced franes OFCHGB9I7/01831

frequency-band basis. This is achieved by operating the system such that

the magni tude spectrum of the residual signal is exam ned, and applying a

peak- pi cki ng process, near the [err] resggant frequencies, to detect

possi bl e dom nant spectral peaks. A peak associated with a frequency [err]

i ndi cates a high degree of voicing (represented by hv[err]=1) for that

har noni c. Th absence of an ad|acent spectral peak, on the other hand,

i ndi cates a c8f PUPR thyse ”a‘iﬁddﬂ'mé‘ges {(.E.E(@raeéé?a(lhd{cwigt;z@@ﬁw}r_hﬁﬁed afden

hv[err]=l (tgyindi " o VQECkng) the coptribution of the jt

har noni ¢ to ?%%H%%‘?%@g?%ﬁlgﬁg%ggggf hﬁ@’éé%(‘ﬁf‘l‘ag;{'}ef'?'] (i)) However, when

hv[err]=0 (to indicate "weak" voicing) the frequency of('ltv[]; jt]h) har(rjmnl Cdl S

slightly dithgred, pit it x}Vﬁerr] is reduced to err and random

cos?ne ¥ernsbgég‘é%%ééjﬂggﬂﬁgﬁgﬁca' y alongside the jth harnmonic [err]. The

terns "strozg%@;nd "weak" aie used in this sense below. The nunber NRS of

t hese rando nm is J[err

(4) where [err] i ndi cates rounding off to the next |arger integer

val ue. Furthernorel the NRS random conponents are spaced at 50 Hz

intervals symretrijcal |y abouy [,rr]y [err] being located in the m ddle of

such a 50 Hz i nterh@p4—Fh6éc 9es of farlles NR3/r andom conpamai, s ar e set

to [err] _[(;,;E‘.lg1= heir initi hases are selected randomy fromthe [err],
regl on*at

itch period intervals.
err]] P for 0 <i<025M

i —025M
05-05 s( ’———) 25M <i <0.
cog m 05M 1 Jor 025M <i <0.75M whenV, =V,
1 for 0ISM <i< M
(21)
and
054 — 0.46cos(2" (+ M- 0'5)) for0<i<M whenV, =V, ,
2M -1 "
W, (i) =1 .
1 for0<i<025M
05+05 cos(n 56.5_055-')‘{') Jor 025M <i <075M whenV, 2V,
qu Jor0Q.I5M<i< M
(22)

X «(f) is then filtered via a PF(z) post filter and a high pass filter HP(2) to yield the speech
segment S',(i). PF(z) is the conventional post filter:

A(z/b)
PF(z)=——%(1-pz™
@= 27"

23)
with b=0.5, ¢c=0.8 and p=05K}.K} is the first reflection coefficient of the nth coding

frame. HP(2) is defined as:
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hv[err] information nust be transnmitted to be available at the receiver
and, in order t uce the bit rate allocated to hvj, th i of

t he i nput sﬁaﬂggmﬁg divided into a nunber of fixed size bgh S B%%ggy] and
a "strongly" or "weakly" voiced flag Bhv[err] is assigned for each band.
In a "strongly" voiced band, a highly periodic signal is reproduced. In a
"weakl y" voi ced band, a signal which cofBi nes both periodi ¢ and aperi odic
conponents is required. These bands are classified as strongly voiced
(Bhv[err]=1) or weakly-voiced (Bhv[err]=0) using a majority decision rule
approach on Ame) 4 —classification values of the harnonics [ergk)
contained within lea®B frequency band. Further restrictions can be

i nposed on the strongly/weakly voiced profiles resulting fromthe
classificatgmmbgahbaggg;mﬁmﬁ=@mgque, the first [err] bands may al ways be

strongly voiced'i.e. hv[err]=1 for BDk with k=1,2,...,[err], and [err]
being a variable. The remai ning spectral bands can be strongly or weakly
voi ced. Figure 1 schematically illustrates processes operated by the

syst em encolieprdemiseensussrthatethe encreyaplothe efcovered S(ib signal s guesevad, as cémparebes |
to Vi1 and E.lpa csf thg %{:}}3 se%qxgnclé,s ae &:altubgr t‘e)ulzjtgp géj Es Ja[yulsated every LPC frame of L samples.

5C, = |2
=\E @s)

=1 L
where: E/ =Z)(,(i)2 and E, = ZS,’(:')z
iul im0
SC, is associated with the middle of the Ith LPC frame as illustrated in Figure 6. The filtered
samples from the middle of the (1-1)th frame to the middle of the 1th frame are then multiplied

by SC,(i) to yield the final output of the system, S(i)=SC,(i)xS'|(i) where:

SC,(i) = SCW,(i) + SC,_ W, (i) Osi<L 26)
and

W,(i)=05—05cos(nz—'—3) 0<i<l

W,_,(i)=0.5+0.500{1t-2—i—1) 0si<L

The scaling process introduces an extra half LPC frame delay into the coding-decoding

process.

The above described energy scaling procedure operates on an LPC frame basis in contrast to
both the decoding and PF(z), HP(z) filtering procedures which operate on the basis of a frame

of M samples.

Details of the coding processes represented in Figure 1 will now be described.



docunent. Figure 2 represents the relationship between anal ysi s/ codi ng
frame sizes enployed. These are M sanples per coding frame, e.g. 160
sanpl es per frame, and k frames are analysed in a block, for exanple k=4.
Thi s bl ock si 0 bgiergeed for matrix quantization. A speech spgfeBeimssinput
and processes I, II1l, 1V, VI AND VIl produce outputs for transm ssion
Assum ng that the first Matrix Quantization analysis frane (MQA) of kxM
sanples is available, each of the k codi franmes within the MQA is
classified as voiced or unvoiced (V[err]) using, Process |I. A pitch
estimation part of Process | provides a pitch period value Plerr] only
when a coding frame is voi ced. WD 98/ 01848

PCT/ GB97/ 018Xxocess I derives a vmced/unvmced (V/UV) classification V,, for the nth inp@@Zodiflg dRARES

Il operates in,parallel on t eech sanpl es and estimates p LPC
filter coef FP%@@?I??’%S (‘fpétlc 5’??15‘?@ Wﬁﬁﬂ‘%‘éf@ie M9 this frame; Jhis progess sl e
of Mi.e. 18d Flbud®y be equal to for exanple 2). In addition, k/mis
an i nt eger an represents the frame dinension of the matrix quantizer

enpl oyed in Process Ill. Thus the LPC filter coefficients are quantized,
using Process Il and transmtted. The quantized coefficients [err] are

used to der Mue VAJVeand piteh estingmioh afji@sis frarhe is centred at the middle M,,, of the (n+1)th
coding frame with 237 samples on either side. The signal x(i) in the above analysis frame is
low pass filtered with a cut off frequency f.=1.45KHz and the resulting (147, 147) samples
centred about M, are used in a pitch estimation algorithm, which yields an estimate | SV
The pitch estimation algorithm is illustrated in Figure 8, where P represents the output of the
pitch estimation process. The 294 input samples are used to calculate a crosscorrelation
function CR(d), where d is shown in Figure 9 and 20<d<147. Figure 9 shows the two speech
segments which participate in the calculation of the crosscorrelation function value at “d”

delay. In particular, for a given value of d, the crosscorrelation function pd(j) is calculated

for the segments {x; }4, {xg}d,as

Pd(f)=T 27
\B:_(;) )\/ S (Eo-21)

where:

xL" ()y=x -dHjH), xR" (D)=x(M,,+j+), for O<isd-j-1, j=0,1,..f(d) (Figure 10
schematically represents the X; and X speech segments used in the calculation of the
value CR(d)and the non linear relationship between d and f(d) is given in Figure 11 ')E;'_ and

%3 represent the mean value of the {x,}9and {xp}4 sequences respectively.

The algorithm then selects max[p9(j)] and defines CR(d)= osnj]sarﬁ ) [P9()], 20<d<147.

In addition to CR(d), the box i_n Figure B labelled "Calculation of CR function and selection
of its peaks", whose detailed diagram is shown in Figure 12, provides also the locations loc(k)



When an input coding frame is unvoiced, the Energy E[err] of the residual
obtained for this franme is calculated (Process VII). [err] is then

guanti zed and transm tted. When the nth coding frame is classified as
voiced, a s Pl[err] residual sanples is obtained kfy the
pitch peri oﬁgmgggassoci ated wwth the nth frame). This seg;&éﬁﬁ}b‘éﬁgentred
in the mddle of the frame. The selected P[err] sanples are DET transforned
(Process V) to yield [(P[err] + 1)/2] splégtral magni t ude values Merr],
[err] + 1)/21, and [(P[err] + 1) /21 pha val ues. The phase information
is neglected. The nmagnitude information is coded (using Process VI) and
transmtted. In addition a segnent of 20 nsecs, which is centred in the

m ddl e of tofehenpdaks oflthegCR{dy functiors, vaistesk=rie2]...;Npand Np iy the intmbkr of gpakd in a
Rlerr](i). This is input to Process |V, together with Plerr] to provide

t he stronglGRdpBmEYon,0i ced cl assification parameters hv[err] of the
harnonics [err]. Process |V produces quanti zed Bhv information, which for
voiced frames is nmultiplexed and transmtted to the receiver together with -

hoant s voq. B 15 86 bibgk Bl of 6 plocest UfoRibdle BARUBRIr ¥ LR AiSign apd,
magni t ude %k&‘?@cﬁﬁﬁafﬁi ﬂ»eaké.nAyana@&Qgibem&),%lﬁefm@jhmrﬁ&etexﬂﬁ@aa.us.zed

val ue and e quantized LPC filter coefficrents [err] "are transmtted.
Figure 3 schematically illustrates processes operated by the system

decoder. In neral. , ¢; JLYEQ the received paraneters of the n codi ng
frane and tﬂ’gg)e‘ (4415‘?‘@(5166@31&1‘115th codi ng frame, the decoder(%])
synt hesi ses a speech signal S[errlL i) that extends fr the m ddl e of

where 'c=0.08 whet (v; =) ANDJat, ~ 21 <015 x (2, + £/)PRU, =]

max

AND(d >0875x PYAND(d <1125x P;
or¢c=0 elsewhere.

and constants a and b are defined as:

b 0.025 0.04 0.05

a 0.0005 0.0005 0.0006
V'n 1 1 0
\A 1 0 1/0

dne is equal to the value of d for which CR(d) is maximised to CR,}” . Using this threshold
the CR(d) function is clipped to CR (d). i.e.

CRy(d)=0 for CR(d)<th(d)

CR, (d) =CR(d) otherwise.

CRy (d) contains segments G, 5=1,2,3....., of positive values separated by Gy runs of zero
values. The algorithm examines the length of the G, runs which exist between successive G
segments (i.e. G, and Gg,,), and when Gy < 17, then the G; segment with the max CR(d)
value is kept. This procedure yields CR .(d), which is then examined by the following “peak
picking” procedure. In particular those CR, (d) values are selected for which:

CR,(d)>CR,(d-1) and CR,(d)>CR, (d+1)
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frame to the mddle of the nth frane. This synthesis process invol ves the

generation i nypakgisye! of two excitation signals Res[err](i)rcarshoroisn
Res[err] (i) which are used to drive two independent LPC synthesis filters

| / Alerr] (z) and 1/ Alerr] (z) the coefficients of which are derived
fromthe transnitted quantized coefficients [err]. The outputs Xferr] (i)
and X/err] (i) of these synthesis filters are weighted and added to provide
a speech segnent which is then post filtered to yield the recovered speech
S[err](i). The excitation synthesis process used in both paths of Figure 3
i s shown i n Heweverieertain pepks @npgreiected it The process conmences by considering

t he voi ced/ upyo},c t e k is equal ton or n-1, (see Figure
4) . Wen theEFFQ?fga)gmgéﬁnwg? V[err]=0, a gaussian random nunber

gener at or RG@Q f n Ntk=var \gn QY| ’;ﬁlrfo. jof'S
which is su sse&égeurrﬁgl tg/ﬁtz?:ﬁaél ggﬁbgﬁ{r’]ﬁoe&ﬂgr‘ﬁi'v'a ug&;‘se@éi vg%ﬁlfssr th%rgo"?ﬁg‘}r?e.

This is effegRiygl d)€The' 1B64tIonE @ of the h&dveldefined CR,(d) peaks are given by lo
(5) signal V\/nfgﬁ i|{ﬂst,‘kthen presented to the correspd’r(\d)l I’Il)g LPC gynt hgsi‘s:(k)

filter 1/ Azl Nw), k=n or n- 1. Performance could be increased if the
[err] value was cal cul ated, quantized and transnmtted every 5nsecs. Thus,
provi ded that bits are avail abl e when codi ng unvoi ced speech, four [err]
[err], values are transmtted for _everP/ unvoi ced frane of 20nsecs . .
CR(d) and loc(k) are used as inputs to the following Modified High Resolution Pitch
Estimation algorithm (MHRPE) shown in Figure 8, whose output is Py, ,,. The flowchart of
this MHRPE procedure is shown in Figure 13, where P is initialised with 0 and, at the end,
the estimated P is the requested Py ,,. In Figure 13 the main pitch estimation procedure is
based on a Least Squares Error (LSE) algorithm which is defined as follows:
For each possible pitch value j in the range from 21 to 147 with an increment of 0.1x j. i.e.
j €{21,23,2527,30,33,36,40,44,48.53,58.64,70,77.84,92,101,111,122,134} . (Thus 21 iterations
are performed.)

1) Form the muitiplication factor vector:
1 —
i, =[~loc
"L ]
2) Reject possible pitch j and go back to (/) if

a) the same element occurs in U; twice.

b) the elements of U, have as a common factor a prime number.

3) Form the following error quantity

E,=loc loc~2p,a, loc+ p’a, "5

i
where
—T

cuj

—

P; =

(=

i
4) Select the pj; value for which the associated Eror quantity Ej is minimum.

Ge.jsE,<E; Vje{21,23,.134}). Set P=p;.



duration (160 sanples). In the case where V[err]= 1, the Res[err] (i)
excitation signal Is defined as the summation of a "harnonic" Reskh(i)
component and a "randont Res[err] (i) component. The top path of the
Mlerr]=1 part of the synthesis in Figure 4, which providespéhigpiiigini c
conponent of%® 1 xed excitation nodel, calculates always the

I nst ant aneous harnoni ¢ frequency function [err] (i) which is associated
with the interpolation interval that is defined between the m ddl e points
of the nth and (n-1)th franes. (i.e. thi* action is independent of the
val ue of k). Thus, when WD 98/ 01848
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frame, [er mhengxtitwo geherall conditionssiRrgect Hixhpst Delayf (RQUSGE S Refe@t/ Idwesl BElay" and
linear interpolation i.e. [err]

(6) wi t hldo§hrake jnshaded in arddr @ rejert] fal;snmt@iP[ double!’ lor "half" vEhes hndipgenetad s

[err] and [err] are defined as follows; When both the nth and (n-1)th
codi ng f raml‘lfrcén%i'%ﬂ‘ °B‘“\7{°é¥‘i“f‘=1°féh%lsy§{°@r Fhe-Rejec Highestdelay” condiden
frequenci es a gstlrrated as follows: [err]

mvovcs nstraits

i) if P=0 then reject ioc(Np).

i) if loc(Np) >100 then find the local maximum CR(d,,) in CR(d) at the vicinity of the
estimated pitch P (i.e 0.8xP to 1.2xP) and compare this with th(d,,), which is determined
as in Equation 28 Reject loc(Np) when CR(d,,,)<th(d,)-0.02.

iii) If the error Ej; of the LSE algorithm is larger than 50 and i, (Np)=Np with Np>2 then

reject loc(lip).
The flowchart of this is given in Figure 14.

