1 A Method and System for Reconstructing Speech froman | nput Signal
conpri sing Wi spers 5Technical Field This invention relates to a nethod and
syst em f oworeciansiseuct i ng speech from an input signal ceoprsiGINGeshs spers.
The input signal may conprise entirely of whispers or nay be a normally
phonat ed speech with occasi onal whidpers, or may conprise whisper-1like
sounds produced by people with speech inpedi nents. 10 Background The speech
pr oduchi Methodcand system firt Rebongtrestieg aspeschpdeamngnt iputgiSignalaut
glottis to cre .a varying pitch signal which resonates through the vocal
tract, ﬂ'ﬁ'?é'?'“ﬁs meﬁ and out through the mouth. Wthin the vocal, oral
and nasal cavities, the vellum tongue, and |ip positions play crucial
rol es i n shaping speech sounds; these are referred to collectively as vocal
tract nodul ators. Whispered speech (i.e. whispers) can be used as a form of
qui et dachmicaMdekl 20 conmmuni cation through, for exanple, nobile phones. As
a para f texts.
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hernore; whi'sperin ssentlal
conmunilikasounds prodread by fpepplsavith speegi enmohmenfenm ng voice box difficulties.
Unflgrt unately, whispering usually |leads to reduced perceptibility and
degree of understanding. The main difference between normally phonated
speech Baglgingbers i s the absence of vocal cord vibrations in whispers.
This may be caused by the normal phy5|olog|cal bl ocki ng of vocal cord

vi brati_ons when whi spering or, in ggpgical cases, by the b ockrng of 30
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si gnal refefgd to pq;{@pgvehgas vocal fract modulators.

Whispered speech (i.e. Whispers) can be used as a form of quiet and private
20 communication through, for example, mobile phones. As a paralinguistic phenomenon,
whispers can be used in different contexts. One may wish to communicate clearly, but
is in a situation where the loudness of normal speech is prohibited, such as in a library
where one would prefer fo whisper to avoid disturbing others, or to avoid incurring the
wrath of the librarian. Furthermore, whispering is also an essential commenicative
25 means for some people experiencing voice box difficulties. Unfortunately, whispering
usually leads to reduced perceptibility and degree of understanding. The main
difference between normally phonated speech and whispers is the absence of vocal
cord vibrations in whispers. This may be caused by the normal physiological blocking
of vocal cord vibrations when whispering or, in pathological cases, by the blocking of
30 vocal cords due to a disease of the vocal system or by the removal of vocal cords due

o a disease or a disease treatment.

When using a mobile phone in public places, there occasionally arises a need for
private communication which may be achieved by whispering during the mobile phone
35  use. At present, the recrpient of the whispered speech would be disadvantaged due to
the low quality and low intelligibility of the reconstructed speech signal. Thus, there



arises a need to recreate a nore nornmal -soundi ng speech using the whispered
input so that the contents of the whispered speech may be nade clearer to

t he reci pvenviiaRs4she speech in the conversation. Such r@Coss2010000308,

shoul d preferably be perforned prior to the signal transm ssion, since the
bul k of speech communi cations systen® are 5designed for fully phonated
speech, and are thus likely to performbetter if given the expected
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its mechani sm of reconstruction and pitch insertion underlying the system
are not_suited for real_ tine applications, for exanple, in the sceparios
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conpri SPRRICANEBREE nPh et bev Frobifer PR roparciprartairiemore. this type
speech regeneration has received relatively little research effort apart from a notable
25  example synthesizing normal speech from whispers within a MELP codec by Morris.
Although Morris’ proposed approach performs a fine spectral enhancement, its
mechanism of reconstruction and pitch insertion underlying the system are not suited
for real time applications, for example, in the scenarios described above. This is
because for pitch prediction, Morris’ method impiements an aligning technique which
30 compares normal speech samples against whispered samples and then trains a jump
Markov linear system (JMLS) for estimating pitch and voicing parameters accordingly.
However, in both the above scenarios where whispering may occur, i.e. whispering by
laryngectomy patients and in private mobile phone communications, the corresponding
normal speech samples may not be available for comparison and regeneration

35  purposes.



5 unit configured to analyse the input signal to forma representation of
the i nput signal; an enhancenent unit configured to nodify the

repr esentwoizon/af46he i nput signal to adjust a spectrumpafi/SGheloiongsas

signal, wherein the adjusting of the_spectrum of the input signal conprises
nodi fyi ng a bandw dth of at | east oné formant in the spectrumto achieve a
predeterm ned spectral energy distribution and anplitude for the at |east
one 10formant; and a synthesis unit. configured to reconstruct speech from

t he m)cgd‘,hﬁ,gry epresentation of the input signal. According to another

exenpl ary aspect, there is provided a nethod for reconstructing speech from
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Note that the above-mentioned input signal may comprise only a portion of a speech
signal from a speaker in a conversation. A final reconstructed speech to be sent to the
receiver of the conversation may be formed by combining the reconstructed speech
25 from the system and method provided in the above exemplary aspects 'and the
remaining portion of the speech signal (which may be unprocessed or processed in a

different manner).

In addition, the reconstructed speech from the system and method provided in the
30  above exemplary aspects may be (i) replayed as-is to the receiver of the conversation
or (ii) mixed with a proportion of the whispers before it is sent to the receiver of the

conversation. Case (i) is more commonly performed.

Modifying a bandwidth of at least one formant in the spectrum to achieve a

35  predetermined speciral energy distribution and amplit'ude for the at least one formant is



the at |l east one formant is kept relatively constant when nodifying its
bandwi dth. This 10 helps to keep the formant trajectories snmooth while

i ncreasi gotzha/eseegi es of the whi spered speech conponelrCI/SGAg@Iong318 hi s can
improve the intelligibility of the reconstructed speech and significantly

i ncrease the natural ness of the recofstructed speech. 15Preferably, the
predeterm ned spectral energy anplitude is derived based on an esti nated
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acconpanying illustrative 25drawings. In the drawings: Fig. 1 illustrates a
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traj ectenseel of these extracted formants with the input being a whispered
speech frame of an input whispered vowel (/a/).;

15  Preferably, the predetermined spectral energy amplitude is derived based on an
estimated difference between a spectral energy of whispered speech and a spectral
energy of normally phonated speech. This helps to more accurately compensate for the
differences in spectral energy between whispered speech and normally phonated
speech.

20
Brief Description of the Drawings
In order that the invention may be fully understood and readily put into practical effect
there shall now be described by way of non-limitative example only exemplary
embodiments, the description being with reference to the accompanying. illustrative

25  drawings.

In the drawings:

Fig. 1 illustrates a system for reconstructing speech from an input signal comprising
whispers according to an embodiment of the present invention;

Fig. 2 illustrates a specfrum of a vowel /a/ spoken with a normally phonated voice and

30  aspectrum of the vowel /a/ spoken with a whisper;

Figs. 3(a) and 3(b) respectively show an example output from a Whisper Activity
Detector of the system of Fig. 1 and an example output from a Whispered Phoneme
Classification unit of the system of Fig. 1;

Fig. 4 illustrates a block diagram of a spectral enhancement unit of the system of Fig.

35 1



5Figs. 6(a) and 6(b) respectively illustrate formant trajectories for a

whi spered vowel (/i/) and for a whispered di phthong (lie!) before and after
processi ngoinittiresegspect ral enhancenent unit of Fig. 4; PCTRG36L0/06@a}3 and
7(b) respectively illustrate an original whisper formant trajectory before
spectral adjustnment in the spectral @nhancement unit of Fig. 4 and a

snoot hed formant 10trajectory after the spectral adjustnent; Figs. 8(a) and
8(b) r &Expécshonel theirkblatiwi betivees e Prapbiiy Mabs &undiios pd fethangnedraptedef or e

and after the tr i . or ned of: Fi g L. ailed
escri B B VoA I ERLCE: Tl torboiR ISR otk et % 00
for redonmsntuwith tige speebéing mowhiaperedmpteesh frame af ampinpst wigjspdred pews!
accordi}%g.to an enbodi rent of the present invention. As shown in Fig. 1,

t

t he syé i 100 conprises a plurality of pre-processing nodules 20 which in
tur\ cdigs: B&Bsand 6(by sspestivelprilbstata fognant ttajeatoridsdorf @ mmispereal Wwes (&)

AR :ﬁ&#@@éﬁ?ﬁ@?ﬁ%?ﬁeﬁf?%}ﬁ%%%é%@% i*ﬂ?)%g%f ias SRR
conpr i sabagee amtefigt 4unit in the formof a spectral enhancenment unit
syt ot iF and Fhe] Rk el MRt LTl e e BEle T it ™
anal ysepetiealiadjustmantgm &ie sppcfralrenhancepertseritdtigod soid ¢ sreodthpdforsiaghal , t he

spectral_.en t. uni 1 s.configured to nodify the representation of
thel%i ngiﬂe‘%. %ﬁ?%% Sggjc{ﬂ%tagj&gtsrﬁéené’trum of the input signal and the synthesis
uni t i Figor®a)anmed{b) mspectivalytiltustrates pastrogfantneftzhehinpetief isedienep beoent at i on
of the Jinp i \ I ediction (LTP) output

typi caﬁn@ aﬁeayu%%gggsﬁ%%ﬁgigerl}%ﬂgd;b gﬂ%ggsge%%ﬁg]djﬁﬂt is not used in system
100 (as shown by the striking out of the LTP output fromthe analysis

unit). ﬂé{ﬁﬁg@%smﬁﬁg&{Me,ﬁﬂamgr?ggiﬂgmss unit is regenerated using

the "Pitc stinate” unit in the dnalysis unit. Furthernore, instead of
usi®g the Line Spectral Pairs (LSPs) typically produced and used in a

st andarglg 35CHLBraREL a syateny ST@Mid00ecdrReudindeapeddhe ot iaan ifpef digra ent s
(LPGCs) (?ro_m_ which LSPs 6 are nornally forned) are adjusted. This is shown
by t he GOEpIisNEHENEPSE apessding o ap pebedingert obiheiesest invRBliohal ysis unit.

The system 100 takes into consideration sonme whi spered speech
charactgristics ich 5wl The different rts of the

syst em YO8N I &% o BR° a%slé%'%?wg)ldgqbrﬁér%gga g@l(ajlﬁ Ofb@FWCWir@p@PB ®Bpeech
Chagoactwihitls tih ¢&$n comprises a first pre-processing unit in the form of a Whisper Activity
Detector (WAD) 102 and a second pre-processing unit in the form of a Whispered
Phoneme Classification unit 104. The system 100 further comprises an enhancement
unit in the form of a spectral enhancement unit 106, and an analysis-synthesis unit 108
comprising an analysis unit and a synthesis unit. In system 100, the analysis unit is
25  configured fo analyse the input signhal to form a representation of the input signal, the
spectral enhancement unit 106 is configured to modify the representation of fhé input
signal to adjust a spectrum of the input signal and the synthesis unit is configured to

reconstruct speech from the modified representation of the input signal.

