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BACKGROUND
Field
[0002] The present invention relates generally to a method to time-warp (expand or
compress) vocoder frames in the vocoder. Time-warping has a number of applications
in packet-switched networks where vocoder packets may arrive asynchronously. While
time-warping may be performed either inside the vocoder or outside the vocoder, doing
it in the vocoder offers a number of advantages such as better quality of warped frames
and reduced computational load. The methods presented in this document can be
applied to any vocoder which uses similar techniques as referred to in this patent

application to vocode voice data.

Background

[6003] The present invention comprises an apparatus and method for time-warping
speech frames by manipulating the speech signal. In one embodiment, the present
method and apparatus is used in, but not limited to, Fourth Generation Vocoder (4GV).
The disclosed embodiments comprise methods and apparatuses to expand/compress

different types of speech segments.

SUMMARY

[0004] In view of the above, the described features of the present invention generally

relate to one or more improved systems, methods and/or apparatuses for communicating

speech.



SUMVARY [0004]In view of the above, the described features of the
present invention generally relate to one or nore inproved systens,
nmet hods and/ or apparatuses for conmunicating speech. 2 [0005]1n one
enbodi ment, the present invention conprises a nmethod of conmunicating
speech conprising the steps of classifying speech segnents, encoding
t he speech segnents using code excited éinear prediction, and

ti me-warping a residual speech signal t6 an expanded or conpressed
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speech residual signal is compressed, and adding the pitch periods if the speech residual

signal is expanded.

[0008] In another embodiment, the encoding is prototype pitch period encoding and the
step of time-warping comprises estimating at least one pitch period, interpolating the at
_Ieast one pitch period, adding the at least one pitch period when expanding the residual
Speech signal, and subtracting the at least one pitch period when compressing the
iesidual speech signal.

[0009] In another embodiment, the encoding is noise-excited linear prediction
encoding, and the step of time-warping comprises applying possibly different gains to
different parts of a speech segment before synthesizing it.

[00107 In another embodiment, the present invention comprises a vocoder having at
least one input and at least one output, an encoder including a filter having at least one
input operably connected to the input of the vocoder and at least one output, a decoder
including a synthesizer having at least one input operably connected to the at least one
output of said encoder and at least one output operably connected to the at least one
output of said vocoder.

[0011] In another embodiment, the encoder comprises a memory, wherein the encoder
is adapted to execute instructions stored in the memory comprising classifying speech
segments as 1/8 frame, prototype pitch period, code-excited linear prediction or noise-
excited linear prediction.



encodi ng, and the step of time-warping conprises applying possibly
different gains to different parts of a speech segnent before
synthesizing it. [0010]In another embodinent, the present invention
conprises a vocoder having at |east one input and at |east one

out put, an encoder including a filter having at |east one input
operably connected to the input of the vocoder and at | east one
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description given here below the appended claims, and the accompanying drawings in

which:

[0015] FIG. 1 is a block diagram of a Linear Predictive Coding (LPC) vocoder;

[0016] FIG. 2A is a speech signal containing voiced speech;

[0017] FIG. 2B is a speech signal containing unvoiced speech;

[0018] FIG. 2C is a speech signal containing transient speech;

[0019] FIG. 3 is a block diagram illustrating LPC Filtering of Speech followed by
Encoding of a Residual;

[0020] FIG. 4A is a plot of Original Speech;

[0021] FIG. 4B is a plot of a Residual Speech Signal after LPC Filtering;

[0022] FIG. 5§ illustrates the generation of Waveforms using Interpolation between
Previous and Current Prototype Pitch Periods;

[0023] FIG. 6A depicts determining Pitch Delays through Interpolation;

[6024] FIG. 6B depicts identifying pitch periods;

[0025] PIG. 7A represents an original speech signal in the form of pitch periods;

[0024] FIG. 7B represents a speech signal expanded using overlap-add;

[0027] FIG. 7C represents a speech signal compressed using ovetlap-add,;

[0028] FIG. 7D represents how weighting is used to compress the residual signal;

[0029] FIG. 7E represents a speech signal compressed without usin g overlap-add;

[0030] FIG. 7F represents how weighting is used to expand the residual signal; and