The "Reject Lowest Delay" general condition, whose flowchart is given in Figure 15, rejects
loc(1) when the following three constraints are simultaneously satisfied:
i) The density of detection of the peaks of the correlation coefficient function is less than or

equal to 0.75. i.e.
Np
up, (Np)

<075

ii) If the location of the first peak is neglected (i.e. loc(1)), then the remaining locations
exhibit a common factor.
iii) Thq value of the correlation coefficient function at the locations of the missing peaks is
relatively small compared to adjacent detected peaks. i.e.
If up,~up,(k)>1, for k=1,..Np. then
for i=up, (k) +1 : up,(k+1)-1
a) find local maximum CR(d,,) in the range from (i-0.1)xloc(1) to (i+0.1)x
loc(1).
b) if CR(dy,,) <0.97xCR(up,(k)) then Reject Lowest Delay, END.

else Continue



whi ch neans that the pitch values of the nth and (n-1)th coding franes are
r at her simlar, then: [err] The [err] value is
cal cul ated during the decodi ng process of the previous (n-1)th

coding frame. yyhsdigds 1 S the strongly/weakly voiced cl assifi pet/cBIvoiss1 or

1) of the jth harmonic [err] Plerr] and Plerr] are the received
pitch estimates fromthe n and n-1 franes. RU(-a, +a) indicates the
out put of a random nunber generator with yaiform pdf w thin the -a
to +a range. (a=0.00375) b) if [err]

(10) then [err] (11) and [err]
where b is defined as: [err]

This concludes the pitch estimation procedure of Figure 7 whose output is Py,,,.. As is also
illustrated in Figure 7 however, in parallel to the pitch estimation, Process I obtains 160
samples centred at the middle of the M, coding frame, removes their mean value, and then
calculates R0, R1 and the average R,, of the energies of the previous K non-silence coding
frames. K is fixed to 50 for the first 50 non-silence coding frames, increases from 50 to 100
with the next 50 non-silence coding frames, and then remains constant at the value of 100.
The flowchart of the procedure that calculates R,,, R1, RO and updates the R, buffer is
shown in Figure 16, where “Count” represents the number of non-silence speech frames, and
“4++” denotes increase by one. Notice that TH is an adaptive threshold that is representative
of a silence (non speech) frame and is defined as in Figure 17. CR in this case is equal to

CRE™ .

wel

Given RO, R1, R,, and CRy™ , the V/UV part of Process | calculates the status Vy,,,, of the

n+1 frame. The flowchart of this part of the algorithm is shown in Figure 18 where “V”
represents the output V/UV flag of this procedure. Setting the “V” flag to 1 or 0 indicates
voiced or unvoiced classification respectively.  The “CR” parameter denotes the maximum
value of the CR function which is calculated in the pitch estimation process. A diagrammatic

representation of the voiced/unvoiced procedure is given in Figure 19.

Having the V)., value, the Py, , estimate and the V', and P'; estimates which have been
produced from Process I operating on the previous nth coding frame, as illustrated in Figure
7, part b, two further locations M, ;+d! and M, ;+d2 are estimated and the corresponding
[-147,147] segments of filtered speech samples are obtained as illustrated in Figure 7, part b.

These additional two analysis frames are used as input to the "Pitch Estimation process” of
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35 Notice that in case (b) which applies for significantly different
Plerr] and P[err] pitch estinates, equations 11 and 12 ensure that the
rate of change of the [err] (i) function is restricted to peygromol®ir] 1)
When one of B codi ng frames (i.e. n, n-1) is unvoiced, one of the
follow ng two definitions is applicable: a) for Verr]=0 and V[err]
=1 [err] and [err] is gi veh by Equation (8). b) for
Vierr] = 1.and V[ et

50 e er ' et,,to, the [err
val ue, whi OREds Hé"é#@a-r@&f‘%? [udr+%?¥‘%§°?ﬁﬁ’£“°cfrg‘1:%a&‘%“§aéﬁﬁFb%‘é%‘iﬂéfgg""" il the t he
previ ous (ﬁéﬁa%&m&gzd.rane and [err] [err]. Gven [err] (i) the
i nstant aneous function phase[err](i) is calculated by: [err]

Furthernore, the "harnonic" conponent Re s[err] (i) of the residual signal
Is given by: [err]

The final step in part (a) of Process I of Figure 7, evolves the previous V/UV classification
procedure of Figure 8 with inputs RO, R1, R,,, and
CR = max|CRE ,CRI™ oo, R 2 |

to yield a preliminary value V).

In addition, a multipoint pitch estimation algorithm accepts Py,..., Pumoisdts PMoorsazs Viets
Ppt» V', P', to provide a preliminary pitch value P, The flowchart of this muitipoint pitch
estimation algorithm is given in Figure 21. where P,, P, and P, represent the pitch estimates

associated with the M, 141, M+ +42 and M., points respectively, and P denotes the output

pitch estimate of the process, that is P ..

Finally part (b) Process I of Figure 7 imposes constraints on theV,[} and £ estimates in
order to ensure a smooth evolution for the pitch parameter. The flowchart of this section is
given in Figure 22. At the start of this process “V” and “P” represent the voicing flag and
pitch estimate values before constraints are applied (V| and P/, in Figure 7) whereas at

the end of the process *V” and “P” represent the voicing flag and pitch estimate values after

the constraints have been applied (¥, and P,,,). The V', and P',,; produced from this
section are then used in the next pitch past processing section together with V., V',, P, and
P', to yield the final voiced/unvoiced and pitch estimate parameters V, and P, for the nth
coding frame. This pitch post processing stage is defined in the flowchart of Figures 23, 24
and 25, the output A of Figure 23 being the input to Figure 24, and the output B of Figure 24
being the input to Figure 25. At the start of this procedure “P,” and “V,” represent the pitch
estimate and voicing flag respectively, which correspond to the nth coding frame prior to post
processing (i.e. P/, V) whereas at the end of the procedure “P,” and “V," represent the

final pitch estimate and voicing flag associated with the nth frame (ie. P,, Vo).
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the Vk=l case in Figure 4 provides the random excitation conponent Re s
(i). In particular, given the recovered strongly/weakly voi ced
classification values hv[err] the systenygal cul ates for those harnonics
with hv[err]=0 the nunber of random sinusoidal NRS conponents, which are
used to random se the corresponding harnonic. This is:

The LPC analysis process (Process II of Figure 1) can be performed using the
Autocorrelation, Stabilised Covariance or Lattice methods. The Burg algorithm was used,
although simple autocorrelation schemes could be employed without a noticeable effect in the
decoded speech quality. The LPC coefficients are then transformed to an LSP representation.
Typical values for the number of coefficients are 10 to 12 and a 10th order filter has been
used. LPC analysis processes are well known and described in the literature, for example
“Digital Processing of Speech Signals”, L.R. Rabiner and R.W. Schafer, Prentice - Hall Inc.,
Englewood Cliffs, New Jersey, 1978. Similarly, LSP representations are well known, for
example from “Line Spectrum Pair and Speech Data Compression”, F Soong and B.H. Juang,

Proc. ICASSP-84, pp 1.10.1-1.10.4, 1984. Accordingly thesc processes and representations

will not be described further in this document.

In process II, ten LSP coefficients are used to represent the data. These 10 coefficients could
be quantized using scalar 37 bits with the following bit allocation pattern [3.4,4,4,4,4,4,4.3,3].
This is a relatively simple process, but the resulting bit rate of 1850 bits/second is
unnecessarily high. Alternatively the LSP coefficients can be Vector Quantised (VQ) using a
Split-VQ technique. In the Split-VQ technique an L.SP parameter vector of dimension "p" is
split into two or more subvectors of lower dimensions and then, each subvector is Vector
Quantised separately (when Vector Quantising the subvectors a direct VQ approach is used).
In effect, the LSP transformed coefficient vector, C, which consists of "p" consecutive
cocfficients (¢1,62,....cp) is split into "K" vectors, Ck (1gk<K), with the corresponding
dimensions di (1<dkx<p). p=di+d2+...+dk. In particular, when "K" is set to "p" (i.e. when C
is partitioned into "p" elements) the Split-VQ becomes equivalent to Scalar Quantisation. On
the other hand, when K is set to unity (K=1, dx=p) the Split-VQ becomes equivalent to Full
Search VQ.



[err] where fs is the sanpling frequency. Notice that the NRS random
si nusoi dal conponents are | ocated symretrically about the correspondi ng

harrmonic [err] and they are spaced 50 Hz apart. The i nst ant aneous
frequency of the qth random conponent, q=0,1,...,NRS- 1, fg,h;d%g.,,&m
har noni c [ eV@P8R1848ca| cul at ed by: [err] The associ ated phase val ue is:

[err] where [err] = RU([err],[err]). In addition, the Ph[err], (i)
function is random sed at pitch intervals (i.e. when the phase of the
fundanment al harnoni ¢ conponent is a mnul 8 ple of 2[err], i.e. nod(phase,

Cortt et sy RSP 6 ) B ARG 23
1.4Kbits/sec. In order to minimize further the bit rate of the voice coded system described in
this document a Split Matrix VQ (SMQ) has been developed in the University of Manchester
and reported in “Efficient Coding of LSP Parameters using Split Matrix Quantisation”,
C.Xydeas and C.Papanastasiou, Proc ICASSP-95, pp 740-743, 1995. This method results in
transparent LPC quantisation at 900bits/sec and offers a flexible way to obtain, for a given
quantisation accuracy, the required memory/complexity characteristics for Process III. An

important feature of SMQ is a new weighted Euclidean distance which is defined in detail as

follows.

. mik)=11 N-| e tor ) . , (29)
DLOL =3 | ZUsey 1577 e
where L' (I) represents the kth (k=1,...K) quantized submatrix and LSP'.) are its

Sth=1)as
elements. m(k) represents the spectral dimension of the kth submatrix and N is the SMQ

frame dimension. Note also that : S(k) =im(j), m(0) =1 and E’:m(k) =p

i=0 k=t
En(t)

w, (1) =[<1-Er<r)) yroy

jl E (0 for transmission frames 0< 1< N -1 (30)

when the N LPC frames constst of both voiced and unvoiced frames
w(t) = En()®™ otherwise

where Er(t) is the normalised energy of the prediction emor of the (I+t)th frame, En(t) is the
RMS value of the (1+t)th speech frame and Aver(En) is the average RMS value of the N LPC
frames used in SMQ. The values of the constants o« and ol are set to 0.2 and 0.15
respectively.

Also:

w(s.0) =|LsPar, S G1)
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38 [err] Thus for V[err]=1 voiced coding franes, the m xed
excitation residual is formed as: Res[err](i) = Res[err] Notice that when
Vlerr] =0, instead of using Equation 5, the random excit ati poT/cBgmAS31
Res[err] (i) C¥N¥88generated by the summation of random cosines |ocated 50
Hz apart, where their phase is random sed every [err] sanples, and
[err]<M i.e [err] 49

(20) [err] is defined so as to ensure that the phase of the cos ternms is
randomi sed ewhese PELcT )sianip wdue of threqusvet eaveinpb spentiam iof the (Fhjespeechftainiety the
Res[err] (i) and sl er 1) excitatjo equences, see Figure 4, are
processed by?lt*fhé‘?gorme 'gé‘?‘i%]‘f’jﬁ *iF%FLWﬁ-f%) and 1/ Alerr] (z) LPC synthesis
filters. Wen

The overall SMQ quantisation process that yields the quantised LSP coefficients vectors l: !
to [ #N-1 for the 1 to 1+N-1 analysis frames is shown in Figure 26. This figure also includes
the inverse process, which accepts the above ™ vectors i=0,..,N-1 and provides the
corresponding LPC coefficients vector a’ to a4“"". The &' i=0,..N-1, coefficients
vectors are modified, prior to the LPC to LSP transformation, by a 10 Hz bandwidth
expansion as indicated in Figure 26. A 5Hz bandwidth expansion is also included in the

inverse quantisation process.

Process IV of Figure | will now be described. This process is concemed with the mixed
voiced classification of harmonics. When the nth coding frame is classified as voiced, the
residual signal RP(i) of length 160 samples centred at the middle M,, of the nth coding frame
and the pitch period P, for that frame are used to determine the strongly voiced
(hv;=1)/weakly voiced (hv;=0) classification associated with the jth harmonic mj“. The
flowchart of Process IV is given in Figure 27. The R"array of 160 samples is Hamming

windowed and augmented to form a 512 size array, which is then FFT processed. The

maximum and minimum values MGR,.,,, MGR,;;; of the resulting 256 spectral magnitude
values are determined, and a threshold THO is calculated. THO is then used to clip the
magnitude spectrum. The clipped MGR array is searched to define peaks MGR(P) satisfying:

MGR(P)>MGR(P+1) and MGR(P)>MGR(P-1)

For each peak, MGR(P}, "supported” by the MGR(P+1) and MGR(P-1) values a second order
polynomial is fitted and the maximum point of this curve is accepted as MGR(P) with a

location loc(MGR(P)). Further constraints are then imposed on these magnitude peaks. In

particular peaks are rejected :



coding the next (n+l)th frame, 1/ Alerr](z) becones 1/ Alerr](z) (including
the menory) and 1 / Alerr] (z) beconmes 1/ Alerr] (z) with the nmenory of
1/Alerr](z). This is valid in all cases except during an unvoiced to
voiced transition, where the nmenory of the 1/Alerr] (z) filkbipicpyfionsAt to
zero. The co@PMB#Nts of the |/ Alerr](z) and 1/Alerr](z) synthesis
filters are calculated directly. fromthe nth and (n-1)th coding speech
frames respectively, when the LPC anal ysj s frarre size L is equal to M
sanpl es. However, when L[err]M(usuaIIy | i near interpolation is used

on the fil rqﬁggf | eqd..e S fm el ek’
function 0\%'f fl sydrll‘%h SI'S % ﬂ ?lse %"S at e evei;géé( sargpf)aé iCuk aﬂE'{/\D
98/ 01848 (loc(MGR(P)%-fOIZ to |oc(MGR§P)P+fo/z where fo is the fundamental fr @?1%7#1&1831
39 The out put signals of these ters, denoted as Xferr](i
Xerr](i), amhowemj;kdxe&b,rge)\ﬂanlsamm’MGRCP)oadded as schematically i I | ust r at ed
in Figure 5 to yield Xerr] (i) [err] wher e [err]
b) if there are any speciral magmtudes in the same range whose value is larger than MGR(P).
After applying these two constraints the remaining spectral peaks are characterised as
"dominant" peaks. The objective of the remaining part of the process is to examine if there is
a "dominant” peak near a given harmonic jxw, in which case the harmonic is classified as
strongly voiced and hv;=1, otherwise hv;=0. In particular, two thresholds are defined as
follows:

TH1=0.15xfo. TH2=(1.5/P,)xfo
with fo=(1/P,)xfs and fs is the sampling frequency.

The difference (loc(MGRd (k))-1oc(MGR, (k ~1)) is compared to 1.5xfo+TH2, and if
larger a related harmonic is not associated with a "dominant” peak and the corresponding
classification hv is zero (weakly voiced). (loc(MGR, (k)) is the location of the kth dominant

peak and k=1....,.D where D is the number of dominant peaks. This procedure is described in
detail in Figure 28, in which it should be noted that the harmonic index j does not always
correspond to the magnitude spectrum peak index k, and loc(k) is the location of the kth

dominant peak, i.e. loc (MGR4(k)) = loc(K).

In order to minimise the bit rate associated with the transmission of the hv, information, two

schemes have been employed which coarsely represent hv.

Scheme [
The spectrum is divided into bands of 500Hz each and a strongly voiced/weakly voiced flag
Bhv is assigned for each band. The first and last S500Hz bands i.e. 0 to SO0 and 3500 to



(21) and [err]

(22) [err](i

) is then filtered via a PF(z) post filter and a high pass

filter HP(z) to yield the speech segnent S [err](i). PF(z) is the

conventi onal

ost filter: [err] PCT/GB97/01831

(23) with b=0YO3%"88 g and [err] = 0.5K[err]". Klerr]" is the first
reflection coefficient of the nth coding frame. HP(z) is defined as:

51
4000Hz are always regarded as strongly voiced (Bhv=1) and weakly voiced (Bhv=0)
respectively. When V=1 and V ;=1 the 500 to 1000 Hz band is classified as voiced i.e.
Bhv=1. Furthermore, when V =1 and V,_ =0 the 3000 to 3500 Hz band is classified as
weakly voiced i.e. Bhv=0. The Bhv values of the remaining 5 bands are determined using a
majority decision rule on the hv; values of the j harmonics which fall within the band under
consideration. When the number of harmonics for a given band is even and no clear majority
can be established i.e. the number of harmonics with hv;=1 is equal to the number of
harmonics with hv;=0, then the value of Bhv for that band is set to the opposite of the value
assigned to the immediately preceding band. At the decoding process the hv; of a specific
harmonic j is equal to the Bhv value of the corresponding band. Thus the hv information may

be transmitted with 5 bits.

Scheme Il

In this case the 680 Hz to 3400 Hz range is represented by only two variable size bands.

When V=1 and V ;=0 the Fc frequency that separates these two bands can be one of the
following:

(A) 680, 1360, 2040, 2720. .

whereas, when V=1 and V,_;=1, Fc can be one of the following frequencies:

(B) 1360, 2040, 2720, 3400.