30  Note that the Long Term Prediction (LTP) output typically produced- and used in a
standard CELP unit is not used in system 100 (as shown by the striking out of the LTP
output from the analysis unit). Instead, the LTP input to the synthesis unit is
regenerated using the “Pitch Estimate” unit in the analysis unit. Furthermore, instead
of using the Line Spectral Pairs (LSPs) typically produced and used in a standard

35 CELP unit, in system 100, the Linear Prediction Coefficients (LPCs) (from which LSPs



10This section outlines the relationship between whi spered speech features
and the production nodel of whispered speech. It further outlines the
acoust i c woaosipesieal features of whispered speech. ThePogscanio®nsos

whi sper production is different fromthat of voiced speech. Hence, 15

whi spers have their own attributes which are preferably taken into

consi deration when inplenenting the pre-processing phase prior to the

anal ysiage bym%ﬁylh'dsmfédﬁ) afd adjbsteATEHiY & Showrnbyhhei replacémedi0d . LSFheitteLPS no

uni que g i niti o of t he. term"whi spered speech”: "whi spered speech” can 20
be bro& ﬁ?%‘?% SRS B t her soft whispers or stage whispers, each
differing sli ghtly fromthe other. Soft whispers (quiet whi spers) are
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vi bration, .ﬂ%&ﬁ@ng{e comonly used in daily life and 25 resenble the type of

whi sper®’f &Yy | aryngectony patients. Stage whi spers, on the other
hand, are whispers a speaker woul d use when the listener is sone distance

away frwmsgeggﬁ Qeecrh Cl:l-é’r g{egg%g stage whispers, the speech is deliberately
made t tial phonation, requiring vocal fold
vibration is involved in stage whi spers. Alt hough the system 100 is

desl'og”eﬁwlé"‘sé&o?noéﬁth?{%&e%{éeFéaﬂd’r‘wsﬂ’b”QetheQﬁ’ mmré@%éeém sd6rek NN thel gnal  of

system 100 al so In formof stage whispers. Characteristics of

whi sperréadtm@@mom;pfbréﬂm@d geeasl. ithiurbemeutines d)e asenslicians| sreskelr es
ari si nq?éﬁﬁ%yc;f%@%yed/\gﬂegeﬁred speech is produced (excitation,
[

sour ce- ter nodel, etc) and b) spectral features in conparison with
normal speech. 35 a) Acoustical Features of \Wispered Speech 7 A physical

f eat ur et mebhaReh iof Whispet @dabt&mn@&mﬁremomh teRrol videtalpeeth. Higree, the

f undanent al frequenc and arm)nk F‘ e?f%%l speech arrwpusual l\éthSI ng in
whi Sperdisrgie dave thedi ey gt whieh | are pr Y, Rl iRfo, eOnRPSRRiPNIE S Hent i f i ed
as the 15§>¢éﬂﬁ&ﬂin9fthéxﬁté—@bbé§%mgn phbss NRioe dos PrRe ahaly¥ib bi-sihtesibapre tief t he
pharynx adjusted to ‘Ej){event vocal cord vibration. Wien the glottis is

abduct eﬁ‘i‘aﬂ)\fs'sp%i’t”fl'ieéﬁ ta¥3ucted, there is a rapid flow of air through

There is no unique definition of the term “whispered speech”: “whispered speech” can
20 be broadly categorized into either soft whispers or stage whispers, each differing
slightly from the other. Soft whispers (quiet whispers) are produced by normally
speaking people to deliberately reduce perceptibility, for example, by whispering into
someone’s ear, and are usually used in a relaxed, low effort manner. These are
produced without vocal fold vibration, are more commonly used in daily life and
25  resemble the type of whispers produced by laryngectomy patients. Stage w}his:pers, on
the other hand, are whispers a speaker would use when the listener is some distance
away from him or her. To produce stage whispers,‘ the speech is deliberatelyjmade to
sound whispery. Some partial phonation, requiring vocal fold vibration is involved in
stage whispers. Although the system 100 is designed with soft whispers in mind, the
30  whispers in the input signal of system 100 may also be in the form of stage whispers.

Characteristics of whispered speech may be considered in terms of: a) acoustical
features arising from the way whispered speech is produced (excitation, source-filter

model, etc) and b) spectral features in comparison with normal speech.
35

a) Acoustical Features of Whispered Speech




the glottal constriction. This flow forns a jet which inpinges on the walls
of the vocal 10 tract above the glottis. An open glottis in the speech
product i oNnopoooess2i S known to act as a distributed excipCatsicamogoesize i n
whi ch turbul ence noise is the primary excitation of the whispered speech
system Turbul ent aperiodic airflow /s thus the source of whispers, giving
rise to a rich 'hushing' sound. 15There are different descriptions of what
happens at the glottal IeveI when whi spering. Gafford, and Kal I ail and
Emanuel a r t | tly nore
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t y i
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opers. " @Nrmhemlta’acbn lnswhctpe@dl spegoiy ewith tiwnﬁamra‘tthermenxr@wm@ctpmn ng in

10 subj es of the larynx. Three observations of the vocal
fold vi@%g%tgéga%gﬁeﬁ%h&p i) the vocal folds took the shape of an inverted
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the vocal folds took the shape of an inverted V or narrow slit, ii) the vocal folds took the

25 shape of an inverted Y, iii) the bowing of the anterior glottis was observed. It was
concluded in Solomon that during the generation of‘ soft whispers, the vocal ‘fol'd\s have

the dominant pattern of a medium inverted V.

Morris stated that the source-filter model must be extended beyond the glottis to
30 include both the glotlis and the lungs in order to describe whispered speech.
Furthermore, Morris stated that the source of whispered speech is most likely not a
single velocity source. Instead, it is more appropriate {o use a distributed sound source

to model the open glottis.

35  b) Spectral Features of Whispered Speech




It has al so been observed that the spectra of whi spered speech sounds

exhi bit sonme peaks at roughly the sanme frequencies as the peaks in a
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particular, the greatest difference between whi spered speech and fully
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Fig. 2 illustrates the spectrum 202 of the vowel /a/ spoken with a normally phonated
voice and the spectrum 204 of the vowel /a/ spoken with a whisper (bottom). In both
cases, the vowel is spoken for a single listener during a single sitting. As shown by the
25 smoothed spectrum overlays 206, 208, formant peaks exist in similar locations in both
the spectrum 202 of the vowel spoken with a normally phonated voice and the
spectrum 204 of the vowel spoken with a whisper. However, the formant peaks in the
spectrum 202 of the vowel spoken with a whisper-are less pronounced. FUrthermore,
overlaid Linear Spectral Pairs (LSPs) (for example, 210 and 212) typically exhibit wider
30 spacing for whispered speech as shown in Fig. 2.

Whispered vowels also differ from normally voiced vowels. All formant frequencies
(including the important first three formant frequencies) tend to be higher for whispered
vowels. In particular, the greatest difference between whispered speech and fully
35  phonated speech lies in the first format frequency (F1). Lehiste reported that for
whispered vowels, F1 is approximately 200 — 250 Hz higher whereas the second and



15 Pre-processing nodul es 102, 104 of system 100 In system 100,
pre-processi ng nodul es 102, 104 serve to enhance and prepare the input
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characteristics and spectral feature8 of whispered speech as nentioned
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effectively with commumcatlon devices and applications which have been designed for
normal speech.
15
Pre-processing modules 102, 104 of system 100

In system 100, pre-processing modules 102, 104 serve to enhance and prepare the
input signal for the analysis-synthesis unit 108. The implementation of these pre-
20 processing modules 102, 104 take into consideration the special characteristics and

spectral features of whispered speech as mentioned above.

Whisper Activity Detector (WAD) 102

25
The first pre-processing unit in the form of a WAD 102 is configured to detect speech
activity in the input signal. “Speech activity” is present whenever the spéaker is
speaking or attempting to speak (for example, when the speaker is a laryngectomy '
patient). When the speaker is whispering, “speech activity” may also be referred to as

30  “whisper activity”.

The WAD 102 is similar to the G.729 standard voice activity detector but unlike, the

standard voice activity detector, it accommodates a whispered speech input. The WAD -

102 may comprise a detection mechanism or a plurality of detection mechanisms
35  whereby an output of the WAD 102 is dependent on an output of each of the detection
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Whispered Phoneme Classification unit 104

25  The second pre-processing unit in the form of a Whispered Phoneme Classification unit
104 is configured to classify phonemes in the input signal. The Whispered Phoneme
Classification unit 104 serves to replace the standard voiced/unvoiced detection unit in
typical codecs so as to accommodate whispered speech input. Since therez is most
likely no voiced segment in whispers, the Whispered Phoneme Classification unit 104

30 is implemented as a voiced/unvoiced weighting unit based on phoneme classification
whereby the weight of unvoicing is high when the algorithm detects a plosive or an
unvoiced fricative and is low as the algorithm detects vowels. This weighting may also
be used to determine the candidate pitch insertion implemented in the analysis unit of
the analysis-synthesis unit 108 (elaborated below).

35



pl osi ves, may al so be considered to yield nore accurate results. Figs. 3(a)
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Figs. 3(a) and 3(b) respectively show an example output 304, 306 from the WAD 102
and an example output 308 from the Whispered Phoneme Classification unit 104 when

20  the input signal is a sentence from the TIMIT database (in particular, “she had your
dark suit in greasy wash water all year”) uttered in whispered speech mode word by
word in an anechoic chamber. In Fig. 3(a), the output 304, 306 of the WAD 102 is
overlaid onto the input signal 302 whereby the start 304 (solid line) and end 306
(dashed line) of detected speech activity are shown. In Fig. 3(b), the oufput 308 of the

25  Whispered Phoneme Classification unit 104 is also overlaid onto the input signal 302.
The output 308 shows the results of the classification by the Whispered Phoneme
Classification unit 104. In particular, an output 308 of 1 indicates the detection of
plosives, an output 308 of 0.5 indicates the detection of fricatives and an ou_’ip@t 308 of
0 indicates the detection of vowels. ‘

30
The Whispered Phoneme Classification unit 104 may be further improved to cater for
whispered glide and nasal identification. Furthermore, the Whispered Phoneme
Classification unit 104 may be improved by eliminating the manual determination of the
classification thresholds (for example, various empirically determined fixed ratios

35  between powers, frequency bands, zero crossing rates and so on which indicate the
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25  often affect the regeneration of phonated speech from whrspered speech and are

usually more significant in vowel reconstruction when the instability of the resonances

in the vocal tract (i.e. formants) tend to be more obvious to the ear.