[0015]FIG 1 is a block diagramof a Linear Predictive Coding (LPC)
vocoder; [0016]FIG 2A is a speech signal containing voiced speech;
[0017]FIG 2B is a speech signal containing unvoi ced speech;

[0018] FIG 2C is a speech signal containing transient speech;
[0019]FIG 3 is a block diagramillustrating LPC Filtering of Speech
foll omed by Encoding of a Residual; [0020]FIG 4A is a plot of
Original Speech; [0021]FIG 4B is a pldt of a Residual Speech Signal
after LPC Filtering; [0022]FIG 5 illustrates the generation of

Vavef ofgBrusi ng ¥k 8epokiad ivareghioneerd Br the adiisvetlag methodent  Pr ot ot ype
Pitch Periods; [0023] FIG 6A depicts determ ning Pitch Del ays through
I nterpol ation; [0024] FIG 6E depicts identifying pitch periods;
[0025] FIG 7A represents an opgAREDPESCRIBrEM in the form of

pitch peri ods;

[0032] The word “illustrative” is used herein to mean “serving as an example, instance,
or illusiration.” Any embodiment described herein as “illustrative” is not necessarily to
be construed as preferred or advantageous over other embodiments.

Beatures of Using Time-Warping in 3 Vocoder

[0033] Human voices consist of two components. One component comprises
fundamental waves that are pitch-sensitive and the other is fixed harmonics which are
not pitch sensitive. The perceived pitch of a sound is the ear's response to frequency,
i.e., for most practical purposes the pitch is the frequency. The harmonics components
add distinctive characteristics to a person's voice. They change along with the vocal
cords and with the physical shape of the vocal tract and are called formants.

[0034] Hluman voice can be represented by a digital signal s(n) 10. Assume s(n) 10is a
digital speech signal obtained during a typical conversation including different vocal
sounds and periods of silence. The speech signal s(n) 10 is preferably portioned into
frames 20. In one embodiment, s(n) 10 is digitally sampled at 8 kHz.

[0035] Current coding schemes compress a digitized speech signal 10 into a low bit rate
signal by removing all of the natural redundancies (i.e., correlated elements) inherent in
speech.  Speech typically exhibits short term redundancies resulting from the
mechanical action of the lips and tongue, and long term redundancies resulting from the
vibration of the vocal cords. Linear Predictive Coding (LPC) filters the speech signal
10 by removing the redundancies producing a residual speech signal 30. It then models
the resulting residual signal 30 as white Gaussian noise. A sampled value of a speech
waveform may be predicted by weighting a sum of a number of past samples 40, each
of which is multiplied by a linear predictive coefficient 50. Linear predictive coders,
therefore, achieve a reduced bit rate by transmitting filter coefficients 50 and quantized
noise rather than a full bandwidth speech signal 10. The residual signal 30 is encoded
by extracting a prototype period 100 from a current frame 20 of the residual signal 30.

[0036] A block diagram of one embodiment of a LPC vocoder 70 used by the present
method and apparatus can be seen in FIG. 1.  The function of LPC is to minimize the
sum of the squared differences between the original speech signal and the estimated

speech signal over a finite duration. This may produce a unique set of predictor



[0026] FIG 78 represents a speech signal expanded using overl ap-add;
[0027] FIG 7C represents a speech signal conpressed using

overl ap-add; [0028]FIG 7D represents how weighting is used to
conpress the residual signal; [0029]FIG 7E represents a speech
signal conpressed w thout using overl ap-add; [0030]FIG 7F represents
how wei ghting is used to expand the residual signal; and 4
[0031]FIG 8 contains two equations usell in the add-overl ap net hod.

DETAI LED DESCRI PTI ON [ 0032] The word "illustrative" is used herein to
mean " Ser Vi ngeffisied 50X e nbREAIFRSEnated evel) #Hhé 20 AframdY is icallg
enbodi nent descr.i bed herein as "illustrative" is not necessari t
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Features of Using Tinme-Wrping in a Vocodgr [0033]Hunan voices
consi st of two conponents. One COWWH ses

b

where the predictor coefficients 50 are represented by ay and the gain by G.