Furthermore, the 0 to 680 and 3400 to 4000 Hz bands are always represented with Bhv=1 and
Bhv=0 respectively. The Fc frequency is selected by examining the three bands sequentially
defined by the frequencies in (A) or (B) and by using again a majority rule on the harmonics
which fall within a band. When a band with a mixed voiced classification Bhv=0 is found, i.e.
the number of harmonics with hv;=0 is larger than to the number of harmonics with hvi=1,
then Fc is set to the lower boundary of this band and the remaining spectral region is
classified as Bhv=0. In this case only 2 bits are allocated to define Fc. The lower band is

strongly voiced with Bhv=1, whereas the higher band is weakly voiced with Bhv=0.
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40 [err] wth b[ferr]=c[err]=.9807 and a[err]=0.96148 1. In order to
ensure that the energy of the recovered S(i) signal is preserved, as
conpared to that of the X(i) sequence, a scaling factor +&pshsal at ed
every LPC fWOAS/O#48 | sanpl es. [err] where: [err] SClerr] is associated
with the mddle of the Ith LPC frame as illustrated in Figure 6. The

filtered sanples fromthe mddle of the,(1-1)th frane to the mddle of the
Ith frame gre,then |t pli.ed by STerrl(iL) to yield the final output of
the syst ernq.0 é?‘éﬁ"?]e(tg? Eéjf‘{gé’if A ‘?‘)’%%'VP FFE}E%QW% Pé the spg yf‘]h("r‘ied:#%ﬁ'éﬁ' r]
(26) and J[er r,lg . . The scaling process introduces an extra half LPC frane
del ay i nt otramseniBediipforraeiasy; igures, 48 aads 30 represent respectively an original speech
waveform obtained for the utterance “Industrial shares were mostly a” and frequency tracks
obtained for that utterance. The horizontal axis represents time in terms of frames each of
20msec duration. Figure 31 shows to a larger scale a section of Figure 30, and represents
frequency tracks by full lines for the case when the voiced frames are all deemed to be

strongly voiced (hv=1) and by dashed lines when the strongly/weakly voiced classification is

taken into account so as to introduce random perturbations when hv=0.

Figure 32 shows four waveforms A, B, C and D. Waveform A represents the magnitude
spectrum of a speech segment and the corresponding LPC spectral envelope (log,, domain).
Waveforms B, C and D represent the normalised Short-Term magnitude spectrum of the
corresponding residual segment (B), the excitation segment obtained using the binary
(voiced/unvoiced) excitation model (C), and the excitation segment obtained using the
strongly voiced/weakly voiced/unvoiced hybrid excitation model (D). It will be noted that
the hybrid model introduces an appropriate amount of randomness where required in the 3n/4

to n range such that curve D is a much closer approximation to curve B than curve C.

Process V of Figure 1 will now be described. Once the residual signal has been derived, a
segment of P, samples is obtained in the residual signal domain. The magnitude spectrum of
the segment, which contains excitation source information, is derived by applying a P, points
DFT. An alternative solution, in order to avoid the computational complexity of the P, points
DFT, is to apply a fix length FFT (128 points) and to find the value of the magnitude
spectrum at the desired points, using linear interpolation.

For a real-valued sequence x(i) of P points the DFT may be expressed as:



The above descri bed energy scaling procedure operates on an LPC frame basis
in contrast to both the decoding and PF(z), HP(z) filtering procedures

whi ch operate on the basis of a frane of M sanples. Details of the
codi ng procesg@yshfs esented in Figure 1 will now be descri rediGB701831 WD
98/ 01848 PCT/ GB97/ 01831

41 Process | derives a voiced/unvoiced (VW) classification V[err] for
the nth input coding frame and also assif§ns a pitch estimate Plerr] to the
m ddl e sanple Mery] of ;S frame. This process is illustrated in Figure
7. The V/W)a’nﬁ%ﬁ) b’%t)'r' ¥(Gsin ﬂkﬁ)}/si s frame is centred at the nmiddle
Merr] of the (n¥)th coling ffane with 237 sanples on either side. The
signal x(i) in the above analysis frame is |ow pass filtered with a cut
of f frequenclher]oit DF T ailvield a dovtheside specrim glius din prdet toriepreagn e xcitaton r ed

about Merr] .are used in a pitch estimation algorith whi ch yi el ds an
estimate P[effR as Q’ﬁ‘é’eﬁl"ﬁﬁ'ﬁgé ?‘F‘PF&iqaLﬁg%ﬂlsgélﬁ PagHitude g%?lhg’f’r“&!‘&f: FemEmgRts e

8, where P rr%ﬂsrtebseer%lf’xpfiem3 b)Q [At fgé‘{ar gff 2.t % total number of single side magnitude spectrum

values, which are used in the reconstruction process, is equal to [' (P, +1/271

Process VI of Figure 1 will now be described. The DFT (Process V) applied on the Py
samples of a pitch segment in the residual domain, yields |'( P +1) /2] spectral magnitudes
(MGjn, 0<j<[(P, +1)/2]) and | [(P,+1)/2] phase values. The phase information is
neglected. However, the continuity of the phase between adjacent voiced frames is preserved.
Moreover, the contribution of the DC magnitude component is assumed to be negligible and
thus, MGy’ is set to 0. In this way, the non-DC magnitude spectrum is assumed to contain all

the perceptually important information.

Based on the assumption of an "approximately" flat shape magnitude spectrum for the pitch
residual segment, various methods could be used to represent the entire magnitude spectrum
with a single value. Specifically, a modified single value spectral amplitude representation

(MSVSAR) technique is described below.

MSVSAR is based on the observation that some of the speech spectrum resonance and anti-
resonance information is also present at the residual magnitude spectrum (G.S. Kang and S.S.
Everett, “Improvement of the Excitation Source in the Narrow-Band Linear Prediction
Vocoder”, IEEE Trans. Acoust., Speech and Signal Proc., Vol. ASSP-33, pp.377-386, 1985).
LPC inverse filtering can not produce a residual signal of absolutely flat magnitude spectrum
mainly due to: a) the “cascade representation” of formats by the LPC filter 1/A(z), which
results in the magnitudes of the resonant peaks to be dependent upon the pole locations of the

1/A(2) all-pole filter and b) the LPC quantisation noise. As a consequence, the LPC residual



pitch estimation process. The 294 input sanples are used to calculate a
crosscorrelation function CR(d), where d is shown in Figure 9 and

20<d<147. Figure 9 shows the two speech segnents which participate in the
cal cul ation of the crosscorrelation function value at "d" pggcayvesn
particul ar, WU ven val ue of d, the crosscorrelation function p[err](j)
Is calculated for the segnents [err] as: [err] where: [err]
schematically represents the X err] and 5%[err] speech segnents used in the
cal culation of the value CR(d)and the non linear relationship between d

and f(d) i SighlIVisMidel HpRY iRtehipitier rBasan@n (hAT Stk ARINCBRMUG N RagiRBey dleUe OF
the [err] and [err] sequences respectively. The al gorlthfnthen sel ects
max[ p[ er r | obtpinediy wpeetral sampiigy p theakarmpuie ripeations, o/, j=1,.... [(P, +1/2], of a

[err] In addition to CR(d), the box in Figure 8 |abelled "Cal culation of CR:
function amedifiedddG synthesjs fijters thatis defined ap indlewsiet ai | ed di agramis shown in
Figure 12, A%E)z\)/i.des &,so the locations [oc(k)

1-G, ¥ az”

=}

(32)

where, &, , i=1,...,p represent the p quantised LPC coefficients of the nth coding frame and

Gg and Gy, are defined as follows:

G, = 5”/I£[(1 -k’ 33)
=l

and

1 r,-1

o2
5P 25 0
[aeyzpr ) 4
(2P H©})) 12

G, =

J=t
where K" , i=1,...,p are the reflection coefficients of the nth coding frame, x,™(i) represents a

sequence of 2P, speech samples centred in the middle of the nth coding frame from which the

mean value is being calculated and removed, MP(o ;) and H{w'}) represent the frequency

response of the MP(2) and 1/A(2) filters respectively at the w;" frequency. Notice that the

ﬂP(w'}) values are calculated assuming Gy=1. The G,, parameter represents a constant

whose value is set to 0.25,

Equation 32 defines a modified LPC synthesis filter with reduced feedback gain, whose
frequency response consists of nearly equalised resonant peaks, the locations of which are
very close to the LPC synthesis resonant locations. Furthermore, the value of:the feedback
gain Gy is controlled by the performance of the LPC model (i.e. it is proportional to the
normalised LPC prediction error). In addition Equation 34 ensures that the energy of the
reproduced speech signal is equal to the energy of the original speech waveform. Robustness

is increased by computing the speech RMS value over two pitch periods.
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of the CR(d) function, where k=1,2,...,Np and Np is the nunber of peaks in
a CR(d) fungihQkle1sss FiQure 12 is a bl ock diagramof the precessTesyl vi ng
t he cal cul ation 0? tshe CR function and the selection of its peaks. As
illustrated, given CR(d), a threshold th(d) is determned as: [err]

where c¢=0.08 when [err] or ¢c=0 53 el sewhere. and constants a
and b are defined as: b 0. 025 0.04
0.05 Twoaalternative magnitude spéetfi@Dfepresentation techniq@esGO& Bescribed below, which

0. 0006 V'n 1 1

0 V[atlpwfor better coding of the magnjtude information anddead to a significant improverngig in
dierr] is eci_ual to t oﬁl ue.of d for which CR(d) is maxinised to CRlerr].
Using this tf d) function is clipped to CRlerr](d). i.e.

CR err](d) —0 for CR(d)<th(d) CRlerr](d) =CR(d)

ot herw se.

The first of the alternative magnitude spectrum representations techniques is referred to

below in the “Na amplitude system™. The basic principle of this MG quantisation system is

to represent accurately those MG} values which correspond to the Na largest speech Short

Term (ST) spectral envelope values. In particular, given the LPC coefficients of the nth
coding frame, the ST magnitude spectrum envelope is calculated (i.e. sampled) at the
harmonic frequencies ® '} and the locations Ic(j), j=1.....Na of the largest Na spectral samples

are determined. These locations indicate effectively which of the [(P, +1D/2]-1 MG]

magnitudes are subjectively more important for accurate quantization. The system
subsequently selects MG, j=lc(1),...,Jc(Na) and Vector Quantizes these values. If the

minimum pitch value is 17 samples. the number of non-DC MG’ amplitudes is equal to 8

and for this reason Na<8. Two variations of the “Na-amplitudes system" were developed with
equivalent performance and their block diagrams are depicted in Figure 33 (a) and (b)

respectively.

1) Na-amplitudes system with Mean Normalization Factor. In this variation, a pitch segment
of P, residual samples R"(i), centered about the middle M, of the nth coding frame is

obtained and DFT transformed. The mean value of the spectral magnitudes MG, j=1,...,

L(P, +1)72]is calculated as:

iy
Y MG;

J=

[P, +1 |
2

35)




CRlerr](d) contains segnents Jerr]s=1,2,3 ...... , of positive val ues
separated by Gerr] runs of zero val ues. The al gorithm exam nes the

|l ength of the err] runs which exist between successive Jerr] segnent s
(i.e. G[err and@%err]), and when Jerr] < 17, then the Gi¢deraR@MENt
with the ma value is kept. This procedure yields CRerr], (d),
whi ch is then exam ned by the foll ow ng "peak pi cki ng" procedure. In
particular those CRlerr] (d) values are el ected for which:

CRlerr](d) >CR[err]Sd 1) and CRerr](d)> CRlerr](d+1) WO 98/ 01848
PCT/ GB97/ 0 18 Hiquantized and then used as the normalization factor of the Na selé@ed ampjm;e rMG?,r tain
peaks can he rejected CRlerr] (loc(k))< CR err](lac(k ﬁ))x09 Thi s
ensures t hdtictipe-Ie(hVal hm[’%ﬁhf’]g(lﬁ‘béf(‘w)t)' eg a5 then ‘Nﬁmaﬂ‘éaé‘“iﬁf’(?tm% tain spurious
low |l evel CRerr](d) peaks. The locations d of the above defined
CRlerr](d) peaks are given by loc(k) k=1, 2, Np CR(d) and |oc(k) are

e o s Bpobd Sop A O RSN e bl 57

8f g hi s I\/{-éﬁlﬂfe ﬂgcﬁgegwnecéxﬁcﬁwwz the nidd KA of the n‘tﬁ‘&fdﬁd?rah?e isRtalchidletiggd Wi th
an a e en

an(')2

&= 1 "’;4'1 (36)
’z"‘ﬂ 2 1"1}

g is quantized and then used as the normalization factor of the Na selected amplitudes MG?,

j=le(1),...,Jc(Na). These normalized amplitudes are then Vector Quantised to MG?. Notice

that the P,, points DFT operation can be avoided in this case, since the magnitude spectrum of

the pitch segment is calculated only at the Na selected harmonic frequencies o],

j=le(1),...,lc(Na).

In both cases the quantisation of the m and g factors, used to normalize the MG values, is

performed using an adaptive pu-law quantiser with a non-linear characteristic as:

log, (1 + 4|/ 4,,,)
log, (1+n)

c(d)= A, sgn(4) with p=255 37

This arrangement for the quantization of g or m extends the dynamic range of the coder to not

less than 25dBs.

At the receiver end the decoder recovers the MG magnitudes as M »‘_}' = MG" x 4,
j=le(1),....Jc(Na). The remaining [(P, +1)/2]- Na~1 MG/ values are set to a constant

value A. (where A is either "m" or "g"). The block diagram of the adaptive p-law quantiser is

shown in Figure 34.



the estimated P is the requested P[err]. In Figure 13 the main pitch
estimation procedure is based on a Least Squares Error (LSE) algorithm
which is defined as foll ows: For each possible pitch value j in the range
from21 to 14§, g;o g increment of 0.1 x j. i.e. j [err] PCT/GB97/01831
{21, 23, 25, 27, 30, 33, 36, 40, 44, 48, 53, 58, 64, 70, 77, 84, 92, 101, 111, 122, 134} (Thus
21 iterations are perforrred ) 1) Formthe rrultlpllcatlon factor vector:
[err] 2) Reject possible pitchj and go batk to (I) if a) the sane

el ement occurs in [err] tw ce. b) the elenments of [err] have as a

common f act or The %ngn‘ﬂﬁﬁé‘ma“‘% megfHtyde SRECTRM | TeREsEytatipn é?chefa'emtxs treferpd to |
wher e eI ect, tQ

for, which the. as ror
quantity E[ e elow as rﬂxem Fé%cr %pectral (lector URISaLiC (§4§?§/§eb?‘ system Coding
PCT/ GB97/ 01831 hich th ral :
two general c sﬁghn%,i gng 'Fﬂl&logct cl—ﬁeaﬁes%ynggflgyfqnqula f) Klp haio 3 ¢ e? écgt%og\kgsc{h
Del ay" encounter the problem of coding a variable length, pitch dependant spectral amplitude vector
. MG. The "Na- amplitudes” MG; quantisation schemes described in Figure 33 avoid this

problem by Vector Quantising the minimum expected number of spectral amplitudes and by

setting the rest of the MG} amplitudes to a fixed value. However, such a partiaily spectraily
flat excitation model has limitations in providing high recovered speech quality. Thus, in
order to improve the output spepch quality, the shape of the entire { MG} magnitude
spectrum should be quantised. Various techniques have been proposed for coding { MG }.
Originally ADPCM has been used across the MG values associated to a specific coding
frame. Also { MG } has been DCT transformed and coded differentially across successive
MG] magnitude spectra. However, these coding schemes are rather inefficient and operate
with relatively high bit rates. The introduction of Vector Quantisation on the { MG’ } spectral
amplitude vectors allowed for the development of Sinusoidal and Prototype Interpolation
systems which operate at around 2.4 Kbits/sec. Two known { MG} VQ methods are
described below which quantise a variable size (vs,) input vector with a fixed size (fxs)

codevector.

i) The first VQ method involves the transformation of the input vector to a fixed size vector
followed by conventional Vector Quantisation. The inverse transformation on the quantised
fixed size vector yields the recovered quantised MG” vector. Transformation techniques
which have been used include, Linear Interpolation, Band Limited Interpolation, All Pole
modelling and Non-Square transformation. However, the overall distortion produced by this

approach is the summation of the VQ noise and a component, which is introduced by the

transforrnation process.



|l oc(l) are included in order to reject false pitch, "double" or "half'

val ues and in general to provide constraints in the pitch estimtes of the
system The "Reject H ghest Delay" condition involves 3 constraits: i) if
P=0 then reject loc(Np). i) if loc(Np) >100 then find tgred@aalgairaxi mum
CR(d[err]) WOBMUYM¥ 4t the vicinity of the estimated pitch P (i.e
0.8xP to 1.2xP) and conpare this with th(d[err]), which is determ ned

as in Equation 28 Reject |oc(Np) when CRtd[err])<th(d[err])-0.02. iii) If
the error E[err] of the LSE algorithmis |arger than 50 and [err] (Np)=Np

Wi th Np>2 [ij%he second V@ Méthod axshidVes the dlfeet dub@iaticl &f DbarfaBieSinput veét¥eHith 3
Figure 14. The "Reject Lowest Delay" general condition, whose flowchart

i s given ifixed gegg godesvectas] This ds bpssd (i )selggting arhe vé otlemeits dramhead @delxdokai nt s
are sinultaneously satjsfied: i) The densitx of detection of the peaks of -
the corr el ¥¥5'Pntoci9Bn & EFIRRIOn mAIsiT Grtween p sadebegkayrcyr and an inpug ME” tvecr.75.