To prepare an input signal comprising whispers for pitch insertion, it is preferrable that
30 the spectrum of the input signal (i.e. the spectral characteristics) is adjusted as the
formants in the spectrum of such an input signal are usually disordered and unclear
due to the noisy substance, background and excitation in whispers. The spectral

enhancement unit 106 serves to provide such adjustment.
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t he angllnethatsdecﬁmd'eulSar@:éntehEuﬂjm®mcﬁindeflt Edwatvhanat(the formanhepestrdbloaiis and f:

is the sa fre uency. stituti.ng, 5cQs- into
Eauat | ob oot DIrERoR Sienciis Tt b o3 Paefl PlonershineBivelinf = 51t a)
1ﬁF| g. %rmhr:'ntUtﬁédkastrﬁsotaerbisom‘lpleihagedirtm @hsmdeesm@:ﬂbtfoahar&rthmmmamthawm t 106.
The spectr hanc nt unit 106 conpri r estl n it 402,
a for naflg™ ﬁ?&ﬁ@"?%‘ﬁ' AORVISY V?ﬁlﬁngpr}?er nap%ﬁ(i arﬂé‘%' E?ni’e Olg' é&ﬁ
syntfesirackgnint f8famss cbfaNHﬁamed diolted ngagDvaaite pihd Lsmdaotnéso thel Frejeectoan tof
Esti mat_}on uni.t 402

ormants in subsequent blocks of speech, using oversampled and overlapped formant

detection.

In one example, the spectral enhancement unit 106 locates formants in the specirum of
10 the input signal based on the method of linear prediction (LP) coefficient root solving. it
then extracts at least one formant from these located formants and modifies the

bandwidth of the at least one exfracted formant.

An Auto-regressive (AR) algorithm identifies an all-pole LP system in which the poles
15  correspond to formants of the speech spectrum. The LP coefficients (LPC) are derived
by analysis in the analysis unit of the analysis-synthesis unit 108 and form part of the
represention of the input signal from the analysis unit. These LPC are input into the
spectral enhancement unit 106 as shown in Fig. 1 and form Equation (1) as shown
below. The roots of Equation (1) are then obtained and poles corresponding to the

20 formants of the speech spectrum are determined from these roots.

oz +o,z? +.ta,z? =

P razf a2t e,z a, =0 (1)

25  Equation (1) is a p -order polynomial with real coefficients and generally has p/2 roots
of complex conjugate pairs. Writing a pole as z, = ;;.ej 6", the formant frequency F and

the bandwidth B corresponding to the i root of Equation (1) is described in
Equations (2) and (3) respectively.

_9
30 F}—z £ (2)



When p is larger than the nunber of formants, the roots of Equation (1)
conprise not only formants but al so sone spurious poles. The fornmant

esti mati omowniw02d42 t hus serves to | ocate the formants Pcomsckowe/on@as s of
Equation (1). 20 In the formant estimation unit 402, a formant frequency
(in other words, a formant |ocation)14s approxi mated by the phase of the
conpl ex pole that has the small est bandw dth anong a cluster of poles
according to the follow ng steps. Th _gqumydth of a pole refers to the

wi dth of the spectral reson8nearwbs(tH =3dB bel ow t he peak of(325t he
spectral resonance. In one exanple, t W& bandi dth to peak ratio for each
root of Equation (1) is calculated. Roots with a large ratio (which may be
comon when the input signal conprises whi spered speech) or roots | ocated
on the [eah,iths (B SdiBY30,! ahd PUddroSrespedtvely khelBingRe SHY RideadfaRdrihed
nunber of roots lying on the imaginary axis and having smaller bandw dth to
peak ratbdof EgBafIna@§ir ihed-asmbiprdminysis tHées@plirarfequbricor BRsbisstitring
denonstrate a noisy distribution (trajectory) pattern over tinme as a result
of noisy 1b.exci;tatignz1 i e g7 bd Sinfihdt we408, 410
of tge SPéc Z|)5I fétﬁ’ﬁ‘la'{h grre twﬁ%ﬁ%%@%‘ ng!\zl @%{@h&br%’éﬁ’g’?éﬂ he eedf 1“&2(5:1{\,2 of this
noi se amduatgd W).nodi fications in a way that the de-noised formant track is
nore accurate concerning the formant frequency rather than concerning the
correspondi ng bandwi dth. 5 A novel approach is inplenented in these units
404, 406, 408, 410 of the spectral enhancenent unit 106 to achiev? f or mant
snoothing in the input signaﬁifoﬁéﬂﬁkThg whi spers. I n one exanple‘@ornants
froma noisy pattern of formants are €xtracted based upon a probability
function to establish a formant trajectory. In these units 404, 10 406,

408, 41Q, t formant fregquenci are fjrst 1 fled ol e
denst i gzég'aﬁgl”?tﬁée%8rqj%%cgﬂ%riaﬂb8ﬁg‘ﬁd%egtrﬁisen£}%gg%rhéﬁ %@?E@?e@%bé sgtcﬁaon a
priori pewencsmet uhill068i dohgrizsee esfobeantesstimatios peitetd2aadophaniapdrdctiopeech. | n
the foll ow description,..a. "se t" o ARE [ -

fol | ows.Y Vvs‘{@péc%”?‘i% rlaﬁg Sﬁ‘esre‘brﬁe ’ai'?tgé i”r}%%gérﬂg‘téﬁ’ I%n%%t‘ ggﬁﬁf’r@?’i nput

si gnal exbraemedt imit £10pl oyi ng for exanpl e a hamm ng wi ndow on the input
signal and a "frame" is defined as a sequence of M overl appi ng segnents (up
to 95 percent overlap). A "frame" nmay conprise several segnents. 20For mant
Ext r@act i Formiant Estidibtiod @an#®¥02i n a nore natural soundi ng speech as conpared to
previ ous nethods for spectral adjustnent, a probability mass function (PM)
is applied to achieve a snoother formant trajectory in the fornmant

ext ract i \Whenrp s lafyer than the number of formants, the roots of Equation (1) comprise not

only formants but also some spurious poles. The formant estimation unit 402 thus
serves to locate the formants from the roots of Equation (1).

20
In the formant estimation unit 402, a formant frequency (in other words, a formant
location) is approximated by the phase of the complex pole that has the smallest
bandwidth among a cluster of poles according to the following steps. The bandwidth of
a pole refers to the width of the spectral resonance of the pole 3dB below the peak of

25  the spectral resonance.

in one example, the bandwidth to peak ratio for each root of Equation (1) is calculated.
Roots with a large ratio (which may be common when the input signal comprises
whispered speech) or roots located on the real axis are usually spurious roots. Thus, a
30  predetermined number of roots lying on the imaginary axis and having smaller
bandwidth to peak ratios are classified as formants. These located formants may

demonstrate a noisy distribution (trajectory) pattern over time as a result of noisy



25 Performng the nethod of root finding on each segnent by using Equations
(2) and (4) in the formant estimation unit 402 results in N formant
frequenciwe 2and2beeor r espondi ng bandw dt hs as shown i n BquaG2omw/006)13 | i
30[F1,--,FN (5) For each frame (M overlapping segnents) of the input
signal, a resulting fornmant structur® is obtained and is denoted by F and B
matrices as shown in Equation (6). In one exanple, the formant structure
f or eacdxcitatime irofwhispers. n';Bhe rem@imahg i @it 4047, BYSr 408,841 ofnthe] Kbedt®) The
rows of t tr X E ( y d as
tracks SaRporBpais ISP 10" gl IHE RS o R oo 3R ARIFC 7S
Mat ri x rﬁodlf;cambsa!qaemy y\aadlnaadempmedb‘prraarﬂrtwkh@morﬁlacsturateactpm@bam I [ ty
mass f ' \: ne exanple, the
e i o e FR0venB il SO ARRE B BT T Shoun i
Equation (7) and shows the probability of a formant occurring at each
frequengy. e C u efhb d t peaks
bei ng f%unn(\:feI %&%&ﬁ] 'g mgﬁb&ﬁﬁ?ﬂées%sg@%t Lr]'@&m%% 1(?1)%g ﬁ/@]@%g%( E?één@nf) i (7)
Next, aemfiancamentyurf 1@6 docwhigve rietpmn smdathidg in shé dupat signah comerisingct r um of
the inp ' | { q | guency
band oxpsras 1838 eiphel FFRNE, FOANSHARN BAY of HRarRE S BBackg It
nor mal | pagsdarenedpsbebiity fondiealto eBtablisis ednuisand trfarwl:pmrw)ihmmliss%‘ihen
d|v ded t o I o nai-k¥Lunction,
iy Ren 08 o BB e SERGAAR BASe P on S pUBER gy
and the corresponding bandWIdths are then adjusted based on a priori power spectral

differences between whispered and phonated speech.

In the following description, a “segment’” and a “frame” are defined as follows.
15  Specifically, a “segment” is defined as a block of Nms input signal extracted by
employing for example a hamming window on the input signal and a “frame” is defined
as a sequence of M overlapping segments (up to 95 percent overlap). A “frame” may

comprise several segments.

20 Formant Extraction unit 404

To attain a more natural sounding speech as compared to previous methods for
spectral adjustment, a probability mass function (PMF) is applied to achieve a

smoother formant trajectory in the formant extraction unit 404.

25
Performing the method of root finding on each segment by using Equations (2) and (4)
in the formant estimation unit 402 results in N formant frequencies and N
corresponding bandwidths as shown in Equation (5).

30 LEsee s Fyl 5 [Bpsee, Byl o (5)

For each frame (M overlapping segments) of the input signal, a resulting formant
structure is obtained and is denoted by F' and B matrices as shown in Equation (6).
In one example, the formant structure for each frame of the input signal is S =[F ,B]T .

35



As shown in Equation (8), the density function, D([f, f2]) calculates a sum
of the probabilities p(f) in the narrow frequency band 6. f,

p(f)=Daf iwb2d)1/02642f 1=6. (8) fl 25 Using the density funecrse2aiofod)3is2]) ,
the first few (in one exanple, three) formants are extracted. The formant
extraction unit 404 further renoves flormant-1ike fragments of signal that
may occur at the margins of the frequency bands in which the extracted

formants lie. 17 As shown in fEeyatipn (9), BB eqgch standard fregyency
band [a,h] (a nmay be 200 and b may ’Bﬂe)Ap’iSOO), :E{b,’e gr [c,cl], the nost
i kely frequency range in which a formant may lie is estimated as the

band J] _whereby_the densit | fpf2]) is th
e ohoet THERIETEY R0 oo R El e R ROt R R BT
in the marfeexarts 6bueasy dpphealdd spddehtdaarupicgtgsloisdensi ty value D([fi,./2])

The formant at this peak is the formant to be extracted. In other words,
the &xtracted formants are the resonance peaks |lying within the narrow

f reqUGn%t@@Wiéﬁ)ﬂs@@uéHﬂ? aBiedhpdh e sinbtheNaFifs0\W HroBABIRD GYadaaDAsion t h

| ower density values nost likely arise from whispery noise %gd are hence
consi defMFA&f FOIMANS RGPENetS SaHB Yshdpedne exampleg s M 15 Ae0Y99 9ti, f2] a
[a, b] Fasqasstiyershi¥d bdioh4RHzLThe PRIF %[v?fﬂ i Shotwd iy #oBRor B9Tdndfshivs T1, T2]
a [c,d] After "a predeterm ned nunber © ormants (in Equation (9), first

t hr ee f therpnotsbiliy of al oroetie podundty at Feachefrequenoyg if dnerspestrym. dhist ise

o o i s AhBRpreRn the iR ek TBBhg b kel TR MR cuh

that the first, second and third formants respectively occupy the first,
second and third colums of F. The fyrequencies of the extracted formants

Fi nrod can be expressed accordi ipr( 18 /20 FFd -  'nodf
i=1,2,3(10) 2rc 9) MNZ?T;M 639 #

Next, a plurality of standard frequency bands is located in the spectrum of the input
15 signal. A standard frequency band is defined as a frequency band expected to
comprise formants and in one example, is derived from a normally phonated speech
signal. Each standard frequency band is then divided into a plurality of narrow

frequency bands & .