[0037] The summation is computed from k=1 to k = p. If an LPC-10 method is used,
then p = 10. This means that only the first 10 coefficients 50 are transmitted to the LPC
synthesizer 80. The two most commonly used methads to compute the coefficients are,
but not limited to, the covariance method and the auto-correlation method.

[0038] It is common for different speakers to speak at different speeds. Time
compression is one method of reducing the effect of speed variation for individual
speakers. Timing differences between two speech patterns may be reduced by warping
the time axis of one so that the maximum coincidence is attainefd with the other. This
time compression technique is known as time-warping. Furthermore, time-warping
compresses or expands voice signals without changing their pitch.

f0039] Typical vocoders produce frames 20 of 20 msec duration, including 160 samples
90 at the preferred 8 kiz rate. A time-warped compressed version of this frame 20 has
a duration smaller than 20 msec, while a time-warped expanded version has a duration
larger than 20 msec. Time-warping of voice data has sig:ﬁﬁéant advantages when
sending voice data over packet-switched networks, which introdiuce delay jitter in the
transmission of voice packets. In such networks, time-warping can be used to mitigate
the effects of such delay jitter and produce a “synchronous” lookjﬁg voice stream.

[0040] Embodiments of the invention relate to an apparatus and method for time-
warping frames 20 inside the vocoder 70 by manipulating the speech residual 30, In
one embodiment, the present method and apparatus is used in 4GV. The disclosed
embodiments comprise methods and apparatuses or systems to expand/compress
different types of 4GV speech segments 110 encoded using Prototype Pitch Period
(PPP), Code-Excited Linear Prediction (CELP) or (Noise-Excited Linear Prediction
(NELP) coding.

[0041] The term “vocoder” 70 typically refers to devices that compress voiced speech
by extracting parameters based on a model of human speech generation. Vocoders 70

include an encoder 204 and a decoder 206. The encoder 204 analyzes the incoming



fundanmental waves that are pitch-sensitive and the other is fixed
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vocoder 70 can use any of four different encoders 204 and decoders 206. The different
encoders 204 and decoders 206 operate according to different coding schemes. Some
encoders 204 are more effective at coding portions of the speech signal s(n) 10
exhibiting certain properties. Therefore, in one embodiment, the encoders 204 and
decoders 206 mode may be selected based on the classification of the current frame 20.
[0046] The 4GV encoder 204 encodes each frame 20 of voice data into one 6f four
different frame 20 types; Prototype Pitch Period Waveform Interpblaﬁon (PPPWD),
Code-Excited Linear Prediction (CELP), Noise-Excited Linear Prediction (NELP), or
silence 1/8" rate frame. CELP is used to encode speech with poor periodicity or speech
that involves changing from one periodic segment 110 to another. Thus, the CELP

mode is typically chosen to code frames classified as transient speech. Since such



[0038] It is common for different speakers to speak at different
speeds. Tine conpression is one nethod of reducing the effect of
speed variation for individual speakers. Timng differences between
two speech patterns may he reduced by warping the |ine axis of one so
t hat the maxi mum coi ncidence is attained with the other. This tine
conpression technique is known as tine-warping. Furthernore,
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10 is often _divided into frames 20 of data an rocessed
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speech can hemehappified in many different ways. Three conventional
classifications of speech are voiced, unvoiced sounds and transient
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unvoi ced speéigsH reprofdvation) Gdiere the speech signal 10 has little or no pitch structure. More
specifically, NELP is used to encode speech that is noise-like in character, such as
unvoiced speech or background noise. NELP uses a filtered pseudo-random noise
signal to model iunvoiced speech. The noise-like character of such speech segments 110
can be reconstriucted by generating random signals at the decoder 206 and applying
appropriate gaiﬁs to them. NELP uses the simplest model for the coded speech, and
therefore achieves a lower bit rate,
[0058] 1/8™ raté frames are used to encode silence, e.g., periods where the user is not
talking.
[0051] All of the four vocoding schemes described above share the initial LPC filtering
procedure as shown in FIG. 3. After characterizing the speech into one of the 4
categories, the speech signal 10 is sent through a linear predictive coding (LPC) filter 80