. e. e - : . . Li) If th cat i
of i he fi r Stehgyentisstin gparpted vpids ghe apsipimation iiatonof (e iR GhuaRS ons
hi bi t ] f.ae | . |.at i fficient
Functi on’ afencieq S8 A restitd s oR o dffoifln WP IS0 ThL D0 Bane i
conpar ed t goiélj acent detected peaks. i.e. [err]

An improved VQ method will now be described which is referred to below as the Variable

Size Spectral Vector Quantisation (VS/SVQ) scheme. This scheme was developed to take
advantage of the underlying principle that the actual shape of the { MG} magnitude

spectrum is defined by a minimum [(P, + 1)/ 2] of equally spaced samples. If we consider
the maximum expected pitch estimate P, .., then any { MG, ] spectral shape can be

represented adequately by [(P, +1) /2] samples. This suggests that the fixed size fxs of the

codebook vectors S' representing the MG shapes should not be larger than[( P, + 1)/ 2.

Of course this also implies that given the [(P, +1)/2] samples of a codebook vector, the

complete spectral shape, defined at any frequency, is obtained via an interpolation process.

Figure 35 highlights the VS/SVQ process. The codebook CBS having cbs fixed fxs

dimension vectors S}, j=1,....fxs and i=1,...,cbs, where fxs is[( 7, +1) /27, is used to quantise
an input vector MG, j=1,...,vs, of dimension vs,. Interpolation (in this case linear) is used
on the S' vectors to yield S*' vectors of dimension vs,. The S’ to S' interpolation

process is given by:
fxs s fxs Si(['i f:SD - S'Uj f‘D
5" ) =s‘q;—-D +[,-_-[,- —,—D T AT
Vs vs, Vs ) ﬁcs_' _y S
[" vs,,} lj vs, J

(38)

fori=1,...,cbs and j=1,...,vs,



a) find local maxi mum CR(d[err]) in the range from (i-0.1)xloc(1) to

(i+0.1)x l oc(1). b) if CR(d[err])
<0.97xCR(u[err](k)) then Reject Lowest Delay, END.

el se Conti nue 01848 WO 98101848 PCT/GB97/01831
PCT/ GBO7/ 01831 0 ! 45 This
concludes the pitch estimation procedure of Figure 7 whose output is
Plerr]. As is also illustrated in Figuresy however, in parallel to the

pitch estimation, Process | obtains 160 sanples centred at the niddle of
the Merr] cods rvgoquSaﬁ%ectw@W@mt BEi spepteal rshapes a8 theyey) freeuencies OE theathd3! RO,
R1 and the average R err] of the ener E!iQZ) of the previous K non-sil ence

fH

codi ng frankStorkA; disortigngymegsursy (S, , 4 rthen defined rhetveeartbe $odndg MG”

f , f 100 th t 50 l. di
frames. and TABRS Ao @bl Her S BalWaf 6 s St o sk e o
the pr ocedur ﬁld&:h?fs t%kﬁﬂeatﬁﬁcﬂs% ih the l&eweﬁ%@?@od"ﬁgﬂs & Q)ed 5[1@ " gl DR e

is shown in Figure 16, where ' unt represe e nu ROT=si 1 efce
speech frameg! and "++" denotes increase by one. Notice that THis an
adapti ve threshold that is representative of a silence (non speech) frane
and is defined as in Figure 17. CRin this case is equal to CR err].

If we assume that P, ~120 then fxs=60. However this value can be reduced 1o 50 without

significant degradation by low pass filtering the signal synthesised from Equation (1). This is
achieved by setting to zero all thc harmonics MG} in the region of 3.4 to 4.0KHz, in which

case:
3400
[——ff-p-] =vs, if vs, <50 (39)
S
50=vs, otherwise.
and vs,<fxs.

Amplitude vectors, obtained from adjacent residual frames, exhibit significant redundancy,
which can be removed by means of backward prediction. Prediction is performed on a
barmonic basis i.e. the amplitude value of each harmonic MG-" is predicted from the

amplitude value of the same harmonic in previous frames i.e. MG)"'. A fixed linear predictor
__A_l_(_}'_ =bx _.M_G may be incorporated in the VS/SVQ system, and the resulting DPCM
structure is shown in Figure 36 (differential VS/SVQ, (DVS/SVQ)). In particular, error

vectors are formed as the difference between the original spectral amplitudes MGj" and their
predicted ones MG® , i.e.:
E} = MG; - MG} forj=1,...,vs,

where the predicted spectral amplitudes MG | are given as:
bx MG when V., =1

n=}

MG} = . for 1<j<vs, | (40)
0 when V =0

n

and



Gven RO, Rl, Rerr] and CRlerr], the VUV part of Process | calculates the
status V[err] of the n+l1 frane. The flowchart of this part of the
algorithmis shown in Figure 18 where "V' represents the output V/ UV flag
of this procedure. Setting the "V' flag to | or 0 indi catg,S:T,éggy,gﬁgi] or
unvoi ced clWOBPI8EHt | on respectively. The "CR' paraneter denotes the

maxi mum val ue of the CR function which is calculated in the pitch
estimation process. A diagrammatic reprigsentation of the voiced/ unvoiced
procedure is gi veg lkn Figure 19. Having the V[err] value, the Plerr]

estimte ardet' Emﬂ? and P'[err] esti rratfasvgﬁnkfzbs have been me oduced
from Process oy¥ed a |ng on the previous nth co ng frarre as illustrated

in Figure rthe c ons.,M er.r and Merr]+d2 are
esti mat ed gﬂﬁh‘te'ﬁ@mclgitﬁ pﬁﬂ"‘ fmﬂlf‘ﬁ 4‘??’ Z’%ﬁh‘é ' of filtered speech
sanpl es are obtaf ned as |Ilustrat ed in Fi gure 7, part b. These addltlonal

two anal ysis fra M@rggused as |r}gpt toly,'qQ PItCh Esti mation process" of
WD 98/ 01848

PCT/ GB97/ 01¥&1 = @2 Figure 8

to yield P[err] ld < [A,?{; The pr@;edurejcﬁ"*c | culating dl and d2 is
given in the bf Figure

where £ 7 denotes the quantised error vector.

The quantisation of the £ 1<j<vs, error vector incorporates Mean Removal and Gain Shape

Quantisation techniques, using the hierarchical VQ structure of Figure 36.

A weighted Mean Square Error is used in the VS/SVQ stage of the system. The weighting
function is defined as the frequency response of the filter: W(z)=1/4,(z/y ), where A (z) is
the short-term linear prediction filter and y is a constant, defined as y=0.93. Such a weighting

function that is proportional to the short-term envelope spectrum, resuits in substantially
improved decoded speech quality. The weighting function W' is normalised so that:

5,

YW =1 (43)

=

The pdf of the mean value of E” is very broad and, as a result, the mean value differs widely
from one vector to another. This mean value can be regarded as statistically independent of
the variation of the shape of the error vector E* and thus, can be quantised separately

without paying a substantial penalty in compression efficiency. The mean value of an error

vector is calculated as follows:

Vs,
M= ZPVI" x E; (44)

4=l

M is Optimum Scalar Quantised to #/ and is then removed from the original error vector to

form Erm" =(E” ~ M) . The overall quantization distortion is attributed to the quantization



The final step in part (a) of Process | of Figure 7, evolves the previous
V/ WV classification procedure of Figure 8 wwth inputs RO, Rl, Rerr], and
CR = nax[err] to yield a prelinmnary value [err] In addition, a

mul ti poi nt Pi t} 5 kmitl on al gorithmaccepts Plerr], P[err]|RCTRERITIO}E31
Vierr], P[errf) V&% , P'[err] to provide a prellmnary pitch val ue
Plerr]. The flowchart of this nmultipoint pitch estimation algorithmis
given in Figure 21. where Plerr], P[err] and P[err] represent the pitch
estimates associated with the I\/[err] I\/[err] Merr] and Merr] points
respect i vel y of thed™Mean &emoned't axeor yeetprs  Erpl dowhiets isi pesfouncsk byt hGaiprdeps Yectonat
is Plerr]. gi nal ly part (b) Process 1 of Figure 7 inposes constraints on
the V[err] a Brr] estimates in order to ensure a snmooth evol ution for
the pitch paraneter. The flowchart of this section is given in Figure 22.
At the start of this process "V’ and "P" represent the voicing flag and
pitch estimat [¢ i r

in Figure 7) - é?jggkgéa({? # gnﬁg %éﬁflgg%g@wglhgggﬁ Jaluree%%ggg{ﬁt h%#
voi ci ng fl ag veaer §i kmte&hmnﬁieahu&kmabnaﬁdaﬁﬁet he constraints have been
applied (V[err], and Ple«r]). The M err] and Plerr] produced fromthis
section are tDﬁmﬂs@dS)n:Zﬂié” 172 —m}’kG‘h past processing section tog@td)er
with V[err], V[err], Plerr] and P [erT] to yield the final

VoI ced/unv0| ced and pltch estimate parameters V[err] and P[err] for the nth
codi ng frame.A BhinSoptinkiséll WP lseREHW GRAVAN Ginsil2BES te b RS i CEL® {ysRUEha t
of Figures 23, 24 and 25, the output A of Figure 23 being the input to

Fi gure 24, arethpldyed mjﬁpduhewmfnum Gurend24S. bhEheshaph Eodeboak (CBS)ofguecters2§’ isht

the start of this procedure " rr]" and "V[err]" represent the pitch
esti mate and %F’Eﬂr@s‘ﬁ?a'ﬁldra& tlj Yeick mayjriisen thegtuariiiond to the nth coding
frame prior to pogts
tZW"Er (x)s")
o) =~ for i=1,....cbs (46)
s’

J=l

where cbs is the number of codevectors in the CBS. The optimum gain value is defined as:
> Wy ErmS;!
G=Lf o (47

A

i=l

and is Optimum Scalar Quantised to G.

During shape quantisation the principles of VS/SVQ are employed. in the sense that the $'',
vs, size vectors are produced using Linear Interpolation on fxs size codevectors S' . Both
trained and randomly generated shape CBS codebooks were investigated. Although Erm"”
has noise-like characteristics, systems using randomly generated shape codebooks resulted in
unsatisfactory muffled decoded speech and were inferior to systems employing trained shape

codebooks.



processing (i.e. Plerr], V[err]) whereas at the end of the procedure

"Plerr]" and "V[err]" represent the final pitch estimate and voi ci ng
flag associated with the nth frane (i.e. Plerr], Vierr]). WO

98/ 01848 PCT/GBY7/01831

PCT/ GB97/ 0YQPB/01848 47  The LPC
anal ysis process (Process Il of Figure 1) can be perforned using the

Aut ocorrel ation, Stabilised Covariance 9r Lattice nethods. The Burg

al gorithm was used, although sinple autocorrelation schenmes could be

enpl oyed W §ibsddtiosh Rkt prRafic? a8 NAGtdekiln IdaRtessdRE dRFITBE RS Redtp kil ¥BsThE
LPC coefficients are then transfornmed to an LSP representation. Typi cal
val ues f ocodeheoky thebeptinnim scaddr fquaritisers CBM and CBGooflthe adn M afkt fain Gledludsi | t er
has been wused. LPC analysis processes are well known and described in the -
| i t er at ur Eespgesvelandppleo to defigethy predisdenseqeffisiont bafdiigtre S6ginaparticular, e
Rabi ner agéi R.W Schafer, Prentice - Hall Inc., Englewod diffs, New
Jersey, 1 @W‘@quzﬁﬁp}a‘f IBHRIAESY i ons are wel | known, for exanple

f n L A . Y o Yo:E . H.
rom “Li nﬁmg&léwog’ggm ggﬁxfﬁ%ggﬁﬁbn@&m@o "RE BR&LRPHY isfaicRRd iR ofn

Juang, Proc. S 1 1.10. 4, Y1984, Accor di ngly these
processes and loepr éskioha(iieond4G W bix MG%’" bérdesjef (Hed)f art ivaen i Vi, [ Sor
docunent . In process Il, ten LSP coefficients are used to represent the

data. These 10 MgeffQ elsewhere)e Surthprmore, the CBMY mean, CBGY gain and CBS" shape
codebooks are designed independently and again in an open loop fashion using
unquantized E" . In particular:
@) Given a training sequence of error vectors E" 9, the mean value of each E" 0 is
calculated and used in the training process of an Optimum Scalar Quantiser
(cBMO),
b) Given a training sequence of error vectors E" ¢ and the CBMO mean quantiser, the

mean value of each error vector is calculated, quantised using the CBM® quantiser
and removed from the original error vectors E" ? to yield a sequence of "Mean

Removed" training vectors Erm" ¢.

¢) Given a training sequence of Erm" ? vectors, each "Mean Removed" training vector

is normalised to unit power (i.c. is divided by the factor G = ZWJ" (Erm}uj ),

=1
linear interpolated to fxs points, and then used in the training process of a
conventional Vector Quantiser of fxs dimension. (CBS0).

d) Given a training sequence of Erm" ? vectors and the CBSO shape codebook, each
"Mean Removed" training vector is encoded using Equations 46 and 47 and the
value G of Equation 47 is used in the training process of an Optimum Scalar
Quantiser (CBGO).

kissetto 1 (k=1).



be quantized using scalar 37 bits with the followng bit allocation pattern
[3,4,4,4,4,4,4,4,3,3]. This is a relatively sinple process, but the
resulting bit rate of 1850 bits/second is wunnecessarily high.

Al ternativel ywdéoisdg coefficients can be Vector Quantised (mdcBSioiss a
Split-VQ technique. In the Split-VQ technique an LSP paraneter vector of

dinmension "p" is split into two or nore subvectors of |ower dinensions and
t hen, each subvector is Vector Quantised ggparately (when Vector Quanti sing

t he subvect owrcgct Vg,ag‘pr oach is used). |In effect, the LSP

t ransf or med [(HYRD 8 Bupigg sequencanf MGiasd dhesmeany gain gnd shane easigbooke of the
coefficients (cl1,c2,...,cp) is split into "K' Xéctori, Cerr] (1<k<K), with
the correspondi ngPrediPHE kah drstions (ie<@BMY|,) CBEXT GBSK1) thepoptinnuu predictivhen

"K' i.s set to "p" (]| en |S partitioned into "p" elenents) the
Split-VQ becones %‘%@@%ﬁtﬁfs ‘?@ug@l ar Quantisation. On the other hand, when
Kis set to STEPYARKGiven d] @difihgRquche® SPMG; - R &b‘ﬁﬁﬁﬁ?@re@ﬂ%ﬂ/ Bbefidiert bk Fitlg!
Search VQ PCT/ GB97/ 01831 WD 93/01848

48 The above Spl CBMK),appGdsiCBSkalisa traing defenté lof RfroPvécrdr i 0fs fdified,
order of 1.3 to 1.4Kbits/sec. In order to mnimze further the bit rate of

the voice coded swhichis tHersusedl ffiardhe desighlof sevlmean)@ain and Sipbé tod¥Bédks Xi.cYORMIVD)
has been devel oped i QLt he, Uni versity of Manchester and reported in
"Efficient Codi ngCBE*1€PSMarameters using Split Matrix Quantisation”,
STEP A3 The performance of the kth iteration quantization system (i.e. bk, CBMK, CBGk,
CBSK) is evaluated and compared against the quantization system of the previous
iteration (i.e. bk! , CBMK-1, CBGK-1. CBSk-1). If the quantization distortion

converges to a minimum, the quantization design process stops. Otherwise, k=k+1

and steps A1, A2 and A3 are repeated.

The performance of each quantizer (i.e. bk , CBMK, CBGK. CBSK) has been evaluated using
subjective tests and a LogSegSNR distortion measure, which was found to reflect the

subjective performance of the system.

The design for the Mean-Shape-Gain Quantiser used in STEP_A2 is performed using the

following two steps :

STEP B1 Given a training sequence of error vectors E" ¥, the mean value of each E" is
calculated and used in the training process of an Optimum Scalar Quantiser (CBMK).

STEP-B2 Given a training sequence of error vectors E" k and the CBMk mean quantizer, the
mean value of each residual vector is calcula}cd, quantized and rermoved from the
original residual vectors E"k to yield a sequence of "Mean Removed" training
vectors Emm” &, which are then used as the training data in the design of an optimum
Gain Shape Quantizer (CBG* and CBSK). This involves steps C1 - C4 below. (The

quantization design process is performed under the assumption of any independent



C. Xydeas and C. Papanast asi ou, Proc | CASSP-95, pp 740-743, 1995. This nethod
results in transparent LPC quantisation at 900bits/sec and offers a
flexible way to obtain, for a given quantisation accuracy, the required

nmenory/ conpl exity characteristics for Process II1. An i npgkt, oi@at ure of
SMQ is a neWOMBPOYMEed Euclidean distance which is defined I n detail as
fol | ows. [err] where L' [err] (1) represents the kth (k=1,...,K

quantized submatrix and LSP[err], are if el enents. m(k) represents the
spectral dinmension of the kth submatrix and Nis the SMQ franme di nension.