20 A density function, D([ 1}, f,]) in a narrow frequency bandd is defined in Equation (8).
As shown in Equation (8), the density function, D([ f;, f,]) calculates a sum of the

probabilities p(f) in the narrow frequency band & .

f
2PN =DUS 11, fi-fi=6 (8)
h

25
Using the density function D([ /;, /> 1), the first few (in one example, three) formants are
extracted. The formant extraction unit 404 further removes formant-like fragments of
signal that may occur at the margins of the frequency bands in which the exiracted

formants lie.
30



Al t hough the above formant nodification may be seen as a direct nodifying
approach, bundling the formant frequenci es and wei ghting them based on

t hei r prowebkniimwsss hel p 25i n avoi di ng the pol e interacPcorscpoeobbesrs To
avoid hard thresholding limtations, |t is preferable to note the foll ow ng
points. Miltiple assignnents, nergi ng Tand splitting of D(f) peaks may be
performed to produce the few nost significant frequency ranges that nost

pr obabl yA\Sc%h?ﬁ\fﬂ inERetion f%ﬁpseawfaéda’dﬁweapemnyl tieingdl [e, As(si grayeret 200tanda r ange
defined %&}'ﬁ&ﬂ b{)ljo 011/0 %GZPCT/ SG2010/ 000313 18 al l owed i f
there is W@y gnPTd)c ] ‘He[é i NG MG Ikelnrequenge rangs awhichra fareaal y

dj t t h f th whi ch
e T or B3 Q'giﬁeg%*"ﬁ%%ﬁ? R nefO O Sy CEakT MerrEh ecknabher and
may be I\BRIDEFRR§SHe th%etgl‘rher“gwa@ef&ﬁ% Cf}ﬁegﬂaﬂda‘?gg%sw 2R Bt her

issue is the ovériedge formant 5densities Fe resorved by setting

certai n ta@ngihk ons ﬂh@gafaﬂbwg fregjugheg Bast Spf | JgLI #¥h Othd heigh&stMayahsigy oups.
Fig. 5 shows the relation between the PMF of e extracteg formants from

t he for nahte Iéé{p‘{,af;]bl d‘hednrmamw this. pealt Isethkoiormanitstoebd ericacted.alht etherappl yi ng
t he densH% ctio%%s(s 10 the formant trajectories (formant |ocation
pat t er nSfOrH: {fifeSErakes dBMals Graeines efRBRRIsy PedS g twithin dhevmasiowr ed

speech fifegienéy bad hé‘/mgtthéﬂhigﬁhéglr @éﬁs\’t?Vﬁérr&v(/ ﬁfééuenciltbaﬁ@@whﬁ l&/@&rﬂeﬁélﬂm Fig. 5
t hat the\{a;orrrant trajectori the first, second and third formants for

each oveUsSpdPste tarsp rﬁ@l WHeReryi gRias ARG et Iﬁ‘ieﬁcﬁaﬁﬁ‘qf@wef%cﬁfency

bands aripspifopritte BE@lkHoRld. t he PMF. Sone spurious points may be found
outside these narrow frequency 15 bands. However, these spurious points

typically have | ower power whereas it |s wel | knovvn t hat the higher
frequency resonances Fn=wWhisReIR[ A5YD) | Y HAVR @,41el atively much hi gher
power than the hi gher _frequenc S or nal speech (see for

exanpl e peaks at abouFEISagW?x@ ﬁlfﬁ%)c[fs@len@ 4lhi s know edge, tH®
spurious points may bE3i-degmak{d/aid)r dopygd [c2] Snoot her and Shifter unit
406 In the snoother and shifter unit 406, a snoothing algorithmis applied
to the formant trajectories fornmed by the extracted formants over tine to
reduce tAfeered besleteadininedi menber of formants (in Equation (9), first three formants) are

15  determined, the remaining formants (i.e. the remaining roots classified as formants in
the formant estimation unit 402) are discarded and the columns of F from Equation (6)
are rearranged such that the first, second and third formants respectively occupy the

first, second and third columns of . The frequencies of the extracted formants Fi”“’d

can be expressed according to Equation (10).
20

mod

o’
Fr =—i—7;—fs i=12,3 (10)

Although the above formant modification may be seen as a direct modifying approach,
bundling the formant frequencies and weighting them based on their probabilities help
25 in avoiding the pole interaction problem. '

To avoid hard thresholding limitations, it is preferable to note the following points.
Multiple assignments, merging and splitting of D(f) peaks may be performed to

produce the few most significant frequency ranges that most prbbably comprise

30  formants. For example, multiple assignments to a range defined for one formant is



25 The snoot hing al gorithm may enpl oy Savitzky-Golay filtering or any
simlar type of filtering. The resulting snoothed trajectories are then
filtered weizng/@sddedi an filtering stage. The frequenci epcoisGrbme/oeosis act ed
formants are then lowered (i.e. shifted down) based on a |inear
interpretation of whispered formant 3hifting diagram 30LPC Synthesis unit
408 For each segnent of the input signal, the LP coefficients of the

t r ansf ePIGWRLE e isfnq pignifieartipeek Kcan adiacemtarngs b lvasé pEdosely hbjacdC

synt hesigimdRist 10Bngas it Gn& ATRbHFrih enting. the first
three extracted _fornrg}angls and 6 ot hrer poﬁggggﬁg@ﬁ@i\&\@%ﬁ%g’ghﬁ@ EI"Pequency
band. TREEh iR iRlemay e selr it eysres With eade mthdryamdy mayebe 18el seatrateds of t he
6 ot her 4ReLAS prodePdct iRl 6n thY divd : 8@l di st | acement, or
by | ocati nggfogl este clustered ar oundﬁ%ﬁg}\gétﬁ%gﬁg% 'Fot(rﬂ'g’fan ez.e%%efg%ﬂgr al aim
is td eHSUEEs Mhicht ae mesoivadrbypSelivgdeertain caddiipse Irggatiingcinetdiey extir act ed

f or mant gpjitbhglbh&RRNE goaefficients derived fromthe extracted formants
form par? ofg t he nodi ?fl-d;rg ‘%‘eapresent ation of the input signal fromthe
spectral enhancenent unit 106. The synthesis unit then reconstructs speech

from t gy, Sl Grl FARIRSRANE B8 MiIE Fad BRHIciH BRL s HOnPRRANLDY

| nprovenent unit 410 The bandw dth 1 nprovene applies a

pr opor t PYRAIEN U 8¢ dheribe faments exdiagisiddattes applying thaalensiti funcifort) medpol es ri
) Ofig t heheSRsthaR R IR Rant otk | ' v Liepd10, the
i nprovenent (i.e. fét_che g?r?dvx? %t?\baﬁr}?ﬁp? ?%g\té\q %ﬁﬁesese%%r%egrfrgre{mﬁ%wﬁé%& h a way
t hat nothedAPyt isp whisperagireprl awaer as inmit ahispgred teavel (/ehietgar beseeni npr oved

tO prevabin BYes ik HRMoAhas tﬂj@&&%rssof_ﬂhé‘fi%ﬂ?se%éﬁtﬂghﬁIir%i%i%rnh’frﬁg\%r%ta{ane

i nprovenent unit 410 takes into consideration the erences 1n

spect r aPVRPPEH 889HEnpfi thp drred signal omithin raseave frequencydiandasraune B8 need to
Mai Nt ai BeAiREofRS PREABY RS i ' |

exarrgl eBet he bandw dt h o%@g@%%ﬁﬁaﬁa@y %(EO}NQE? g%ﬁ%ﬁg%%eﬁ%%ﬁg%%ﬁﬁ

ext tact PERAs tiaweyey theserertripke points ipiady dae favestenaavari wiedeaspids mell ener gy

di stri buhdvom taR thetlighdr FradGed) reddHank ey Miaﬁpe—l;g'ﬁs@éll?gﬁbg rﬁ\%'@ﬁ\%li gﬁﬁ%i‘\r al

energy anplitude may be derived based on an estina eren etween a
spect r all9BREPYYErShariiiedidies fregprnsy tiesargnges pewrmal siEBshésapyfooexanoplenl | y
phonat egesiReaCaboul BSOS irfFiRD Y. Aldith B RMbwledge, the spurious points may be
identified and removed. '
20

Smoother and Shifter unit 408

In the smoother and shifter unit 406, a smoothing algorithm is applied to the formant
trajectories formed by the extracted formants over time to reduce the effect of noise.
25 The smoothing algorittm may employ Savitzky-Golay filtering or any similar type of
filtering. The resulting smoothed trajectories are then filtered using a Median filtering
stage. The frequencies of the extracted formants are then lowered (i.e. shifted down)

based on a linear interpretation of whispered formant shifting diagram.

30  LPC Synthesis unit 408

For each segment of the input signal, the LP coefficients of the transfer functibn of the
vocal tract are then synthesized in the LPC synthesis unit 408 using 6 complex
conjugate poles representing the first three extracted formants and 6 other poles

35  residing across the frequency band. There are several strategies for identifying the



A pole wth characteristics as described in Equations (2) - (4) has a
transfer function H(z) and power spectrum 1 H(el)1l2 as shown in Equations
(11) and Wo2p11/@&462 H(z)-(11) 1- role z"--1 1 (12) 1eCc2isGeo®(000313 0) +
r2 20 Equation (13) describes the total power spectrum 1 H(e)1l2 when there
are Npoles. 1 (e' 0) f=cos(0.9,)+,192 (13) 5In the bandw dth i nprovenent
unit 410, the radii of the poles are nodified such that the spectral energy
of the rboastrmetofpﬁieyaoaﬂhaf pofest hefoema&qﬂ@,db? crandmhspla'a&rmﬂaleqtudlsﬁarﬁpeci fied

spectra tar C ec rget va |s derived
bosed oHetatEScen BleBans bes BEelersd Gyt e Mo 5 Smills, b ol
whi sper aﬁh is e endure Heit trex@othlee poled do speadvarselp affed yheoéximlctealformeahtspeech may
be 20dB | ower than the
5 The above LP coefficients derived from the extracted formants form part of the
modified representation of the input signal from the spectral enhancement unit 106.