which filters out short-term correlations in the speech using linear prediction. The



resenbl es col ored noise. [0044] PIG 2C depicts a transient speech
signal s(n) 406 (i.e., speech which is neither voiced nor unvoiced).
The exanpl e of transient speech 406 shown in FIG 2C m ght represent
s(n) transitioning between unvoi ced speech and voi ced speech. These
three classifications are not all inclusive. There are many different
cl assifications of speech which may be enpl oyed according to the

met hods described herein to achi eve conparable results. The 4GV
Vocoder Uses 4 Different Frane Types [ 0045] The fourth generati on
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periodic in sBQe Hrﬁ%me% %%ec%gé1of bdth PPP and CELP, pitch information is calculated by

the encoder 204 using auto-correlation methods and is transmitted to the decoder 206,

Thus, the decoder 206 has accurate knowledge of the pitch period 100. This makes it
simpler to apply the time-warping method of the present invention in the decoder 206.

[0054) Furtﬁennore, as stated above, it is simpler to time warp the signal 10 before
synthesizing the signal 10. If such time-warping methods were to be applied after
decoding the signal 10, the pitch period 100 of the signal 10 would need to be estimated,
This requires not only additional computation, but also the estimation of the pitch period
100 may not be very accurate since the residual signal 30 also contains LPC information
170.



characterized by different pitch periods 100 being simlar to a
"prototype" pitch period (PPP). This PPP is the only voice

I nformation that the encoder 204 needs to encode. The decoder can use
this PPP to reconstruct other pitch periods 100 in the speech segnent
110. [0049] A "Noi se-Excited Linear Predictive" (HELP) encoder 204 is
chosen to code franmes 20 classified as unvoi ced speech. NELP codi ng
operates effectively, in terns of sign& reproduction, where the
speech signal 10 has little or no pitch structure. Mre specifically,

NELP igl gged to cﬁﬂ%d&hép@eeﬁhaﬁ ﬁ@tadaﬁmﬂeallﬁ@hlpeiﬁedunocdmnmas ncs Uod
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to encode s re the user 1s not talki
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initial LPC fil roced Rife f%ﬁ@g)l 1
characteri ZFH%I %ﬁ%{hég ChAFR %egigﬁaé %Q@e Bcat ea%ﬁ) es. the % aergg n
signal 10 i fowapoch ooutshand driphyeear syutteds ity e agun; wyu(esn@t SciogcEPG0
which filters out short-term orrelath@s in the speech using |inear
predi cti on. fprmatien bt is raatapedp (e SEREl MY or o the LPC coefficients 50

and tlhqa 0sHESI ﬂuaiﬁ"ozﬁtﬁgﬂﬂ;br 12d, m@bmrg ibasiecfitt megtn]iedmgrﬂ@ meilluad pigead h
S|gna 10 with the short-term atlosr e romit

residual si §PatheddG syntieis }?ﬁ@gﬁaé]ée?ﬁ? 1] %r%\écf? TUFEB"WngsﬂSIE’e%IB
the vocodi ng, iRt pdesttteassh @flalgeihd HRC infomitiad 17¢ 60HE |sfehs10, és%»eéiﬂlssifow

an exanpl e of the original speech S|%nal 10, and .t he residua k
the pitch perdod 100 prechctmn post-decoding has not been very accurate. In one

embodiment, the steps performed by the time-warping methods disclosed in the present
application are stored as instructions located in software or firmware 81 located in
memory 82. In FIG. 1, the memory is shown located inside the decoder 206. The
memory 82 can also be located outside the decoder 206.

[00538] The encoder 204 (such as the one in 4GV) may categorize speech frames 20 as
PPP (periodic), CELP (slightly periodic) or NELP (noisy) depending on whether the
frames 20 represents voiced, unvoiced or transient speech, Using information about the
speech frame 20 type, the decoder 206 can time-warp different frame 20 types using
different methods. For instance, a NELP speech frame 20 has no notion of pitch periods
and its residual signal 30 is generated at the decoder 206 using “random” information.
Thus, the pitch period 100 estimation of CELP/PPP does not apply to NELP and, in
general, NELP frames 20 may be warped (expanded/compressed) by less than a pitch
period 100. Such information is not available if time-warping is performed after
decoding the residual signal 30 in the decoder 206. In general, time-warping of NELP-
like frames 20 after decoding leads to speech artifacts, Warping 6f NELP frames 20 in
the decoder 206, on the other hand, produces much better quality.