Not e al so that : g.u( Mape qhititistr sthifufd, i.e. mEﬁmteﬂ%r Nedsbs _ %e@@&@éeﬁ{ed%? bot h
voi ced and unvoiced frames werr](t) = En(t)[err] otherwi se "where (t)
i's the normal i say pessibleyombinatiun qfiSectidebdok Bhapk vectonfand Regdid duahtifer ldvalsp,

En(t) is the RVS value of the (1+t)th speech frame and Aver(En) is the
aver age RVBIEPaGle(veP). 1Givennatraining segusace pfevectors Sum” k1and apainitial CRGXCrand
constants [err] and [err], are set tﬁ 0.2 and 0.15 res ecﬁively. . Al so:
[err] CBSk? gain and shape codebooks respectively, compute the overall average distortion

distance Dy ¢ as in Equation 44. Set v equal to 1 (v=1).

STEP C2 Given a training sequence of vectors Emm" ¥ and the CBG*V-! gain codebook from
the previous iteration, compute the new shape codebook CBSk.¥ which minimises the
VQ distortion measure. Notice that the optimum CBSk-¥ shape codebook is obtained
when the distortion measure of Equation (44) is a minimum and this is achieved in
Ml , iterations.

SIEP _C3 Given 2 training sequence of vectors Erm" & and the CBSLY shape codebook,
compute a new gain quantiser CBGk¥, which minimise the distortion measure of
Equation (44). This optimum CBGk.¥ gain quantiser is obtained when the distortion
measure of Equation (44) is a minimum and this is achieved in M2, , iterations.

STEP _C4 Given a training sequence of vectors Erm" k and the shape and gain codebooks
CBSk¥ and CBGkY, compute the average overall distortion measure. If (D, ;-

Dy v)/Dy <€ stop. Otherwise, v=v+1 and go back to STEP C2.

The centroids S,.'f;“' ,1=1,...,cbs and u=1,...,fxs of the shape Codebook CBSkv-m | are updated
during the mth iteration performed in STEP C2 (m=1,.... M1, ,) as follows:

> (MCopu+C.iNC..10)
Strn =, o (48)

oy (oc,,, +C.,.DC

. jn u.i'm
)

where DC,,, =W/ (Cr'}‘,"~l x f, ..\,-,.)2 .

n Ve u‘ vk F- k- o
NCuJ,n = u)} G;: lfu._l.)l (E'rm_i - c"j,, lS:u"(n.:_u)(l - ./u.;.n) "
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P(I[err]) is the value of the power envel ope spectrum of the (1+t) speech
frame at thg,;ﬁmkk, frequency. [err] is equal to 0.15 ACEGBY@MgsL |  SMO
guanti sati on process that yields the quantised LSP coefficients vectors
[err] to [err] for the 1 to 1+N- | analysis franes is shown in Figure 26.
This figure also includes the inverse psocess, which accepts the above
[err] wvectors i=0 ,N | and provides the corresponding LPC coefficients
vector [err] to [err] The [err] i=0,..,N1, coefficients vectors are
nodi fi ed, prlor PC to LSP transfornatlon by a 10 Hz bandw dth
expansi on Luﬁdrq ﬂn Figure 26. A 5Hz bandwi dt h expansion is al so
included in the ilnYers guanti sati on process. Process 1V of Figure 1

wi |l now be described. This process is concerned with the m xed voiced
classification of harnonics. Wien the nth coding frane is classified as

voi ced, the,resifualifsi dagal SR err] (i) of length 160 sanples centred at the
m ddl e N[eﬁaﬁn hqfnt@'cogqng frame and the pitch period P[err] for that
frame are used tb deterni'fie the strongly voiced (hv[err]=1)/weakly voiced
(hv[err]=0) classification associated with the jth harnonic [err]. The
flowmchart of Progcess IV,is giyen in Figure 27. The R' array of 160 sanples
i s Hammi ng 1 jgﬁz_ T '

u+1<—
Vs, vs,
CH..I.ll:‘ >
0 if jE-—u +l>£fE
{ Vs, Vs,
u+l if u<j-—ﬁ-£
u"(u,j,n)y= };’; and
u—1 If qu—'—
j-1 if u<j
. vs,
J - . _fes

Jj+l if uzj—
Vs

n

Q; denotes the cluster of Emm” ¥ error vectors which are quantised to the S'**~' codebook

shape vector, cbs represents the total number of shape quantisation levels, J, represents the

CBGk.v-! gain codebook index which encodes the Erm" k error vector and 1<j<vs,,.

The gain centroids, G:"""“, i=1,...,cbg of the CBGkv.m pain quantiser, which ére computed

during the mth iteration in STEP C3 (m=1,...M2, ), are given as:




wi ndowed and augnented to forma 512 size array, which is then FFT
processed. The maxi mum and m ni nrum val ues MaR[err], MR err] of the
resulting 256 spectral magnitude values are determ ned, and a threshol d
THO is calculated. THO is then used to clip the nmagnitudepspegbiiimd The
cli pped MGRWQP3)8485 searched to define peaks MGR(P) satisfying:

MER( P) >MER( P+1) and MGR(P) >MAER(P- 1) For each peak, M3R(P), "supported"
by the MER(P+1) and MER(P- 1) values a sggond order polynom al is fitted
and t he maxi mum poi nt{)f this curv}e is accepted as MGR(P) with a |ocation

|l oc(MER(P)). Furth X s e then inposed on these magnitude peaks.
In  particular xso z:é'{"gj e’cf;gg

PCT/ GB97/ 01681 = =E=£ 50 q¥9)i f
there are spectral pmeak ""'(&,trl}ewm i ghbour hood of loc(MR(P)) (i.e in the
range (Ioc(NG?(ﬁ%—f = -0 1'oc{ MGR(P)) +f o/ 2 where fo is the fundanent al
frequency in Hz), "8 Whose value is | arger than 80% of MER(P) or b) if

there are any spectral nmagnitudes in the sane range whose val ue is |arger
than MR(P). After applying these two constraints the remaining spectral

peaks are chara bt, Gl theSuster of Erm” & error vectors which are quantised to the G}**™' gain

WD 98/ 01848

( =l

quantiser level, cbg represents the total number of gain quantisation levels, I, represents the

CBSkY shape codebook index which encodes the Erm” ¥ error vector and 1<jSvs,,.

The above employed design procéss is applied to obtain the optimum shape codebook CBS,
optimum gain and mean quantizers, CBG and CBM and the optimum prediction coefficient b

which was finally set to b=0.35.

Process VII calculates the energy of the residual signal. The LPC analysis performed in
Process II provides the prediction coefficients a; 1<i<p and the reflection coefficients k;
l_<.x$p On the other hand, the Voiced/Unvoiced classification performed in Process I
provides the short term autocorrelation coefficient for zero delay of the speech signal (R0) for

the frame under consideration. Hence. the Energy of the residual signal E, value is given as:

E, = .;?Rofl(l -k, (50)

=l
The above expression represents the minimum prediction error as it is obtained from the
Linear Prediction process. However, because of quantization distortion the parameters of the
LPC filter used in the coding-decoding process are slightly different from the ones that
achieve minimum prediction error. Thus, Equation (50) gives a good approximation of the

residual signal energy with low computational requirements. The accurate E, value can be

given as:



"dom nant" peaks. The objective of the remaining part of the process is to
examne if there is a "dom nant" peak near a given harnmonic jx[err], in

whi ch case the harnmornic is classified as strongly voiced and hv[err],

ot herwi se hv[ @vgdsmassg! N particular, two thresholds are defi nacesmoinal | ows:
TH1=0. 15xfo. TH2=(1.5/P[err])xfo wth flerr]=(1/Plerr])xfs and fs is the
sanpling frequency. The difference (loc(MRerr](k))- loc(MRKRerr](k -1))
is conpared to 1.5xfo+TH2, and if larger6a related harnonic is not

associ ated wi th & g]pant peak and the corresponding classification hv
is zero (wea hy 5) (loc(MR[err](k)) is the location of thé&®th

dom nant  peak and™’k , D where D is the nunber of dom nant peaks. This
procedure i s'l‘btba:mﬂtuhga@fj nis thief Sdalar iQuamis8dl G&ing 8n adaPptivd) 19 bhan ﬁ@%g%ﬂﬁ?t ed
that the harnonic index does not always correspond to the magnit

spect r um peatimil wdexh«onéw:ctqda@ R‘)gurs 34.hin the case ivdiereathoichtikankdnla /H Ok @Ry in

peak, i.e C In order to minimise the bit rate
associ at ed V\X%FF;#% %é‘ﬁz%’sﬁndﬁc ‘F“I‘E‘FFEf‘Jh@[‘E'F‘PT of sebframes thsn £, iscgivendiyshe s
have been eggma%gd whi ch coarsely represent hv. The spectrumis divided
i nt o bands %{’ch and a strongly voi ced/ weakly voiced flag Bhv is
assi gned for peachlb " Th JS st and ast 500Hz bands i.e. 0 to 500 and
3500 to E;< RdVEM ) e £ (52)

x I=D

Notice that when E=1,M=M and for E = 4, M =M/4.
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al ways regarded as st ‘H\\mmm\wm‘i:l) and weakly voi ced (Bhv=0)
respecti veI§, %FQSV[ gmﬂ I =l the 500 to 1000 Heracsydnisdi
classified 3¢ ¢ed i.e. ¢ Bhv=1. Furthermore, when Vierr]=1 and V[err]1=0
the 3000 to 3500 Hz band is classified as weakly voiced i.e. Bhv=0. The
Bhv val ues of the renmaining 5 bands are dgé ermned using a ngjority
decision rule on the hv[err] values of the”j harnonics which fall within
t he band under consideration. Wen the nunber of harnonics for a given
band is even and no clear majority can ggaggkablished i.e. the nunber of
harrmonics with hv[err]=1 is equal to the nunber of harnonics with
hv[err] =0, then the value of Bhv for that band is set to the opposite of
the value assigned to the inmmediately preceding band. At the decoding

process the hv[err] ,of a.,specific harnonic j is,equal.tq the.Bhv val ue of
t he correspondi[lhg b .eeehﬁ%gﬁfeﬁ'é SEYCIP AR Hﬁff@ti{ s@ﬁeﬁ%%g"%és @Y‘&ﬁgm%?ﬁe’a"ﬁi th 5
bits. Schene Il In this case the 680 Hz to 3400 Hz range. is .
represent ed by %5nfrymesoand qagh 2@ zis epnyeded \Wnton o\ pested] signal, ipclpdipg (20 t he
Fc frequency that separates these two bands can be one of the follow ng:
(A 680, 13&0iced/pnpoicad;clgssifigation 29d a piteh esfimatd, whezeid a\josr pass filteFed can
be one of the follow ng frequencies: (B) 1360, 2040, 2720, 3400.
Furt hernore, t 3pedthisegmdit eomdired{dlibut a rbienddzsaigielis defined| incgash fenesent ed
with Bhv=1 and Bhv=0 respectively. The Fc frequency is selected by
exam ni ng the thrRtatidndfueSeemeithicaltbycach of a scries of candidate pitch estimates as
the maximum of maultiple crosscorrelation values obtained from variable length
speech segments centred about the reference sample, the correlation values are

used to form a correlation function defining peaks, and the locations of the

peaks are determined and used to define a pitch estimate.

2. A system according to claim 1, wherein the pitch estimate is defined using

an iterative process.

3. A system according to claim 1 or 2, wherein a single reference sample may

be used, centred with respect to the respective frame.

4. A system according to claim 1 or 2, wherein multiple pitch estimates are
derived for each frame using different reference samples, the multiple pitch

estimates being combined to define 2 combined pitch estimate for the frame.



defined by the frequencies in (A or (B) and by using again a mgjority rule
on the harnonics which fall within a band. Wien a band with a m xed voi ced
classification Bhv=0 is foujmmwﬂ Meﬂmﬂm[sr of harrmonics with hv[err] =0
i's larger thagydesdibgg nunber JOFY ol h hv[err]=1, thenchenousiset
to the | ower boundary of this band and the *remaining spectral region is
classified as Bhv=0. In this case only 2 bits are allocated to define Fc.
The | ower band is strongly voiced with Bhv=dy whereas the higher band is
weakly voiced with Bhv=0. WD 98/ 01848
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illustrate the ef$f.ect AHfsysttm accordihgvioiany pokadiigl dgiat, wherdm thdpitcpsaniate is
synthesised fromthe transmtted information, Figures 29 and 30 represent

respectively an omo@ifitdl bys Refdhce Wa VL Voicbd/RR{ditede St addigr PitkIe combites of
"Industrial shares were nostly a" and frequency tracks obtained for that

utterance. The hogd;zadnk flanfel ke dRR LRGN hRch bitfmdep terms of frames each of
20nmsec duration. Figure 31 shows to a |larger scale a section of Figure 30,

and represents frequency tracks by full lines for the case when the voiced
frames are all deenmed to be strongly voiced (hv=1) and by dashed |ines
when t he strongly/meaé#y voi ced classification is taken into account so as

to introduce randdm pettHFET AEPLIRRH ABLPreceding, claimgyhercay Lhe sorrelation
wavefornms A, B, C and D. Waveform A represents the magnitude spectrum of a
speech segnent anfeoctien doelinped omingng thresheld etalyea remaipmgopraks |bsingerejqcted if
domai n) .

they are adjacent to larger peaks.

7. A system according to claim 6, wherein peaks arc selected which are
larger that either adjacent peak and peaks are rejected if they are smaller than a

following peak by more than a predetermined factor.

8. A system according to any preceding claim, wherein the pitch estimation

procedure is based on a least squares error algorithm.

9. A system according to claim 8, wherein the pitch estimation algorithm
defines the pitch valve as a number whose multiples best fit the correlation

function peak locations.

10. A system according to any preceding claim, wherein possible pitch values

are limited to integral numbers which are not consecutive, the increment



Waveforns B, C and D represent the normalised Short-Term magni tude spectrum
of the corresponding residual segnent (B), the excitation segnent obtained

using the binary (voiced/ unvoiced) ' m\on nodel (C), and the
excitation segnent obtained mm&u& gly voi ced/ weajgdyeraroissi

voi ced/ unvoVOS8OHIRr i d exci!1 ¥ s(Df. It will be noted that the
hybri d nodel introduces an apprépriate amount of randommess where required
in the 3[err]/4 to [err] range such thatpﬁ)urve D is a nuch cl oser

approxi mation to curve B than curve C ocess V of Figure 1 will now be
described. Once the residual signal has been derived, a segnment of P[err]

sanpl es is obt aphiiden Bwb BicceRieGitiMberé BEIAL pHePTRional tHa dFRSHAAE MmURiplieg By UM
of the segnment, which contains excitation source information, is derived

by applying a PLer alternative solution, in order to
avoi d the conpubgetl%ﬁlgﬁtgg%pwgﬁﬂtmy of the Plerr] points DFT, is to apply a

fix length FFT (128 points) and to find the value of the magnitude
spectrum at the desired points, using |inear interpolation. For a

real -val ued sequence x(i)_ of P points the DFT may_be expressed as:
VWO 98/ 01848 11. A speech synthesis system in which a speech signal 1s divided into a series
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of frames, and each frame is converted into a coded signal including pitch
segment magnitude spectral information, a voiced/unvoiced classification, and a
mixed voiced classification which classifies harmonics in the magnitude spectrum
of voiced frames as strongly voiced or weakly voiced, wherein a series of samples
centred on the middle of the frame are windowed to form a data array which is
Fourier transformed to produce a magnitude spectrum, a threshold vaiue is
calculated and used to clip the magnitude spectrum, the clipped data is searched
to define peaks, the locations of peaks are determined, constraints are applied to

define dominant peaks, and harmonics not associated with a dominant peak are

classified as weakly voiced.

12. A system according to claim 11, wherein peaks arc located using a second

order polynomial

13. A system according to claim 11 or 12, wherein the samples are Hamming

windowed.