The synthesis unit then reconstructs speech from this modified representation of the
input signal.

10  Bandwidth Improvement unit 410

The bandwidth improvement unit 410 applies a vproportionate improvement to the

bandwidths (i.e. the radii of the poles r;) of the extracted formants. In the bandwidth

improvement unit 410, the improvement (i.e. the bandwidth modification) is performed
15 in such a way that not only are formant frequencies retained, their energies are

improved to prevail over attenuated whispers.

In one example, the bandwidth improvement unit 410 takes into consideration the

differences in the spectiral energies of whispered and normal speech, as well as the
20 need to maintain the necessary considerations for whispered speech. In this example,

the bandwidth of each formant exiracted from the formant exiraction unit 404 is

modified to achieve a predetermined spectral energy distribution and amplitude for the

formant. The predetermined spectral energy amplitude may be derived based on an

estimated difference between a spectral energy of whispered speech and a speciral
25  energy of normally phonated speech. This is elaborated below.

A pole with characteristics as described in Equations (2) — (4) has a transfer function

H(z) and power spectrum | H(e’*)|> as shown in Equations (11) and (12). -

1
30 H(z)s ——F— : 11
(2) T - (1n

N2 1
[H )] 1—2rcos(¢—8) +7r” ‘ (12)




10spectral energy of its equival ent phonated speech. For a formant pole
with a given radius and angle, based on Equation (13), the spectral energy
val ue of wbeofiemsmnt pol ynomial, H(z) , at the angl e O 'PdTGG26u/000318 act ed

jenod 2 formant is calculated using Equation (14) where 1 He 1 )1 is
the spectral energy 15and N is the téPal nunber of formant poles
corresponding to the extracted formants. As shown in Equation (14),

t here agEguhivh (IBESSIcAbes PRROREPEWer dpetitems PEE) Al witstethgie @& R0bdies.f or nant
pol ynom al H(z) (right side of Equation (12%. One of these spectral
conponents is produced by the pole itself with angle Ord whereas the other
spectral conponent reflects the effgct from,the remaining poles with angl es
97d . By solving Equation (&4)¥)a= w radiud for the ith pol e caid)e found
whil e retaining the correspondi ng aagl-e;dasth£8p+rhe pole. Furthernore, to
maintain stability of the 25 system if ri exceeds unity, its reciprocal
value is used instead. The .nodified radius, 1'd, for each pole is

cal cyl ag&&&%na@icﬁqmgganégaﬂw% ﬂhe_HliildfﬁdofrtFQI'p@I%emé;nfoblﬁieﬁ augethaswﬁct ral
energy for the pole. no [i n one exanpl.e, since, the
f or mant SPeefa efeEY: Shyte forERy @)ﬁéﬁgm&éiggt,“eo??ﬁtrﬁ‘c?ﬁe%ﬁ%?t? 'Bfeot“ﬁgtq 8r mant
roots WshBcidbspdctal irgdteaiual Thisrgedified spediagidrgitabivens défjed Haredamnj ugat e
5 parts of these formant roots_are ob{gi ned subﬁ\%ﬁgeq{lslrpy. The %rﬁﬁd;:i
modi i cdb§ 6RIMFEE sReCAl iEngraflifareaies batyedt gl ghe WSPETHbPRPSRA0SY angl e
i's the sxampRSithantheenslt brergg ofnivhibperell spr@ich e bandods dewer than the

10  speciral energy of its equivalent phonated speech.

For a formant pole with a given radius and angle, based on Equation (13), the spectral

energy value of the formant polynomial, H(z), at the angle 6" of an extracted

:gmod
formant is calculated using Equation (14) where | H (eﬂ" )[* is the spectral energy

15 and N is the total number of formant poles corresponding to the extracted formants.

| HE T ) p=

1 X 1
I1 (14)
mod mod 2
1-r Sa 1= 27, cos(@™ —67°) +

i g

As shown in Equation (14), there are two spectral components in the spectral energy of

20 the formant polynomial H(z) (right side of Equation (14)). One of these spectral
components is produced by the pole itself with angle 9,.’“"“ whereas the other spectral

component reflects the effect from the remaining poles with angles 9}“°d. By solving

Equation (14), a new radius for the i"

pole can be found while retaining the
corresponding angle, 6 for the i" pole. Furthermore, to maintain stability of the
25 system, if 7, exceeds unity, its reciprocal value is used instead. The modified
radius, ;™ , for each pole is calculated using Eqpation (15) where H™ fépresénts

the target spectral energy for the pole.



At any instant in tine, the extracted formants may be descri bed by

i nportant 10 characteristics such as their frequencies, their bandw dths
and how tweyoaresspr ead across the frequency spectrum BgTiSG2@01000833 t he
frequencies of the extracted formants and their nodified bandw dt hs
(derived using the nodified radii w #h Equation (4) into Equation (5), an
i nproved and snoothed formant structure, S a , for whispered speech is
obtained. SI'dis simlar tq th f or mant §tructures/pf normal |y phonated 15
speech utterances afid hén by different E&ecs,
speech recognition engi nes‘andiot iéf | L is’idesi gned for normal
speech. The LP coefficients synthesized in the LPC synthesis unit 408 may
al so be nodified using the nodified bandw dths of the extracted fornmants
bef ore tiheye axamplapsince thet fsemayinohiesire camptex-@0jusatspaity glyahe rafilof

(717 aiEiotmsty pis Bl detfe el Hre e P angllon 1 5 TRBSEAHGHES. 1 o
t owasd mlads of Htese Ifrzsmwng rabds efe oltainpd @ubsenummtg/ Toebpgii mediihatish wpegss 6( a)
and 6(b),g é&@%&&’i (31%) fvﬂ{h”ERQ okf\@mcggag{q b RRADL G Ky %g%ﬁrm@s %HﬁCt ral

adj ust rren ni-que Phe spectr ancenment unit and

snoot he@llfradlmmthdlfaqdectory after applying the spectral adjustnent

techni que. As shown in Fig. 6(b), the spectral adjustnent technique in the
enbodi ments of the present invention is effective even for transition nodes
of for meitt sny pakent ictioss hepexirastess formantshenayorbe, deadribednby | imppdaning test s

| ndigat echfé{&z forfsh& YONELS ] i %ﬁa@@en% rb%mmwghsg@gtsﬁegears@p%dmts of

t he presen nvention are |cant nore nat ur to those
r econst rageessdhé jrequeticy especirgp. Bmmsertmsttm freapgnairscef. the @ztra@taqi yarmantsy nt hesi s

unit 10 ASir TR nﬁhﬂith% édéﬂk}? Rﬁé SthFRaaSRi m%srﬁ@afut}ﬁ 4GhtaN

anaIyS|s syntﬁe3|s CcoO |ng SC COﬂStFUCtIOﬂ

anal ysi SEqusfibhgs), Saiinprol88 amd hmotH’eﬁ pysbemstiurelhe™Sarfal ywhispessdnt hesi s
unit 108 conprises an anal ysis unit and a synthesis unit. In a standard
CELP codweech jre@btaines!. @eneﬂ&aﬁ@m!abyo fthe fermang sincisxes phnponalli phesetesel ect ed
fro q;ﬁ%? quencgs- The
il '?Pesr e%%%)@(gf?@gt '%&ﬁésg%g?la en a@ag%%ggﬁ)%&m 'Zetrnlrtn%g % %?I on (LIP)
f| | ter trecdgnitopnesgings taskl pmmammamns Rigsigned fourpusel eheagh. spr é& speech

t t ¢heCELP
ngggsf(r)#b%hgz Fsa%)n‘?n%e&% yﬁé@%ggga ﬁ@lﬁ& ;Hg‘r% \M§ ergE Q&séégg?:lﬂ@djgélhgnpl oying a

modi f i edngified bemdthsyétt@nexwt@@fpf b@ﬂtﬂ)bethF@at@EV \Bre it ho ithet é)dl’fhﬁmso an

exi sting,tel ecommuni cations system In system 100, the analysis unit serves
to determne the gain, pitch and LP coefficients 15fromthe input signal
wher®as the synthesis unit serves to recreate a speech-1ike signal

Figs. 6(a) and 6(b) respectively illustrate the formant trajectories for a whispered vowel
(/i/y and for a whispered diphthong (/ie/) (Note the diphthong transition toward the right
hand side of the plot in Fig. 6(b)). Each of Figs. 6(a) and 6(b) illustrates the formant
trajectory before applying the spectral adjustment technique in the spectral
25  enhancement unit 106 and the smoothed formant trajectory after applying the spectral
adjustment technique. As shown in Fig. 6(b), the spectral adjustment technique in the
embodiments of the present invention is effective even for fransition modes of formants
spoken across diphthongs. Furthermore, informal listening tests indicate that the
vowels and diphthongs reconstructed by the embodiments of the present inVehtion are
30 - significantly more natural as compared to those reconstructed by a difect LSP

modification approach.



fromthese gain, pitch and LPCs. Wthin many CELP codecs, LP coefficients
are transfornmed into line spectral pairs (LSPs) describing two resonance
states i nwanoimketeeonnect ed tube nodel of the human 20 worslG201a06313 These
two resonance states respectively cogEespond to the nodel |l ed vocal tract
being either fully open or fully cloSed at the glottis. In reality, the
human glottls i s opened and closed rapidly during normal speech and thus
act ual Asabsigiemthesis wnitid\here bet ween the two extreme conditions.
However, this nay not be true for whispered speech (since the glottis does
not fuII vi brate). 25 Thus, instead of using LSPs in system 100, as

nent i on@@ shewndn Fight the wihispeted $iseek eassasitBiough apRealysispyntopgaardienpr i ses
a pl ur akihemeéfor kdtohoRidtibR I.@ﬂk%ré?/sisvs%tﬁee@mrﬁmsfvﬂfhﬁmmte%y%wmt §feusi ng
the formant extraction unit 404 (note that LSPs may al so be used but the
use df PBEYSIFgYNeHUYURb 18P FYMBTSESAN ANabIsEANIt andea YMARSIRL uni t t hen
30reconstructs speech using this plurality of Llnear Prediction
coefficients derived fromthe extracted forpmant Furt her nore,

cont r ast" vii flendarst GRLEr 60dSEL PPEBtRdS qeﬁerawalbysﬂl&enaa. n gxcifaiion signal”

anal ysi seRyRt e §cwuaoom8z@@rméar§@§u@; rPéér@maT@e%&.@h&%‘ sétﬂféné‘e ‘Rhkch
Estimate" unit. Using 35these units, the anal iSI s unit nodifies a Long Term

Pr edi ct filspre raciation ?'Eﬂ%‘t iBoRep gthapeth bzyoﬁl'f‘UES ew@fp@mwﬂﬁo@@ to3

insepti REnyL ikbhi MfdImbhien." BSOSt purpbed of M%cp@redTepréedhsrd@eﬁéwcn@d fay
generating pitch factors which are input P synthesis filter in the

synt hes|a§a|MﬂFISy'the§'ﬁé“&tnép%‘?@p@%t%é@ﬁ@!ﬁ%ﬁ|CiELbe’°d‘P‘h fom daiialnprescht he

modi fi caédeharaton tiften Whidpefe§peichf 39%&%@ abA8&ifled® @ELIPec&deas gydterthng of
t he phonerres in the i nggtdny gnal t he i spered 5Phonene Cl assification

uni t 106001838 BHPWRIR 589! arated 'nttChén Leﬂsﬂna teleppnmyRicationgcvstent- o8

| ong- t erssteRY {®, Ahd aﬁalyéﬂ@@hh%r\ﬁé‘ontdété#ﬁﬁdéa{hep%;éaﬁhpl@:hcéﬂoeﬁli’ @BeftieR@t , 1S
described in Equatio where P(z) represents the transfer function of

thelfTP Whihﬁé@?“é sxgmlt%here?%t%wp%éﬁt@'tt%éveﬁ.tP EPFreRiecatneRgh ik tigpal( i |

t he strengiihesé ghiRepithiapld LFargonent ), D represents the pitch period and /
represents the nunber of taps.