The P[err] point DFT wll yield a doubl e-side spectrum Thus, in order to

represent the excitation signal as a superfnosition of sinusoidal signals,
t he magni tude of all the non m‘\mﬁ\“@ust be multiplied by a factor
of 2. The totdlodaidagr of si\{“\“ i ude spectrum valREEGBWUNLRSKH ar e
used in the reconstruction proecess,"is equal to [err]. Process VI of
Figure 1 will now be described. The DFT (Process V) applied on the P[err]
sanples of a pitch segnent in the residual dermain, yields [err] spectral
magnitudes J[err] [err] and [err] phase val ues. The phase information is
negl ected. However, the continuity of the phase between adjacent voiced
frames is preserVJéd. Avpsteasyascording te glaimilpulz on i brwherein[dire threshald value is
conponent is assumed to be negligible and thus, Merr]" is set to 0. In
this way, the nomalo@lated) byt iddntifypec theu maximaa samk dninbngronmagmitiede spdchram
perceptual Iy inportant information. Based on the assunption of an
"approxi mat el y" hRies Sfndpdefiimge il dl taresHORE tif WTtdrRtant Rulbipliéd by iei diffédence
segnent, various nethods could be used to represent the entire magnitude
spectrum Wi th apgiviehhy Mla¥feurSRRE bl Yaluds, modi fi ed single val ue
spectral anplitude representation (MSVSAR) technique is described bel ow
MSVSAR i s based on the observation that sone of the speech spectrum
resonance and anti- resonance information is also present at the residual
magni t ude spectr (G,S. Kang and.S.S. Everett,  "lnprovenent qof th
Excitation Sour ng} n f‘h@ysﬁﬂ?gﬁ\‘?—r WgqtoL P e ape P&é‘?f'{‘ii o Ko digEgin pepfypre

Trans. Acoust., Speech and Signal Proc., Vol. ASSP-33, pp.377-386, 1985).
defined as thosc values which are greater than the two adjacent values, 2 peak

being rejected from consideration if neighbouring peaks are of a similar
magnitude or if there arc spectral magnitudes in the same range of greater

magnitude.

16. A system according to any one of claims 11 to 15, wherein a harmonic is
considered as not being associated with a dominant peak if the difference

between two adjacent peaks is greater than a predetermined threshold value.

17. A system according to any one of claims 11 to 16, wherein the spectrum is
divided into bands of fixed width and a strongly/weakly voiced classification is

assigned for each band.

18. A system according to any one of claims 11 to 17, wherein the frequency

range is divided into two or more bands of variable width, adjacent bands being



LPC inverse filtering can not produce a residual signal of absolutely flat
magni t ude spectrum mainly due to ascade representati on"” of
formats by the LPC filter m “ m ults in the magni tudes of the
r esonant peaks t be dependg e | ocati ons of p¢fygpe7loisiz)

all -pole fiY d b) the LPC § uant | sation noise. As a consequence, the
LPC resi dual WO 98/ 01848
PCT/ GB97/ 01831 54 signal is

itself highly intelligible. Based on thi s"bbservation the M3err]"
magni t udes are obtai ned by spectral sanpling at the harnonic | ocations,

[err], j=1,.. sedneireh #tf a Treqibnbyl ichdtddPhy SYRIGREIS the Isi@bglyvraklyl Soigtal | ned

as follows: [err

(32) wher e,  [.Slifidationbfh kepresent the p quantised LPC coefficients
of the nth coding l{‘rar‘r)\el anarmélerr] and err] are defined as follows:

[err] (33) and [err]

19. A system according to claim 17 or 18, wherein the lowest frequency band

is regarded as strongly voiced, whereas the highest frequency band is regarded

as weakly voiced.

20. A system according to claim 19, wherein the event that a current frame is
voiced, and the following framc is unvoiced, further bands within the current

frame will be automatically classified as weakly voiced.

21. A system according to claim 19 or 20, wherein the strongly/weakly voiced
classification is determined using a majority decision rule on the strongly/weakly

voiced classification of those harmonics which fall within the band in question.

22, A system according to claim 21, wherein, if there is no majority, alternate

bands are alternately assigned strongly voiced and weakly voiced classifications.

23. A speech synthesis system in which a speech signal is divided into a serics
of frames, each frame is defined as voiced or unvoiced, each frame is converted
into a coded signal including a pitch period value, a frame voiced/unvoiced

classification and, for each voiced frame, a mixed voiced spectral band



where Klerr] , i=l,...,p are the reerction coefficients of the nth coding

frame, x[err] (i) represents a e [err] speech sanples centred
in the mddle of the nth codi ““‘\ ich the mean val ue is being
cal cul ated anggspsgd, I\/P([l er r*]) represent thedveryaemsy

response of the MP(z) and 1/ A(z) “f i ters respectively at the [err]
frequency. Notice that the [err] values are calculated assunmng Jerr]=1.
The [err] paraneter represents a constant Whose value is set to 0.25.
Equation 32 defines a nodified LPC synthesis filter with reduced feedback
gai n, whose frequency response consists of nearly equalised resonant
peaks, the | ocat Fiasifigatiogyyhich glawifics hagmenigs within reeiraidandy as pitharstroaglynant
| ocations. Furthernore, the value of the feedback gain Jerr] is
controlled by therpmkbrrmhetb ofd ithe spéech mighal i§ ireennsiructed Iy gpoeratiogian t o
the normalised LPC prediction error). In addition Equation 34 ensures that

the energy of thexcitatipn signakin reRecs aichiitimd sndefpiaying ohd HRitRNAT Signalito tahe
origtnal speech waveform Robustness is increased by conputing the speech

RVE val ue over 1t fies)i WhéreRETdroghth weakly voicMDsP&/tfhlshRd, an excitation signal is
PCT/ GB97/ 01831 55 Two

alternative mign ﬁi?‘:e Q\gﬁ%l{ ‘:{U\.B&D :Qa%‘é%acttoh@%n&ﬁ‘%ﬂ QI'\ gﬁ?m a%uﬁl ?Sogirw elgls

bel ow, whi ch |ng 0 magni tu I 'nf orma n and | ead

to a signifi Cant d ep nrdgl\llteu%%ntthe respective pitch period value.

24. A system according to claim 23, wherein the spectrum is divided into

bands and a strongly/weakly voiced classification is assigned to each band.

25. A system according to claim 23 or 24, wherein the random component is
introduced by reducing the amplitude of harmonic oscillators assigned the
weakly voiced classification, disturbing the oscillator frequencies such that the
frequency is no longer a multiple of the fundamental frequency, and then adding

further random signals.

26. A system according to claim 25, wherein the phase of the oscillators is

randomised.

27. A speech synthesis system in which a speech signal is divided into a series
of frames, and each voiced frame is converted into a coded signal including a

pitch period value LPC coefficients and pitch segment spectral magnitude



reconstructed speech quality. The first of the alternative magnitude
spectrum representations techniques is referred to below in the "Na
anplitude system'. The basic principle of this M5 quantisation systemis
to represent accurately those M3 val ues which correspond | ar gest
speech ShorW"’?’QPW(ST) spectral envel ope values. In partllf:ét}%éﬁdg)bﬁben t he
LPC coefficients of the nth coding frane, the ST magnitude spectrum

envel ope is calculated (i.e. sanpled) at tfe harmonic frequencies [err] and
the locations 1c(j), j=1,...,Na of the |argest Na spectral sanples are
determ ned. These |ocations indicate effectively which of the [err].

magni t udes ar e infidajnextiony eWlyereinr ¢hd FPastinninagnitudeC difsmhRionu dtquanfizednby The
system subsequently selects Mjerr] j=1c(1), , 1c(Na) and Vector Quantizes

these val ues. |fapiglhg tﬂbfllmmd}k ke magm.dess lﬁr&ﬁwmﬁnoﬁxhﬁreﬂwﬁmﬁ e
non- DC M5 arrplltudes Is equal to 8 and for thls reason Na<8.

t ft
BZng Im(;ﬂcszleoandia T (gl ocLatrg%gg %?r%‘ girnépl eﬁl c ? o ?l%ﬁﬁgiﬂ‘?i% xﬂhgn(b)
this variation, ma?!'b\*?%ﬁﬁ"%ggfﬁéﬂw'a E%%wﬁr?aég“ﬁ%fmgé isitp oty (49 e
centered about the m ddle erré of the nth coding franme is obtai ned and
DFT transf or medmagpitudss sp identified are Wé‘céﬂéﬁf‘?‘é?r%‘r‘i‘i‘?%des MG, j =1,
[err] is calculated as: [err]

28. A system according to claim 27, wherein a pitch segment of P, LPC
residual samples is obtained, where P is the pitch period value of the nth frame,
the pitch segment is DFT transformed, the mean value of the resultant spectral
magnitudes is calculated, the mean value is quantized and used as a
normalisation factor for the selected magnitudes, and the resulting normalised

amplitudes are quantized.

29. A system according to claim 27, wherein the RMS value of the pitch
segment is calculated, the RMS value is quantized and used as a normalisation
factor for the selected magnitudes, and the resulting normalised amplitudes are

quantized.
30. A system according to any one of claims 27 to 29, wherein , at the receiver,

the selected magnitudes are recovered, and each of the other magnitude values is

reproduced as a constant value.

A
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and then used as the normalization factor of the Na sel ected anplitudes
M5, j=lc(1l)w I\/gg SfedNa) . The resulting Na anplitudes are theTGRITO1R3]

guanti zed to err| 1) Na-anplitudes systemw th RVS Nornmalization
Factor. In this vari atlon the RVS value of the pitch segnent centered
about the mddle Merr] of the nth coding franme, is cal cul ated as: [err]
g is quantized and then used as the normalization factor of the Na sel ected
anplitudes M{ er rl j =1c( 1c(Na). These normalized anplitudes are
then Vector Quanti-sedAt P e‘P’P‘]hes'No‘@’F‘EE‘ iny elpich i‘l‘e"f—’[‘%‘?'F]s‘Eof'H’L"é Vortpr of

operation can be avoided in this case, since the nagnitude spectrumof the
pi tch segment i sceeffieientaitadbeoiansmitted e anpeceiser: for e reronstiuetion: ofjacpetchs

[err], j=1c(1), , 1c(Na) . In both cases the quantisation of the mand g
factors, used t osigmlrimlv'eaer hantie] asing avaldebonk defined dyfvertvedofftedGizk)the
adaptive [err]-law quantiser with a non-linear characteristic as: [err]

Thi s arrangenent c§dubobld Qectbrdvfifked isRE apé oBtafied Tk VRNEBIe sBRd WAL GedtirROC

of the coder to not |ess than 25dBs.
and an interpolation technique which is an integral part of the codebook
generation process, codebook vectors are compared to the variable sized input
vector using the interpolation process, and an index associated with the codebook
entry with the smallest difference from the comparison is transmitted, the index
being used to address a further codebook at the receiver and thereby derive an
associated fixed size codebook vector, and the interpolation process being used to

recover from the derived fixed sized codebook vector an approximation of the

variable sized input vector.

32. A system according to claim 31, wherein the interpolation process is
linear, and for an input vector of given dimension, the interpolation process is
applied to produce from the codebook vectors a set of vectors of that given
dimension, a distortion measure is then derived to compare the interpolated set
of vectors and the input vector, and the codebook vector is selected which yields

the minimum distortion.

(AR A Ll



At the receiver end the decoder recovers the MG magnitudes as MJerr]' =

MG x A j=lc(l),...,1c(Na). The remaining [err] values are set to a
constant value A (where Ais either "m' or "g"). The bl ock diagram of the
adaptive [err]-law quantiser is shown in Figure 34. peTiONeh B 01848
PCT/ GB97/ 01§ pB/01848 57 The second

of the alternative magni tude spectrumrepresentation techniques is referred
to below as the "Variable Size Spectral Ygctor Quantisation (VS SVQ"
system Coding systens, which enploy the general synthesis fornula of
Equation (1) to recover speech, encounter the problemof coding a variable
| engt h, pitch @&pendesystapactardingaoplainldde wheedin thdiimehkion "diidhe saqbistisdes”
M3 err] quantisation schenmes described in Figure 33 avoid this problem by

Vector Quanti sirggudedcby tdli mte&mﬁ.ﬁ.ednﬂwﬁbwarﬂﬁnﬁmgn&aheswhhtm wend by.
setting the rest of the I\/G[ﬁ%jerr] anplitudes to a fixed val ue. Howevglr%, such

a partially spaghudk mmf‘#@}t excitation nodel has limtations in providing
hi gh recovered speech quality. Thus, in order to inprove the output speech
quality, the shape of the entire { MJerr]} magnitude spectrum should be
guantised. Various techni ques have been proposed for coding { Merr] }.
Oiginally ADPCM has been used across the M5 val ues associated to a
speci fic codi ng®¥: f r dhBystesp agrordipgyte.claim 33, yvherejp the yemaining Jemiitydes axsiset coded
differentially across successive

to a constant value.

35. A system according to claim 34, wherein the constant value is equal to the

mean value of the quantized amplitudes.

36. A system according to any one of claims 31 to 35, wherein redundancy
between amplitude vectors obtained from adjacent residual frames is removed

by means of backward prediction.

37. A system according to claim 36, whercin the backward prediction is
performed on a harmeonic basis such that the amplitude value of each harmonic
of one frame is predicted from the amplitude value of the same harmonic in the

previous frame or frames.

38. A speech synthesis system in which a speech signal is divided into a series
of frames, each frame is converted into a coded signal including an estimated

pitch period, an estimate of the energy of a speech segment the duration of which

0y g



M3 err] magnitude spectra. However, these coding schenes are rather

i nefficient and operate wth relatively high bit rates. The introduction
of Vector Quantisation on the { Merr]} spectral anplitude vectors

al | oned for tyeosleisgd opnent of Sinusoidal and Prototype | nt @ecpasBavdsH
systens which operate at around 2.4 Kbits/sec. Two knowmn {MJerr]} VQ

nmet hods are described bel ow which quantise a variable size (vs[err]) input
vector with a fixed size (fxs) codevector. 77 i) The first VQ nethod

i nvol ves the transformation of the input vector to a fixed size vector

foll owed by conventional Vector Quantisation. The inverse transformtion on
the quantised fiiga@durstion afghs estimated pjtchipesiodetnd LPE diligy sopfficients flefining 3n
vector. Transformation techni ques which have been used include, Linear

| nt er pol ati on. BakBClspedtral ényelops pod atspeech siginal $lotetatedipaiedr] tortlye pomder of the
Non- Squar e transformati on. However, the overall distortion produced by this
approach is the simpunkperch aignhhés bQoistinitedi by gena@HRE MNExcitdlior Bighs! using

i ntroduced by the transformation process. WO 98/ 01848

PCT/ GB97/ 01831  spectral amplitudes which are defined from a modified LP8 spebthalldiSeldpeOnd
VQ met hod achi eves the direct quantisation of a variable input vector Wwth

a fixed size co L& ¢ ' ctl. vs[err] elenments
from each codebogﬁ%n}i’gée:&c%(r)hra,r gﬁffte?lr%glga%ﬁisekigﬁlg%ﬁmﬁggg ?gh%'et ween a codebook
vector and an input MG vector.

39. A system according to claim 38, whercin the magnitude values are
obtained by spectrally sampling a modified LPC synthesis filter characteristic at

the harmonic locations related to the pitch period.

40. A system according to claim 39, wherein the modified LPC synthesis filter
has reduced feed back gain and a frequency response which consists of equalised
resonant peaks, the locations of which are close to the LPC synthesis resonant

locations.

41. A system according to claim 40, wherein the value of the feed back gain is
controlled by the performance of the LPC model such that it is rclated to the

-normalised LPC prediction error.

42. A system according to any one of claims 38 to 41, wherein the energy of
the reproduced speech signal is equal to the energy of the original speech

waveform.

A



Such a quantisation approach avoids the transformation distortion of the
previ ous techniques nentioned in (i) and results in an overall distortion
that is equal to the Vector Quantisation noise. An i nproved VQ net hod

wi |l now be described which is referred to bel ow as the Vaidmiie9in1ad Z€
Spectral VeWPIFW{nti sati on (VS/ SVQ schene. This scheme was devel oped to
t ake advantage of the underlying principle that the actual shape of the {
M3 err]} magnitude spectrumis defined by7 a mnimum/[err] of equally
spaced sanmples. If we consider the nmaxi rrur§1 expected pitch estimate Plerr]
then any { MJerr] } spectral shape can be represented adequately by [err]
sanpl es. This suggests that the fixed size fxs of the codebook vectors S
representing the M err] shapes should not be larger than [err]. O course

this also inpligs t%kp&kﬁ(@}hth&% %?trcﬁxlin%i&?mé’ﬂr:]ﬁzﬁh n gﬁﬂﬂ@&%&ﬁm"?%&% the.

conpl ete spectral shape, define t any equency, IS tained via
I nt er pol ati on progess. lgure .35 hiﬁgﬂli Ets cté)tr&e VS/ SL/C%? race The
codebook CBS ha‘*ﬁﬁﬁmgﬁseafo o N ik gi@" d¢e S?ss'%‘f‘ ¢ ‘]Q"‘f":‘&s“spc ,'*]355 and
i=1,...,cbs, where fxs is [err] is used to quantise _an_input vector
MF err], j=1,..coefficients jangs ap; ']ﬁ%ﬁﬁs?'tfn PPEIBEET  assaciated, gYith | b pitch, segmentcase
linear) is used on the %err] vectors to yield S" vectors of dinension
vs[err]. The S magpitnde, ppd shersniegel signalds geconsyyryciedyby gandspting two xgitafionf or
i=1,...,cbs and j=1,...,vs[err]
signals in respect of each frame, cach pair of excitation signals comprising a first
excitation signal generated on the basis of the pitch scgment magnitude
parameter or parameters of one frame and a sccond excitation signal generated
on the basis of the pitch scgment magnitude parameter or parameters of a
second frame which follows and is adjacent to the said one frame, applying the
first excitation signal to a first LPC filter the characteristics of which are
determined by the LPC filter coefficicnts of the said one frame and applying the
second excitation signal to a second LPC filter the characteristics of which are
determined by the LPC filter coefficients of the said second frame, and weighting

and combining the outputs of the first and second LPC filters to produce one

frame of a synthesised speech signal.
44. A system according to claim 43, wherein the first and second excitation

signals include the same phase function and differcnt phase contributions from

the two LPC filters.
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effectively defines S" spectral shapes at the [err] frequencies of the

M7 err] vect Qo oghigdsSt orti on measure D(S"', MG') is then defi peticBetaagan t he
S'" and M5' vectors, and the codebook vector S that yields the m ni num
distortion is selected and its index | is transmtted. O course in the
receiver. Equation (38) is used to define M¥g from S[err] . If we assune
that P[err] 120 then fxs=60. However this value can be reduced to 50 w thout
significant degradation by |ow pass filtering the signal synthesised from
Equation (1). Thi4si s Adytemeacdeydingitoaigjm d4,7whercin thet onsphtsr ofothiecBrsh@hndi n
the region of 3.4 to 4.0KHz, in which case: [err] 50=vs[err]

ot herwi se. and vefcend [IHQSilters adepldighted byehaldrs winddvai fanctidn swohadhaaCeat
residual frames, exhibit significant redundancy, which can be renoved by
nmeans of backwar dmagsitide oD Rhe Butpit Cofi BB first Al G5 TRAreafing With TRNé Gnlagies
i.e. the anplitude value of each harnmonic Merr]" is predicted fromthe

anpl i tude val ue %a?ﬁiﬁxmhbﬁtﬁﬂi’&ﬁhé SecBi £EIEHUS il cr&lifng witPtm¥A €7 717 A

fixed linear predic

46. A speech coding system which operates on a frame by frame basis, and in
which information is transmitted which represents each frame as cither voiced or
unvoiced and, for each voiced frame, represents that frame by a pitch period
value, quantized magnitude spectral information, and LPC filter coefficients, the
received pitch period value and magnitude spectral information béing used to
generate residual signals at the receiver which are applied to LPC speech
synthesis filters the characteristics of which are determined by the transmitted
filter coefficients, wherein each residual signal is synthesised according to
sinusoidal mixed excitation synthesis. process, and a recovered speech signal is

derived from the residual signals.

47. A speech synthesis system substantially as hereinbefore described with

reference to the accompany drawings.

. m S
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[err] = Db x [err] may be incorporated in the VS/SVQ system and the
resulting DPCM structure is shown in Figure 36 (differential VS/ SVQ
(DVS/ISVQ). In particular, error vectors are fornmed as the difference

bet ween t he origi nal spectral anplitudes Merr]" and their redi cted ones
MF err], i.e. :WOPHPIB$E where the predictled zypectral anplit udBSTRBIEPF" are
gi ven as: [err] and WO 98/ 01848

PCT/ GB97/ 01831 s 60 [err]

Furthernore the quanti sed spectral arrplitué{es M err] are given as: [err]
where E[err]. denotes the quantised error véector.
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The quantisation of the E[err]j<vs[err] error vector incorporates Mean
Renoval and Gain Shape Quantisation techniques, using the hierarchical VQ
structure of Figure 36. A wei ghted Mean Square Error is used in the

VS/ SVQ stage of the system The weighting function is defined as the.
frequency resp¥R8¥018#8 the filter: Wz) = 1/ Aerr], (z / [ePFICRITMIRAr e
Alerr](z,) is the short-termlinear prediction filter and y is a constant,
defined as [err]=0.93. Such a weighting .function that is proportional to

t he short-term envel ope spectrum result&4in substantially inproved decoded
speech quality. The weighting function Werr]" is normalised so that: [err]
(43) The pdf of the nean value of E' is very broad and, as a result,
the nean value differs widely fromone vector to another. This nean val ue
can be regarded as st ati $ti-ddathiy Quentisgion dealysip Framehey vari ati on of the shape
of the error vector E' and thus, canM@Aquantised seiarately wi t hout

payi ng a substantial pendlty in conpression efficiengy. The nean val ue of
an error vector—hs—eal-cgtated—as—Folows: Feri4 ' j

Scal ar Quanti sed t@._M.anc‘...i..qﬂ.th_ep.rmmmr\ed.m..r..om..t.. ~Oj|L-gippal..lerngr..)
formErmt = (E' - 'M. Thd overall quantization distofti [ [
the quanti zation — kM
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Renoved" error vectors (Ernt ), which is perfornmed by a Gai n- Shape Vect or
Quanti ser. whessibjsect i ve of the Gai n-Shape VQ process is o858k Ne
the gain value C and the shape vector S so as to mnimse the distortion
nmeasure: [err] A gain optimsed VQ search nethod, simlar to techni ques
used in CELP systens, is enployed to fing-2he opti num G and S. The shape
Codebook (CBS) of vectors S' is searched first to yield an index |, which
maxi m ses the quantity: [err] where cbs is the nunber of
codevectors in the CBS. The optinumgain value is defined as: [err] G
(47) and is Optimum Scal ar Quantised to G
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During shape quantisation the principles of VS/ SVQ are enpl oyed,

sense that the S[err], vs[err] size vectors are produced using Linear

I nterpol ati on on fxs size codevectors S

generated sha
noi se-1i ke char

codebooks resulted;in
inferior to systems
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and VQ desi gn process was enpl oyed to design
um scal ar quanti sers CBM and CBG of the nean M
and also to define the prediction
foll ow ng steps take pl ace
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| oop fashion (i.e
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a) Gven a training sequence of error vectors E'" [err], the nean val ue of
each E[err] is cal cul ated and used in the training process of an
Opt i mum Scal ar Quanti ser (CBMerr]). b) Gven a training
sequence of error vectors E' [err] and the CBMerr] nean quagiidibersiine
mean val ue of WOR8M%¥ror vector is cal cul at ed, guanti sed using the CBM err]
quanti ser and renoved fromthe omgypal error vectors E' [err] to
yield a sequence of "Mean oo Removed™ T raintng-vectors-Ermiferr].

c) Gven a traify ga_écgquenc:e of Ernt [err] vect ors, ea,.r “Mearr—Reroved”
traini ng vect Ofinput Speech S ”Qfaﬁ%lahﬁx‘?ﬁft ‘fk} [ . Modifieddi yi ded by
the factor G = [er-F-]D—e——————.-» CR Fud288K addh t-e+pot-at-ed lgtionl_aadpt hen
used in the training process sel’eatamofnspeaks \(i‘gﬁ ! ﬁﬁ“@,lantl ser
of fxs dinension. (CBS[err}). o) -ng-sequenge of Ernt
[err] vectors and the CBS[err] shape codebg "Mean-:
Renoved" training vector is-encoded-using quattons 46 and-47-and-the
value G of Equation 47 is used in the training process of an Optinum Scal ar
Quantiser (CBderr]). k is set to 1 (k= V\098/01848

PCT/ GB97/ 01831 % I G 8

W

x(1)

20<d<147

x(i)

d 20 30 35 37 40 90 147

: A R P LT
f{d) 0 1;3:5;dl"j1 14

FIG.11




STEP A1l G ven a training sequence of Merr] and the nean, gain and shape
codebooks of the previous k-1 iterations (i.e. CBMerr], CBerr],
CBS[err]), the optinmum prediction coefficient bk is cal cul at ed.
STEP A2 Gven a training sequence of Mjerr], an optinum prggigabiiisss
coefficient bROSHHS® CBMerr], CBJerr], CBS[err], a training
sequence of error vectors E" [err] is Bo+rdEd, V\/m ch is then used
for the design of new nean, gain and shapeé codebooks (i.e. CBM,

CBerr], CBS[err]). STEP A3 The performance of the kth iteration

guanti zation system (i.e. b[err], CBMerr], CBderr], CBSKk) is
eval uated and conpar ed agai nst the quantization system of the previous
iteration (i.e—bferri—3 I;:r']“"‘CBG{ ervyCBSfer ) T the quanti zat i on

di stortion i conver"g‘es ato%a mninum the quantization desi gn process

stops. O herwii o Eil ti v ¢ and step; Al, d A3 are repeate .3‘0 The
per f or mance ofi Bid)|iDrermifd | eCliplaiRd r €R.(d) QR 3@_ r iﬁﬁﬁ;e #})
has been eval udtsgidadi Ng qﬁfﬁ)eoii’ﬁm!mists a g Seq BRIEkig | “L*S@gm(j
measur e, Wwhi ch. was found to ireflect the subj +ve perfornmancé of T he
system The de5| gn for t diax Mean- Shape- Gain Quantiser used in STEP A2 is
performed using the folCanistign 4NMIR fBictipsind SA&RaBil itchaakn a trai ni ng sequence
of error vectors ETertT], The nean valrug of each ETerr] g """

cal cul ated and used in the training process of an Optinum Scal ar Quanti ser
(CBMerr]). STEP B2 G ven a training sequence of error vectors E'[err] and
the CBMk nean quanti zerEtlhﬁD ‘L - mean val ue of each residual vector is
cal cul ated, quantized ahd ve romt he original residual

vectors E[err] to yietog—ea—segqoermce—or— Mean Renoved" training

=)
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vectors Ernferr]qg, which are then used as the training data in the design

of an opti nmum Gai n Shape Quantizer (CBerr] and CBS[err]). This

i nvol ves steps Cl1L - C4 below. (The guanti zati on design process is
per formed und ssunption of any independent

PeT) aboy) 0104 o Hifisd 64 mﬁéﬁgﬁ?ﬁgshape
guanti ser structure, i.e. an input error Ae@ffor Enferr] can be represented
by any possi bl e conbination of S[ erTi—codebook shape vectors and G
gain quantizer levels.) STEP Cl (v=0). G ven a training sequence of
vectors Ernferr] and an initial CBerr] and CBS[err] gain and shape

codebooks respectively, conpute the overall average distortion

distance Derr] as in Equation 44. Set v equal to 1 (v=l ). STEP C2 G ven
a training sequence of vectors Erm"[err] and the CBJ err] gain codebook
from the previous iteration, conpute the new shape codebook CBS[err]
whi ch m ni mses the VQ di stortion neasure. Notice that the optinmm
CBS[ err] shape codebook is obtained when the distortion neasure of
Equation (44) is a mininumand this is achieved in Merr]
iterations. STEP C3 Gven a training sequence of vectors Ernferr] and the

CBS[err] shape codeboo
Reject
loc(Np)

v
Find local max CR(d, )
at 0.8*P- 1.2*P

E;>50 and
u,(Npy=Np and
Np>2

Continue Continue N
C"NO" Path in Fig. 1D "YES" Pathin Fig. 13

FIG.14




conpute a new gain quantiser CBerr] which mnimse the distortion neasure
of Equation (44). This optinmum CB err] gain quantiser is obtained
when the distortion measure of Equation (44) is a mnimumand this is
achi eved in I\/%L Jl terations. STEP C4 G ven a training S&4ERHRmE
vectors Ernf 2{' gr?d t he shape and gai n codebooks CBS[err] and
cBderr], corrpute the average overall digteygion neasure. If (Dlerr]
D[err])D[err]<[err] stop. Ot herw se, SFJ:-(Za-nd go back to STEP C2. The
centroids S[err] , i=l,...,cbs and u=1,...,fxs of the shape Codebook
CBSk[err], are updated during the nth iteration performed in STEP C2 (n¥l
I\/Il[err]) as follows: [err] where [err] [err] WO

08/ 01848 PCT/ GB97/ 01831
65

up(2),.-up(ND)

ave a cornmon facto

NO

he value of CR
at the location

of a missing peak

is small

NO

A
Continue Continue
"YES" pathin fig. 13 "NO" path in fig. 13

F1G .15




[err] Q@ err] denotes the cluster of Erm' [err]
error vectors which are quantised to the S[err] codebook shape vector, cbs
represents the total nunber of shape quantisation levels, Jlerr] represents
the CBHerr] lshisgdebook index which encodes the Ernt [ergdy,&dohRtssyect or
and 1<j<vs[err]. g 37

Initially
Buffer(j)=10e8
=2,...51
Count=0

Y
159

RO =Y s(i)?
i=0

=158

Rl= ) s(i)Xs(i+1)

i=0 l

PDetermine

Buﬁ'erﬁ)=BuI?'ez(i+1 )

X
EBuffcr(i)
R., - ixz] K

__NO Ro<Aver—YES
Y

[Count++
(‘Buffer(K+1)=0.75*R0 )

(Buffer(K+1)=1.33*R0 )

]

FIG .16




The gain centoids, Jerr], i=1,...,cbg of the CB err] gain quantiser,

whi ch are conputed during the mh iteration in STEP C3 (n=1 ,....M[err]),
are given as: WO 98/ 01848

PCT/ GB97/ 0183

where D err] évé'nogmm% he cluster of Ernferr] error vect ors wh /E;%S'J/omx
quantised to the Qerr] gain quantist) 1+2¥el, cbg represents the total
nunber of gain quantisation levels, I[®ErTT represents the CBS[err] shape
codebook i ndex which encodes the Ernferr] error vector and 1<j<vs[err].
The above enpl oyed design process is applied to obtain the opti num shape
codebook CBS, optinmum gain and nean quantizers, CBG and CBM and the
optimum prediction coefficient b which was finally set to b=0. 35.

Process VII cal culates the energy of the residual signal. The LPC anal ysis
performed in Process Il provides the prediction coefficients a[err] [err]
and the reflection coefficients k[err]




[err]. On the other hand, the Voiced/ Unvoiced classification perfornmed in
Process | provides the short term autocorrel ation coefficient for zero
del ay of the speech signal (R0O) for the frame under consideration. Hence,
t he Energy ofwbggmrsgssi dual signal E[ferr], value is given aspcteBdiossr The
above expression represents the mninmumprediction error as it is obtained
fromthe Linear Prediction process. Howe/2r, because of quantization
distortion the paraneters of the LPCTiTter used in the coding-decoding
process are slightly different fromthe ones that achieve m ninum
prediction error. Thus, Equation (50) gives a good approximation of the
residual signal energy with |ow conputational requirenents. The accurate

E[err] value can be given as: WO 98/ 01848
PCT/ GB97/ 01831 - 67 [err]
(51) The resulting [err] is then Scalar'gﬁagtised usi ng an adaptive

[err]-law quantised arrangenent simlar tq the one depicted in Figure 34.
In the case where nore than one [err] are xsed iyggthe temi.e. the

energy E[err] is calculated for a nunbe ‘ is given
by the general equation:

NO
[1.0,0.82] {0.0,0.40}
RI/RO

[o.sz,o.ssi Nyl | [0.55,0.40]

<04




[err] Notice that when [err]= 1,Merr]=Mand for E =4, Merr]=M 4.

68 CLAI V5 1. A speech synthesis
systemin which a speech signal is divided into a series of franmes, and
each frane iswggﬂaégggt ed into a coded signal including a vopegdsstoigsiced

cl assification pitch estimate, wherein a | ow pass filtered speech
segment centred about a reference sanpll@+27efined in each frame, a
correlation value is calculated for each of a series of candidate pitch
estimates as the maxi mum of multiple crosscorrelation values obtained from
vari able length speech segnents centred about the reference sanple, the

correlation values are wused tp forma correlation function defining peaks,
and the locations of the peakp are deterp ned am# used to define a pitch
estinate. of o a
by Q | = S)
c‘g‘ Q —
S8« |8 "-%:‘: &)
s 15|l € %
4 S|y =
w I e "
S t
o
o
0
of LR 8
A< 8|1 382 |5
RC |5, T
A Sy = Z
o =4
- | \—/
[~}
()
o be (8 o~
* 8 RT-E
S |O 22< |5 ~
2 1g|ly %
= &~ (&8
“ l =) =
e I n | -
gl{all ¢ 818
RBs 18|, 1%5 |3
2<% 5! = =
&) >|
o ol
o .
2@ _ giBl B3
on% M e 2|0 <
A%? ol Y89 18| 2 ¢
= ol, 2> £
\—/ 5
3 . 29
S o ¥
r—\l Q A=
0 | N oo} = &
caiall ¢ O
A o‘ U Vgo [ .o <
ML O] & & e =
Q> O e 8
— g g
<
o L) (SRS
o i
]
=
. o
¢ | |z
&




2. A system according to claim1, wherein the pitch estimate is defined
using an iterative process. 3. A system according to claim1l or 2,
wherein a single reference sanple may be used, centred with respect to the
respective frane. A system according to claim1l or péydiadsin

nul tiple pltcﬁ'é§@ﬂﬁﬁtes are derived for each franme using different
reference sanples, the nmultiple pitchl3es2Vmates being conbined to define a
conbined pitch estimate for the frane: WO 98/ 01848

69 5. A system according to any preceding claim wherein the pitch
estimate is nodi fied by reference to a voi ced/ unvoi ced status and/ or
pitch estinmates of adj acent franmes to define a final pitch estinmate.