Within many CELP codecs, LP coefficients are transformed into line spectral pairs
(LSPs) describing two resonance states in an interconnected tube model of the human
20  vocal tract. These two resonance states respectively correspond to the modelled vocal
tract being either fully open or fully closed at the glottis. In reality, the human glottis is
opened and closed rapidly during normal speech and thus actual resonances occur
somewhere between the two extreme conditions. However, this may not be true for
whispered speech (since the glottis does not fully vibrate).
25
Thus, instead of using LSPs in system 100, as mentioned above, the modified
representation of the input signal comprises a plurality of LP coefficients derived from
the formants extracted using the formant extraction unit 404 (note that LSPs may also
be used but the use of LSPs may lead to a lower efficiency). The synthesis unit then
30  reconstructs speech using this plurality of Linear Prediction coefficients derived from

the extracted formants.

Furthermore, in contrast with a standard CELP codec, the analysis unit of the énalysis—
synthesis unit 108 comprises a “Pitch Template” and a “Pitch Estimate” unit. Using

35 these units, the analysis unit modifies a Long Term Predictiqn transfer function for



P(z)=---

f? and D were derived and the results show t hat
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represents the transfer function of the LTP synthesis filter, B represents the pitch

scaling factor (i.e. the strength of the pitch component), D represents the pitch period

and I represents the number of taps.
1 »
P(z)=1- Zﬂiz(_D“’) (16)
i=0

Using normally phonated speech, parameters 8 and D were derived and the results
show that in an unvoiced sample of speech, D has random changes and £ is small,

whereas in a voiced sample of speech, D has the value of the pitch delay or its

harmonics while S has larger values.

To estimate pitch, the output of the Whispered Phoneme Classification unit 104 is first
used to decide whether voiced/unvoiced speech is present. A formant count procedure
may also be used to aid in determining the presence of voiced/unvoiced speech. Since
even in whispered speech, there is a distinct, but small, difference between the spectral
patterns of the two types of speechs, the small pseudo-formants of whispered speech
may be different for the two types of speeches and may overlapwith the largely distinct
formants corresponding to the resonant (voiced) and non-resonant (unvoiced)

phonemes.

For the unvoiced phonemes, a randomly biased D around the average of D is used in
Equation (16) to shape the pitched excitation signal whereas for the voiced -phbnemes,
the average D and its second harmonic (2D) are used in a double tap (i.e. I = 2)
LTP filter to shape the pitched excitation signal (i.e. the iransfer function of the LTP
synthesis filter, P(z)).

t he

/

a



To avoi d generating nonotonous speech, a | ow frequency nodul ation is
applied to paraneter Din P(z) to induce slight pitch variations in voiced
segnent s weperiakdoy vowel s, even when in a nornmally plromsGediospesash, a
flat pitch woul d have been present. I@ one exanple, a | ow frequency

si nusoi dal pattern is used. The patterﬁ may 5depend on the desired sequence
and | ength of the reconstructed phonenes. In one exanple, using the

cl assi fi c& YA geaerpiing Maseianees \spesplr 8 dowritpauarcyomedsiatior 48 appliadniot 104,

i f plosi i C i b V& o det. i ; t he
| npt o1 e P b KGR C BT B IS okt Sedhn RO REBbeAly "1
segnent aondelsesyah vdenzibsa triematy pbohatedt §pievh s &, fldt Rtchegomath=at bdwn | nput

signal i onsidered to be _potentially voic sqund (vowels and voi ced
Frcat i vaufHiti g b plS ol HtabRney aihieidal paterds Vg Hio Baart &30 on,
spect sal degpnd b dasted gedusacs pad terajth enfhaneementcted phoddesand pi t ch
estimation using Equation (16) are perforned on the segnent. 15
Alternatively, it is possible to inplement a different technique for pitch
estimati dn bres exkaople] ousimgtthé oclassiftratioantesaig | fidmidie WhigepsE Pethehiz "H. R

Sharifza AV L hitin. .E. _Ahmadi, ,"Regenerati pn of speech.in
voi ce- | og’gg%séflciag%q Su!\rﬁ ?)(%QF’IE Flosive. o Cgi\‘/@fcegoﬁ?g'?@, s : af?p.de%?g%{]-"h(%&
':? he I(:ont segseof ofithe Mﬁuasignélntmrrgpdiﬁ@dad:ﬂw’ a?i@mrﬁhmrcﬁﬂycamdr@éeitﬁbdgﬁx petement al
esul.ts t r near. prediction.analysis was perfgormed on an. input
o ondP” coeBied: A SovighPan B Cofleo YBTMSE Ine sheraRE oh Beche i sang
sanpl ed aondifkidd. tobd patentialyr edicerh sofin® Qvavela aind seitetofrichiv@sy agwdh react
anal ysi s i ) | e ile fra i th 95%.overl ap petween
the seg mrﬁ%‘éﬁﬂ%ﬁtééhn%%aé tﬁ%r%a?geg@["? %d' ‘ﬁat"’&??%%%fﬂy“?"m%‘?gH%'Eg ;ﬁ?‘F ?‘%@Pr@'pect ral
enhancenmemhaocerent @6it 106 end pitehdsimafion neinGElgbation ({BY apé peHorfmdd &f thaer e

adj ust ed teﬁn%mduce pitch frequencies of around 130Hz for the 30identified

voi ced phso enes. The pitch insertion techni que described by Equation (16)

15
Alternatively, it is possible to implement a different technique for pitch estimation based
on formant locations and amplitudes as presented in “H. R. Sharifzadeh, 1. V.
McLoughlin, F. Ahmadi, “"Regeneration of speech in voice-loss patients," in Proc. of

ICBME, vol. 23, 2008, pp. 1065--1068.", the contents of which are incorporated by
20  reference herein.

Experimental Results

A 12" order linear prediction analysis was performed on an input signal comprising
25  whispered speech formed in an anechoic chamber and sampled at 16kHz. A frame

duration of 20ms was used for the vocal tract analysis (amounting to 320 samples)

while frames with 95% overlap between the segments were used for locating and

extracting formants in the spectral enhancement unit 106. The B8 and D of the CELP

LTP pitch filter were adjusted to produce pitch frequencies of around 130Hz for the
30  identified voiced phonemes. The pitch insertion technique described by Equation (16)
above is used.

Figs. 7(a) and 7(b) respectively illustrate the originél whisper formant trajectof'y before
spectral adjustment in the spectral enhancement unit 106 and the smoothed formant

35  frajectory after the spectral adjustment when the input signal is a sentence “she had



above is used. Figs. 7(a) and 7(b) respectively illustrate the original
whi sper formant trajectory before spectral adjustnent in the spectral
enhancenmew0 20ni254606 and t he snoot hed fornmant 35traj ect @ecy/Sakowroodshe
spectral adjustnment when the input signal is a sentence "she had 25 your
dark suit in greasy wash water all yeat" fromthe TIMT dat abase whi spered
word by word in an anechoic chanber. Figs. 8(a) and 8(b) respectively

i | | ust r ayasiridagk syileioareapyarashoiaier ahyearafron tse Tt MHc datgbaseswbisperad yomdt ~ dar k
suit in gy A . year" fromthe TIMT database whispered word
by word ?%QQEMQEQC gﬁgagﬁgﬁhé?) before and after the reconstruction
performed by system 100. As shown in Fig. 8(b), the vowels and di pht hongs

are effeg rg'gvg(gaé amfézﬂﬁés\ag&tﬁfé iy mh&%té@ﬁe%ﬁéé%@?arﬁé%’f %%h.eaéreﬁ%@nfehee

shifting considerations wt I Sper-vo onversion 1n the spectral
enhantentshe tadtyouo8lark UiNSN sITeR#Y WﬁsfFuvgaéer qll ymar gromba BMIT Watabase gnal

cOMPY | 51 BEUBSRATS thludrh RSk SRl oo UkPatorhe RSHERIGHEN [ an

intellig voi ced version of whi sper is natural soun
f or mant pedermeddbys sEsiemogP@nAsfshowe loulflpuﬁ(taf thy yowals 18w ﬁmbtf@agé etrehat

system 10@, cﬁl(/glg Ye&shsirbliah 'u\é h‘é If ff‘ﬁaﬁ %%"ch}ré)BL tan'dsthQ %ﬁflﬁ&r{smeﬂ%ﬁw

i mprove the Tegeneration met ystem 1 havi n re natura?ness in
pi tch vamlthm|vmrspe&rw@cb@om‘@f5@0pjptb\fetspﬁgtral&gham‘n&nﬁuamé 8peech in the
out pyt. Furthermore, system 100 may be inproved to achieve a snoother

transition between voiced and unvoi ced phonenes. However, even w thout
t hese i mpesbhewrin Bigsthand 8cwhen armeﬂpétj&glp@@@mprlﬁl@gquyme@ﬂsmInﬁ%system

suf fici enphVing! m&%ﬁeﬁsm eecg} @Svo%dtdyﬁs.sef%ﬁméw.ssé@%ﬁgntS

are: The regener t| on nor ma g roman input signa rising
whi sper s npiIrglf sqynding. BéacPrmanioplehened rarsclipgramy of dee tsxblim@eﬂrfu&ys@ﬁtﬂeg and

may al Solma?@%ét%%gg?? 180t Hedlisd Félé%veé%l@én‘ ¥ e%hrrmbns' 6%§s?dl@9@9%éﬂsage

Wien using sys reconstructing speech fromsuch an input signal,
nor map s preerele éfaﬁrrﬂggge@il@n merthed glipyséem OGriyhbaving erors yeiusainassoinpRiichor ns

this recoRsifoACLhe betir sﬁﬁ% Jilh@‘?aé?rcdﬁﬁﬁﬁoneé’deetchWﬁ th&! SRputS FafEAnbRY)

conprlses pre-processin (in one exanple two supporting 30 modul es
conpri si systeme108Dayde ammovwe toaFYpe acnmeihemiearaitiesshetvesn velked@nd 104)

for ad?pé‘lﬂ?&céd@hbm& H or COTBAN AN tN@yesﬂ?ﬂrévéﬂeﬁtQafhe' fec&RFubRqOr €

effectiv processed with the nodified CELP codec.
speech from system 100 is suf‘ﬁmently clear.