6. A system according to any preceding claim wherein the correlation

i
Hgd
5 g

FIG.20

d1=-10
d2=+10

d1=-P',
d2=+P,




function is clipped using a threshold val ue, remai ni ng peaks being rejected

| f they are adjacent to |arger peaks. 7. A system accordi ng
to claim6, wherein peaks are sel ected which are | arger that either
adj acent peak and peaks are rejected if they are smaller tha

fol | owi ng peal” ‘b?fs"ﬁfﬁse than a predeternined factor. PCﬁGB?&mé?étem
according to any preceding claim wherei nltthe2fitch estimation

procedure is based on a | east squares error argorithm 9. A

system accordi ng to cl@iSPABT )wherein the pitch estimation algorithm
defines the pitch valve ag a nunber whose nultiples best fit the

correl ation » k] ocati ons. 10. A system accordi ng
to any precedi g \ si bl e pitch val ues are limted to
i ntegral nunbegs whielal --consecutive, the increnent WO
98/ 01848
PCT/ GB97/ 018

| LI(P2, P1) indicates a -
i Linear Interpolation opemnon
: of P,at M, +dl and

i Py at M, +d2atM,,,

[i*P-P* |<0.2%i*P
i=2,3,4

. media_f(P0, P1, P2) indicates :
: a media filtering operation

: [P-P] <0.2*P',
i onP, P and P,

j=0,1,2

FIG. 21




70 bet ween two successive nunbers being proportional to a constant
mul tiplied by the | ower of those two nunbers. 11. A speech
synthesis systemin which a speech signal is divided into a series of
frames, and eggh frane is converted into a coded signal inclyegghRidh
segnent magni tude spectral information,1a-v8i7Zced/ unvoi ced cl assification,

and a m xed voi ced classification which classifies harnonics in the
magni t ude spectrum of voiced frames as strongly voiced or weakly
voi ced, wherein a series of sanples (STAR®ntred on the middle of the

frame are windowed to forma data array yRjich is Fourier transforned
to produce a magni tude spectrum a t tyal ue is cal cul ated and
used to clip the magnitude spectr f\.data i s searched to
defi ne peaks, the |ocations of traints are
applied to define dom ¢ 1158 : assockated with a
dom nant peak are cl assi 'a%‘évﬁgkiggpg'é% 12.

according to claim11, wherein peak¥ ocat e-tsi ng a second or der
pol ynom al 13. A system ac [ g claim1l or 12, whefein the
sanpl es are Hanmm ng

| PP <O.1*Pf
j=2.3.4

P=P/j
G YES P*j-P'| <0.2*P%]
p=ps] =1
D=1}
Y
cD++

P=0) and V=1 and V',=1 and
SP=0 and SV=0

P=0 and V=0 and V' ;=1 and V_=1
and SP=0 and SV=0 and
(|P'-Pi<0.2*P', OR |P, -P|<0.2*P_

meerime e - sv=1 -

V=1
D=0
SV=0
SP=0_ A
"""""" STOP




wi ndowed.
PCT/ GB97/ 01831

WD 98/ 01848

71 14. A

system according to claim 11, 12 or 13, wherein the threshold value is
cal cul at ed bg"fd% R§4i8fyi ng the maxi mum and m ni num magni t udepSIASEFiIN
1 i

val ues and d

g the threshold as agcopgtant nultiplied by the

di fference bet ween t he maxi num ard—TiTi num val ues. 15. A
system according to any one of clainms 11 to 14, wherein peaks are

defined as those values which are greater than the two adjacent val ues, a
peak being rejected from consi(@&amjon i f neighbouring peaks are of a

simlar magni tude or if there 3@

range of greater

pectral magnitudes in the sane

magni t ude g A system according to any one
of clains 11 to 15, wheret i S
associ ated with a dom na

OHT P VR0 end & =1 angCoRsider¥85as not being
néak jpi-pt e TWP{ ] er ence

P.%i-P_|<0.2*P *i and YES
[PI*i-P". [<0.2%P *i

i=2,3.4

P=Pri

P/i-P, |<0.2*P fian
[Pvi-P, [<0.2+P /i

i=2,3.4

NO

]

A
P,wIN
P-P.[>0.2¢P, OR YES

{P-P'.[>0.2*P,

Zl P =media_f(P.P',.,P.)

- media_{(P, P'.., P. ) indicates.
- a media filtering operation :
‘ onP,P,,,20dP,,

F1G.23




bet ween two adj acent peaks is greater than a predeterm ned threshold val ue.

17. A system according to any one of clains 11 to 16, wherein the
spectrumis divided i nto bands of fixed width and a strongly/weakly

voi ced cl assi assi gned for each _band. pcifGBo70M3PY St €M
according to gkﬁﬁghg of clainms 11 to 17, vihkre?d the frequency range

is divided into two or nore bands of variable w dth, adjacent bands being
WD 98/ 01848
PCT/ GB97/ 01831

72

A system accor di ng
is regarded as
as

voi ced classificatj
to claim1l7 or 18, where
strongly voi ced, whereas
weakl y voi ced.

PAi-P <0.1* P %]
=2.3.4

LN()
IP'ni-Pn‘>0'45.P‘m| YES
and P, >20
NO P, -=P'rl
=landV,_=1 and V'_,=0
P/i-P_|<0.1*P,. YES
P=PA |

|P*i-P,I<0.1*P_ %
i=2,3,4

P.,-P1>0.45%P
and P_>29




20. A system according to claim19, wherein the event that a current
frame is voi ced, and the following frane is unvoiced, further bands
wi thin the current frame will be automatically classified as weakly
voi ced. vo9g/i'ns48 A system according to claim19 or 20, petiepernssiihe
strongly/meakwy vol ced classification is determ ned using a majority
decision rule on the strongly/weakly 18 —2¥oiced classification of those
har moni cs which fall within the band i iguésti on. 22. A system
according to claim21, wherein, if there is no ngjority, alternate

bands are alternately assigned strongly voiced and weakly voi ced

classifications. 23. A speech synthesis systemin which a speech
signal is divided into a series of frames, each franme is defined as
voi ced or unvoi ced, each franme is converted into a coded signa

including a pitch period value, a franme voi ced/ unvoi ced
classification and, for each voiced franme, a m xed voi ced spectral band

WD 98/ 01848 PCT/ GB97/ 01831
73 ‘I’

V.=0and V,,=1 and V',=1 and
‘P.ml 'pn{<0 3 ‘P'ml

V=1

PP +P, )2
|




classification which classifies harnonics wthin spectral
and t he speech signal

strongly

or weakly voiced,

generating an

the excitation si
spectral bandVOo2f

1

excitation signa
filter,
Wititation signal is4g

nal

to

a

ener at

ed which’i

R

bands as either
I s reconstructed by
in respect of each frane and appl yi ng
wherein for each meq%

random conponent in the formof a functisa®hich is dependent upon the
respective pitch period, val ue. - 24. A systiem according to claim 23,
wherein the spectrum@i'’s divi ded i&wﬁ) bands ang]a st rongl y/ weakl y

voi ced cl assificatioffi si gned—to-eagh band. w R5.: A system
according to claim 2@ &%24, wherjgi Bt Qe random ¢BnBdnent {s

i ntroduced by reduci|f§ &he|anplit B2 off| hgr pQni ¢ ijﬁaio@s assigned the
weakly voiced cl assi|fFéatign, di §ga{ﬁ_’§jg the oscifj&far| fr8quenci es such
that the frequency Ts[no Iorgefa pultiple ¢f The funFanental
frequency, and then add ng fur#her random si ‘ 26. A

system according to cl8im 25, wher®l|n the phase of:,

random sed.

is divided into a seri

into a coded signa
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pitch period value LPC coefficients and pitch segnent spectral magnitude

WD 98/ 01848

PCT/ GB97/ 01831

information, wherein the spectral magnitude information is ' y

sanpl i ng the MOZ8OM4Bt term magnitude spdBtTudat har monic reg'tﬂg?\/gﬁgsj, t he

| ocations of the | argest spectral sanples are determned to identify which

of the magni tudes are relatively —portant for accurate

guanti zation, and the magni t udes goST.elBﬂ‘tlfied are sel ected and

vect or quanti zed. 28. A system acgor | ng to claim27, wherein a

pitch segnent of P[err] LPC r estdtrat ||E|ca 5 obt ai ned, where

Plerr] is the pitch period val ue of|f{ W‘ e t he pltch segnent

i's DFT transformed, the nean val ue &St spectr al

magni tudes i s cal cul ated, the nean value |s quantlzed and used as a

normal i sation factor for the sele J

nor nal i sed anplitudes are Bmdthmrhum and Mxmmum

Magnitude Spectrum values
MG, MG,.)

in the freq range {0,3500Hz]

Define THO
THO=MG,.-MG_)*0.01

Clip Magnitude spectrum
If MGR(i) < THO then MGR(:) 0

i
|Peakk Picking|

y
Fit second order polynomial
to obtain more accurately
the location of a peak

Apply constraints to define
dominant peaks

l

Classify each harmonic as
"stronglyvaiced ar ‘weakly 'voiced

Divide the entire frequency band
into bands of fixed size and classify
each one as "strongly'voiced or “weakly
voiced according to a maJorlty vote
decision of the harmonics in each band

{ STOP )
FIG.27




29. A system according to claim27, wherein the RVS value of the pitch
segnent is calculated, the RM5 value is quantized and used as a

nor mal i sati on factor for the sel ected magni tudes, and the resulting
nor mal i sed anIitudes are guanti zed. 30. A pebBkasoaeeor di ng
to any one of V@PYPAE 27 to 29, wherei Z.l __ag-]t he receiver, the

sel ected magni tudes are recovered, an of the other nagnitude val ues
is reproduced as a constant val ue. WO 98/ 01848

PCT/ GB97/ 01831 75 31.

A speech synthesis system in which a variable size input vector of
coefficients to be transmtted to a receiver for the reconstruction of a
speech signal is vector quantized using a codebook defined by vectors
of fixed size, the codehook vectors of fixed size are obtained from
vari abl e sized training vec and an interpolation technique which
is an integral part of the codgbo generation process, codebook
vectors are conpared to—tie oye ed i nput

(loc(k)-loc(k-1)) >
1.5*fo+TH2

loe(k-1) = loc(k-1)+fo

(toc(k)-loc(k-1))
within the range
fo-THI to fo+THI

Reject
loc(k)




vector using the interpolation process, and an i ndex associated with the
codebook entry with the snmallest difference fromthe conparison is
transmtted, the index bei ng used to address a further codebook at the
receiver and‘%§§%$g§ derive an associ ated fixed size cedgbagkmssect or

r n

and the inte process being USE%JLQ 7 recover fromthe derived
fi xed sized codebook vector an appr oxi ;Q&_ f the vari abl e sized

i nput vector. 32. A system according to claim 31, wherein the
i nterpol ati on process is | i near, and for an input vector of given
di rension, the interpolation process is applikd to produce fromthe
codebook vectors a set of vectors of that give$§3. di nensi on, a

g

distortion nmeasure is then derived to conpare nt er pol at ed set of
vectors and the input vector, and the codebook or is selected which

yi el ds the m ni mum di stortion. qugﬁ 01848

PCT/ GB97/ 01831 76 33.

A system according to claim32, wherein the dlmg_s on of the vectors is
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reduced by taking into account only the harnonic anplitudes within an input
bandw dt h range. 34. A system according to claim33, wherein the
remai ni ng anplitudes are set to a constant val ue. 35. A
syst em accor di 3 defgisdas @ M 34, wherein the constant value is ?»3’1‘}%39%9 ;lhe
nmean val ue of the quantized anplitudes. 36. A systen1accofa|ng to
any one of clainms 31 to 35, wherein redgﬁdaﬁ%¥ bet ween anplitude
vectors obtained from adj acent residual franmes is renoved by neans of
backward prediction. 37. A system according to claim36, wherein
t he backward prediction is perfornmed on a harnonic basis such that
the anplitude val ue of each harnonic of one franme is predicted from
the anplitude val ue of the same harnonic in the previ ous frane or
frames. 38. A speech synthesis systemin which a speech signal is
divided into a series of franes, each franme is converted into a coded

signal including an estimated pitch period, an estimate of the energy
of a’'speech segnment the duration of which

FIG. 31

Figure 3.13



WD 98/ 01848
PCT/ GB97/ 01831 77 is
a function of the estimated pitch period, and LPC filter coefficients

defining an C spectral envel ope, and a speech sign | at ed
power to the Sﬁ%%?"o t he i nput speech signal is recgﬁgﬁéﬁﬁﬁggsby
generating an excitation signal using 24 —2®pectral anplitudes which are
defined froma nodified LPC spectral envetope sanpl ed at harnonic
frequenci es defined by the pitch period. 39. A system accordi ng
to claim38, wherein the magnitude val ues are obt ai ned by spectrally
sanpling a nodified LPC synthesis filter characteristic at t he
harmoni ¢ | ocations related to the pitch period. 40. A system
accor-ding to claim39, wherein the nodified LPC synthesis filter has

reduced feed back gain and a frequency response which consists of equalised
resonant peaks, the locations of which are close to the LPC synthesis

r esonant | ocati ons.
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41. A system according to claim40, wherein the value of the feed back
gain is controlled by the performance of the LPC nodel such that it
is related to the normal i sed LPC prediction error. 42. A
system according to any one of clains 38 to 41, wherein the

t he reproduceWOSB8Y¥IH signal is equal to %he energy of the g??g?ﬁgwﬁgbeech
wavef or m WD 98/ 01848 25 —27

PCT/ GB97/ 01831 78 43.
A speech synthesis systemin which a speech signal is divided into a series
of frames, each frane is gonverted into a coded signal Encluding LPC filter
coefficients and at | east @one paraneter associated with pi tch segnent
magni tude, and the speechgsignal is reconstructed by gegerating two

excitation .- -si.ghal s..im.respect .of. each frame, each4pair of excitation
signals conprisgsing a firgf; exci tation signal gengﬁated on the basis
of the pitch segment nagfi'tude ; : : ;
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paranmeter or paraneters of one frame and a second excitation signa

gener at ed on the basis of the pitch segnent magni tude paraneter or
paranmeters of a second franme which follows and is adjacent to the
said one fra i ng the first excitation signal t fi LPC
filter the cggrg??@#?%tics of which ﬁég determ ned by ?ﬁikﬁﬁ%ﬁ%llter

coefficients of the said one frane a __ggﬁzying t he second excitation
signal to a second LPC filter the characteristics of which are

determ ned by the LPC filter coefficients of the said second frame, and

wei ghti ng and conbi ning the outputs of the first and second LPC
filters to produce one @A rpme of ym hesi sed speech signal
44, A system according to c ; greet ' armd—second
exci t.ation signals inclpude t sanme phase function and different
phase contributions from t he’, LPC filters. WO 98/{01848
PCT/ GB97/ 01831 0.02 ———» 4 79 45,
A system according to claim4g, wh I outputs of the first and
second LPC filters are weighted b +_aIf a 'ndogkf nggion such that the
A,
R-law | A,
A, Qauntisen
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magni tude of the output of the first filter is decreasing with tine and the
magni t ude of the output of the second filter is increasing with tine.

46. A speech codi ng system whi ch operates on a frane by frane basis, and
in whi chyiaésigat i on is transmtted which represents eaghnéidi:ps

ei ther voiced or unvoi ced and, for each voiced frame, represents that
frame by a pitch period val ue, quan%ﬁ;ggzgpgnitude spectral
information, and LPC filter coefficients, 1the" received pitch period
val ue and magni tude spectral information being used to generate
residual signals at the receiver which are applied to LPC speech

synthesis filters the characteristics of which are determ ned by the

transmtted filter coefficients, wherein each residual signal is
synt hesi sed according to si nusoi dal m xed excitation synthesis
process, and a recovered speech signal is derived fromthe residual
si gnal s. 47. A speech synthesis system substantially as
her ei nbef ore described with reference to the acconpany draw ngs.
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