20

Possible advantages of the exemplary embodiments are:

The regeneration of normal speech from an input signal comprising whispers is.of great
benefit to patients with voice box deficiencies, and may also be applicable in the field of
25  private mobile ielephone usage. When using system 100 for reconstructing speech
from such an input signal, normal speech samples are not required. Furthermore,

system 100 performs this reconstruction in real-time or near real time.

Also, system 100 comprises pre-processing modules (in one example two supporting
30  modules comprising the WAD 102 and the Whispered Phoneme Classification unit 104)
for adapting the input signal comprising whispers so that it can be more effectively

processed with the modified CELP codec.

As mentioned above, system 100 implements an innovative approach to reconstruct

35 normal sounding phonated speech from the whispered speech in real time. This



26 approach conprises a nethod for spectral adjustnent and fornmant
snoot hi ng during the reconstruction process. In one exanple, it uses a
probabi | iwp 2msrsdensi ty function to identify reliable fPomrsanoiotonagiect ori es
in whispers and apply spectral nodifications accordingly. Using these

t echni ques, the enbodi nents of the pP&sent invention have 5 successfully
reconstructed natural soundi ng speech from whi spers using a novel set of
CELP- basa@drdanhlicbhmasésna sméihs@cﬂonmntréloasd}mtmenaanﬁ p’:drtnaht amnabmh'igsdwrmg
syntheS|s net h anal yzing the characterist]i r eech and
e ng = M traR Bt SR se (G P o Pg Bitane atfit Hesk R faRfy ng

pi tch sitgnddrdify tdilablaofmeharﬁnﬂom]dttm in mmnstplaﬁs pndasapply specyat nmdificafdrsnent  an

Col "1 A BRE R ke M RERS o B PHARImARS St RISERR s w8 "2t
cgdee s}wu«:&ssﬂﬂy r?mnstemmid baiﬂrailsommlmgl' ﬁmem:bdtdm &ﬂlsﬁEistsdnmeooi/es sasefdht 0]

i t t d
Spbech. it b e aliscPRiert uBRT St A% s oA s S Hoe s pect r o

adj ust memgthaded f or mant snoothing within the regeneration process. This can
be seen fromthe snoothed formant trajectory resulting from applying the

spectral adjustnent nethod in 20 the enbodi nents of the present invention.
The sno@yhedalyriag etheochascwibisiicsi whrvavsperéd spiebelet ancenistyg af nesfisacerforl00 i n

re)e(g ftefrg?cé[ﬂlg?rg%t%%lffﬁ?&qgcaql Rgtah qgiﬁs&‘?\,\ﬂg éqé} glgr'laléhﬁ‘\gc%vg[) Egalﬁ{@n 00. For

ay &t ory or nce ore and after
spect r alofatlp usesesn tineesntioe | inpkesnent raaﬂcen@neemigedpm'pem fargwhispéreto-ridnmak ane

h f ' f I
o o oL G AR B KR R SRR S SR 2
wll be wimﬁerasnmdrﬂedbyCEltibszededxisrtme’cdre rasgt UesdrbeuraboagyTbennedm@ﬂ CIHi&t many

var ot oack e UELF L Sl 91 o CRESHIUAILA - B00H §F SQRST H4NEHInpe e

wi t hout eSent Tnve A system
for nsecq:’mhatsadtspagcl*speech from an input signal conprising whispers, the
system conprising: 5an analysis unit configured to anal yse the input signal
to forma representation of the input signal;

The exemplary embodiments present an innovative method for spectral adjustment and

formant smoothing within the regeneration process. This can be seen from the
. smoothed formant trajectory resulting from applying the spectral adjustment method in

20  the embodiments of the present invention. The smoothed trajectories also improve the
effectiveness of system 100 in reconstructing vowels and diphthongs and the efficiency
of system 100. For example, the formant trajectory for a whispered sentence before
and after spectral adjustment as well as a reconstructed spectrogram for the same
sentence showing the effectiveness of system 100 are illustrated above.

25
Whilst the foregoing description has described exemplary embodiments, if will be
understood by those skilled in the technology concerned that many variations in details
of design, construction and/or operation may be made without departing from the
present invention.

30



an enhancenent unit configured to nodify the representation of the input
signal to adjust a spectrumof the input signal, wherein the adjusting of
t he spectwormnfo2sdse i nput signal conprises nodifying a lpamde2aiowoess at

| east one formant in the spectrumto 1l0achi eve a predeterm ned spectral
energy distribution and anplitude for2the at |east one formant; and

a synthesis unit configured to reconstruct speech fromthe nodified

repr eserret Claimef the i nput signal. 152. A system according to claim1,
wherein the system further conprises: a first pre-processing unit
configured to detect speech activity in the input signal; and a second

pr e- pr ockes A sygtamnfdr recoristrguirgdsfeach | fams iah)inmh eiygae sormpridifie whizpets, siegnal . 20
3. A systemaccording to claim?2, wherein the first pre-processing unit
conpri se¥ S bFUPHISY of detection nmechani sms whereby an output of the

first pre-praressilyss uli torfigudeperaaiseie aipud bighalttodbrne aabpretertbion
detection ech ni.sm?. 254. A system according to claim3, wherein the

pluralit ﬂ?ﬁ NAt 2L on nechani sns conprise a first detection nmechani sm

based on an efreemhanoémehteuritrypufigerednaimaifd e Sprasadtatien et theanputegimani sm
based o

i t f.the i t Si | .. 5.
accor di 18 1Bk AHspran ot e b sighaCisabeth s, 8 ketngn tpe SpRSTERLRY uni
30i s co][im?tgtsﬁgaﬂl tamprises modif%ziogm&r&txd&;idl?\&fﬁt le_ésttdhte forfnt lirsthgrs@éct'rum aadfi rst
ran o] r equenci,es agai nst .a, power of .the inpu n n second range
of PequishisVES PIEHERFTREY SeatLEa oy dixirutien eod oAl P duce At 1 second
range offofmaduamti es; and cl assify the phonenes in the input signal based

on the conparjson. 28 6. A syste ccordin o _any,of the_precedyn
clai ms, wher et ns)frﬁl%esésnh%tce??@ﬁ?urﬁﬁ]i 3°i §eq°ﬂPt?‘ﬁ°ér SR JiARatteo m%‘g{é‘?‘g
f or mant srepmsentdtimgot the iripat §ighdlowi ng st eps:

15 2. A system according to claim 1, wherein the system further comprises:
a first pre-processing unit configured to detect speech activity in the input signal;
and
a second pre-processing unit configured to classify phonemes in the input
signal.
20
3. A system according to claim 2, wherein the first pre-processing unit comprises a
plurality of detection mechanisms whereby an output of the first pre-processing unit is

dependent on an output of each of the detection mechanisms.

25 4. A system according to claim 3, wherein the plurality of detection mechanisms
comprise a first detection mechanism based on an energy of the input signal and a

second detection mechanism based on a zero crossing rate of the input signal.

5. A system according to any of claims 2 to 4, wherein the second pre-processing unit
30 is configured to:
compare a power of the input signal in a first range of frequencies against a
power of the input signal in a second range of frequencies, the' first range of
frequencies being lower than the second range of frequencies; and ‘
classify the phonemes in the input signal baéed on the comparison. .
35



obtaining roots of an equation forned by a plurality of Linear Prediction
coefficients derived in the analysis unit; 5calculating a bandw dth to peak
rati o forweach/mewt of the equation; and cl assi f yrmgGaoproeases er m ned
nunber of the roots lying on the inagigary axi s and having snall er

bandwi dth to peak ratios as the | ocat &8 formants in the spectrum of the
input signal. 107. A system according to claim6, wherein the enhancenent
unit is BurA Restemmeepigingda any ofthe ataceting caims.euagreivribe eohamgameant gitt he

| ocat ed I?%Hﬁéﬁc%nﬁ@ﬁ 4 & lBBatE‘Por]HH?lté Qct,do?d’iﬁé‘ﬂa thé gcﬁl%wﬂ{g' QEpd:0 nodi fying the

bandwi dt h of the at l[east one formant: eriving the probability of a
f or mant occur PPigging reefe Hoff peRAIAHPN| iermed paceikiakiuSf ndneate Prasicioed

f or mant s JhliggRldeRk@n MLy uQl: standard frequency bands in the
spectrumcoeaclh staﬁ%aram#re uyencl;/ %and bei ng a frequency band expected to

conpri se f or maaleylating a bandwiglihitgiprgk satisHoreaghdaeinftheeuieiion. @hd in the
spectruminto Z’ﬁ%?aé- f gﬂﬁ@ " : andard
frequenc b_angﬁalsﬁ%t e E%gﬁﬂﬁéacﬁﬁqﬁg}??ﬁgﬁgs ens??&@@}g%argggﬁaﬁgrrow
fr equencéa‘ﬂa@ gmiafler hamdwiditn irapepks iedios en die Ibariad Sermantiumtes sperdrugeef thed
probabi | in?h%i h&. the narrow frequency band and extracting the at |east one
formant a regonance peaks lying within the narrow frequency band havi ng

t he hi ghest density. 8. A systemaccording to claim?7, wherein the

enhapcenment o Wibm socbiild @rclfiang, e ef tRe bAnARERRINILLPR fLRhLOMWAGureleps:
snoot mg atrajectory of the at |least one formant; filtering the snoothed
Y

t r aj ect ofye¥radt the zitleast g8¢ fymant Bpmelhe loqgird oanents ageqrdiagle tee BYowingt he at

| east ongid@iBPto mdfingAhs YA RRUACHNE bBadt@nsidhiant or 8, wherein the
nodi fied representati on"of the input signal conprises a plurality of Linear

Predi cti on codefiviag & okrbility atie forgant aecuging & geeh Baaugnsyimifie sPsalrYHe

synt hesi gsiBithe [c3afe@rh@ied to reconstruct speech using the plurality of
Li near Prediction coefficients. WD 2011/025462PCT/ SG010/ 000313
15 locating a plurality of standard frequency bands in the spectrum, each standard

frequency band being a frequency band expected to comprise formants;
dividing each standard frequency band in the spectrum into a plurality of narrow
frequency bands; and
for each standard frequency band in the spectrum, calculating a density for
20  each narrow frequency band in the standard frequency band as a sum of the derived
probabilities in the narrow frequency band and extracting the at least one formant as

resonance peaks lying within the narrow frequency band having the highest density.

8. A system according to claim 7, wherein the enhancement unit is further configured
25  to perform the following steps:
smoothing a trajectory of the at least one formant;
filtering the smoothed trajectory of the at least one formant; and

lowering frequencies of the at least one formant;

30 9. A system according to claim 7 or 8, wherein the modified representation of the input
signal comprises a plurality of Linear Prediction coefficients derived from the at least
one formant and the synthesis unit is configured to reconstruct speech using the

plurality of Linear Prediction coefficients.



29 10. A system according to claim9, wherein the analysis unit is
configured to nodify a Long Term Prediction transfer function for inserting
pi tch i ntwotzha/mewenst ruct ed speech based on the cl assi Pgirsg2eoi/onése3
phonenes in the input signal by the sgcond preprocessing unit. 5 11. A
system according to any of the precedi'ng clains, wherein the predeterm ned
spectral energy anplitude is derived based on an ﬁsti ted difféﬁfnce

bet ween . dpubtanapceasdingio SRIMUH: yherair theyaralysisHAT 5 cqitighred) todndifyA of
nor mal | ylﬁ@?ﬁ@hﬁﬂeéi@ﬁ&?ﬂans*@r fhRetiof fémg@rﬁh@?ﬁ@{ Mt hetrecamntruetedtdpeesti ecedi ng
|

cl ai ns, n the enhancenment unit is configured t rmEdhief%/ thg bandw dt h
of the abasedaen thsneleseiivingnef Wi IPBoperpes i e m%ﬁ@@ﬁé%y #EN4tPPeast one
formant . pr@:é%ﬁ:sing%rﬁf?t hod for reconstructing speech froman input signal
conpri sing i spers, the nethod conprising: analysing the input signal to
form% representation of the input signal; nodifying the representation of

the i ”Puhﬁi} dPaemt LBt to ang REGKE Widddirgh@aintd) Wherein théi ge@dternihed ei n t he
adjusting o e spectrum of the input signal conpri S(ﬁﬁ nodi I?égwn% a
20bandwi eRastrel eaergy emanlitusieeisr deivedt Dased: oe apperiipalRd (BTelERTGPEivEen a

predet er gined| SR&EY TR wiRBSEr8Y $HeBER iddt 4 apeaisl anmby tofdenihally bhendted | east

one formant; and reconstructing speech fromthe nodified representation of
t he i npusPssichnal . 14. A method according to claim 13, wherein prior
to apal ysing the input signal, the 25nethod further conprises: detecting
speech activity in the input signal; and classifyin honenes in. the input
signal . 12.A SYS'@B.acﬁprm%@”déég?%PWje?‘Bg &Iaéﬂ’ﬁﬂ‘i%‘?re &N a‘i"f?é"%t“'@ﬁti ng of

the speegh:@filiddt ¥ hbdih the3Bandwitth & BBt Ibsstpsid Rrmast Whilagetainpiguaal ity
of detection nmechani sns ‘whereby an out put of the detecting of the speech

act i vi t y reauenss of et lesshpng for®adiependent on an out put of each of the
det ecti on mechani sns.

15  13. A method for reconstructing speech from an input signal comprising whispers, the
method comprising:
analysing the input signal to form a representation of the input signal;
modifying the representation of the input signal to adjust a spectrum of the input
signal, wherein the adjusting of the spectrum of the input signal comprises modifying a
20 bandwidth of at least one formant in the spectrum to achieve a predetermined spectral
energy distribution and amplitude for the at least one formant; and

reconstructing speech from the modified representation of the input signal.

14. A method according to claim 13, wherein prior to analysing the input signal, the
25  method further comprises: '
detecting speech activity in the input signal; and

classifying phonemes in the input signal.

15. A method according to claim 14, wherein the detecting of the speech activity in the
30 input signal is performed using a plurality of detection mechanisms whereby an output
of the detecting of the speech activity in the input signal is dependent on an output of

each of the detection mechanisms.



WO 2011/ 025462PCT/ SG2010/ 000313 30 16. A net hod according to claim 15,
wherein the plurality of detection mechanisnms conprise a first detection
mechani srwbasad2es2an energy of the input signal and a seTsodow®veasi on
mechani sm based on a zero crossing raj e of the input signal. 517. A nethod
according to any of clains 14 to 16, v9nere|n the classrfyr ng of the

phonenes in the input signal r| ses: arin IElovrg of the
i nput  si thadl miethod d¢aosding é‘hg?tﬂ'@f r"é’i‘ﬁi@'ﬁc‘ihésplﬁ@éﬁyn td%te%!ﬂﬁe anises i nput

signal ipn r@gc H@r&ﬁo@fmécrheﬁ.@,eHSésea ot BA drigk§t of BRURPAS siffigcmensi es
bei ng | ower e second range of frequencies; and. 10 IassLEylng t he

phonenessdcand Hetepmmegh@m begeken greihRosHRS P Sbife MY sigRaket hod
according to any of clainms 13 to 17, the nmethod further conprising |ocating

formants according to the follow ng ste aj_nin ots of
an equat i D frstiasd apgording| tgr any ©f ¢ mﬁlﬁ’e&’r 16y aderain dhe f‘?%q&@f“f‘? g‘tféﬁ

deri ved F’ é?{&rfe@ h%&lé‘g}]a@toﬁlaﬁsésnput Si gnal cal cul at i ng a bandw dt hto

peak rat root of the equation; é assi f é n%. a
pr edet er ni nedccrmmmg @powraeot hetisPYtyaigis! Hhatf'ﬁ% ARGy Ph ?%}Jegﬁ'ﬁ #shavi ng

smal | er tiQolReaknaatd @S s@SoridNeardeC af afbqliendB ! thel first hangdestt rum of
the i npupg\gr&\gﬁgﬁﬁb gplﬂ éibné A net hg accordi ng toqcl ai m 18, the nethod

further fremm@ﬁﬁvglf@%t)\ﬂarcﬁmﬂg‘q $reopd rangeqf f@ﬁée’f‘%ﬁ’ﬁrﬁﬁ? fromthe |ocated

formats accopdiy rtgqhéBﬁoﬁ&héé)Wtﬁerrﬁ)heggnma@éd bR tHEerhydrizent he bandwi dt h
of the at |east onefornmant deriving the probability of a

formant occurring at each frequency in the spectrum 25using the | ocated

formants; ethod %&%r‘dﬁ% & Bhy'iorlddidisOf3 6 andandl idtest @irther ipndgsising t he
spectrum eacTt standard frequency band being a frequency band expected to
ailo e 1

conpri se Idoatingfermsants according;tqths felovwsRe $t%PSandar d frequency band in the

Spect rum i nt o g J; %bt%yopfanneﬁlﬁétrynf PRGNSy DaNgity astdLidh0Prediction
standard frequenc and in the spectrum cal cul at| ng a density for each

nar r oW f ceeffienaty dedvier frWntt%aQ?'&ﬁ%PﬂthPr'%ﬁéﬁé? band as a sum of the

derived pr Oba%tchtahﬁ@a'b'antr\kretrn@r;réawrétr&@uea@yrdwepthaed.ueﬁerr antii ng the at
| east one formant as resonance peaks lying within the narrow fre%uency band
havi ng the hi g}p@gﬁyu@@a@re@gtermmed number of the roots Iyrng on the imaginary ax

having smaller bandwidth to peak ratios as the located formants in the spectrum of the
input signal.
20
19. A method according to claim 18, the method further comprising extracting the at
jeast one formant from the located formants according to the following steps prior to
modifying the bandwidth of the at least one formant:
deriving the probability of a formant occurring at each frequency in the spectrum
25 using the located formants;
locating a plurality of standard frequency bands in the spectrum, each standard
frequency band being a frequency band expected to comprise formants;
dividing each standard frequency band in the spectrum into a plurality of narrow
frequency bands; and
30 for each standard frequency band in the spectrum, calculating a density for
each narrow frequency band in the standard frequency band as a sum of the derived
probabilities in the narrow frequency band and extracting the at least one formant as

resonance peaks lying within the narrow frequency band having the highest density.



31 20. A nethod according to claim 19, wherein the adjusting of the
spectrum of the input signal further conprises: snoothing a trajectory of

t he at | eset2oommesfeor mant; filtering the snoothed traj ecrompcadioohesiat | east
one formant; and 5l owering frequencies of the at |east one formant; 21. A
met hod according to claim19 or 20, erein the nodified represent ation of
the input signal conprises a plurality of Linear Prediction coefficients

deri ved 3% drinethad gecordingtto Glaim 118y W‘ﬁ‘ﬁfe”émﬂ’ oesting o6 His SREAHACTSRe Epech from

t he spec.g,é@dﬁaﬁh@pbé}%,%leanal ysed input signal further conprises
reconstructing speech using the plurality_of Linear Prediction

coef fi ci ent s.Smoothing aAraieatery @f MecHersigne #rerakm 21, wherein the anal ysing

of the input McBRGind dhddiREd FHBBIOHSEShEBEIEYH dMg frmtettGantier m Predi cti on
transfer function for inserting pitch into 15the reconstructed speech based

on tHe cl assiPyerig fSWLthi'é'eﬁl%H@r@éeqsﬁof‘ﬁ@ormﬁht signal. 23. A nethod
according to any of clains 13 to 22, wherein the predeterm ned spectral
ener gy a litude is derived based on an estinmated difference between a

spect r al 2eAemgiiogiacapidiiseioetiaiah 42 Oh 2Anwharepihe: rpadified sRygsHTatiRB ratdng v

phonat edinElE’teﬁ@ﬁhl cgﬁhprlgéla a/blliFBﬁtDQﬁ LR e dStidnOcifitidtts abmidtbirdm the a3,
wherein the bandw d he at | east one formant is nodified ile

r et ai ni nl@a%{c plp%dgr@?w zgfd lﬂf?e regonsdetingo Ak spepshafiem the spectrally a Justed

10  analysed input signal further comprises reconstructing speech using the plurality of

Linear Prediction coefficients.

22. A method according to claim 21, wherein the analysing of the input signal further
comprises modifying a Long Term Prediction transfer function for inserting pitch into

15 the reconstructed speech based on the classifying of the phonemes in the input signal.

23. A method according to any of claims 13 to 22, wherein the predetermined spectral
energy amplitude is derived based on an estimated difference between a spectral
energy of whispered speech and a spectral energy of normally phonated speech.

20
24. A method according to any of claims 13 to 23, wherein the bandwidth of the at least

one formant is modified while retaining a frequency of the at least one formant.