[0059] Thus, there are two advantages to doing time-warping in the decoder 206 (i.e.,
before the synthesis of the residual signal 30) as opposed to post-decoder (i.e., after the
residnal signal 30 is synthesized): (i) reduction of computational overhead (e.g., a

search for tﬁc pitch period 100 is avoided), and (if) improved warping quality due to a)



signal 30 after the LPC block 80. It can be seen that the residual
signal 30 shows pitch periods 100 nore distinctly than the original
speech 10. It stands to reason, thus, that the residual signal 30 can
be used to determine the pitch period 100 of the speech signal nore
accurately than the original speech signal 10 (which al so contains
short-termcorrelations). Residual Tinme Warping [0053] As stated
above, tine-warping can be used for expansi on or conpression of the
speech signal 10. Wiile a nunber of nethods may be used to achieve
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software or firmvare 81 located in nenory 8
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| ocat ed out ﬁﬁé}ﬁoﬁtﬂ% HERRARe AR delay 180 at the end of the last frame 20 and that at the
end of the current frame 20. This is shown in FIG. 6, Once pitch delays 180 at all

points in the frame 20 are known, the frame 20 can be divided into pitch periods 100.
The boundaries of pitch periods 100 are determined using the pitch delays 180 at

various points in the frame 20.



[ 0058] The encoder 204 (such as the one in 4GY) may categorize speech
frames 20 as PPP (periodic), (SLAP (slightly periodic) or NELP

(noi sy) dependi ng on whether the frames 20 represents voiced,

unvoi ced or transient speech. Using information about the speech
frame 20 type, the decoder 206 can tine-warp different frame 20 types
using different nethods. For instance, a NELP speech frame 20 has no
notion of pitch periods and its residual signal 30 is generated at

t he decoder 206 using "randont infornat}on. Thus, the pitch period
100 estimation of CELP/PPP does not apply to NELP and, in general,

NELP f riggees 20 neys. BA showp el eleophestdnel o aigdehs édinel iheds pithiaperbods
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there are twy;aggvantages to doing tinme-warping in the decoder 206

(i.e., before the synthesis of the residual signal 30%} as opposed to
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war ped si gnal .and # ' [ e L 1 :
por | od. - Ros A sree BTy RRE RE IR BB SO, FRAC Ol BLHER as
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speech residual 30.inside PPP P and NELP..decode The f 1,30
two steps afg® Sjé’g?%]?’ﬁ%d S SegmEnt c%age?qug{o% P t%ll }’8‘?‘?‘{@%%‘? r?géf{‘ﬁ%\ém
resi dual si gmflod3Eplices dwo different @pbech sepnnmis €40 edihveresipesth sagdentilil) b
sending the ti r(T)E&j',\P;a Zd cr)esi g lpb;() shr h. an fLPCe?gipl ter 80. Y
Fur t her mor o TSRS (15 SPEPGET A PEAPIFR T YA, BPeqHRs, TRerh % AP
speech segnpifsrvihdOas Hiueh eypbai RIS awi doksible. deseévingdsgeedhoyuality and

Ti me-war pi ng of Residual Signal when the speech se men&, 110, i s PPP:
minimizing introduction” of artifacts into the speech is aCcomplished by carefully

selecting the segments 110 to merge. (Artifacts are unwanted items like clicks, pops,
etc.). The selection of the speech segments 110 is based on segment “similarity.” The
closer the “similarity” of the speech segments 110, the better the resulting speech
guality and the lower the probability of introducing a speech artifact when two segments
110 of speech are overlapped to reduce/increase the size of the speech residual 30, A
useful rule to determine if pitch periods should be overlap-added is if the pitch delays of
the two are similar (as an example, if the pitch delays differ by less than 15 samples,
which corresponds to about 1.8 msec).

[0065] FIG. 7C shows how overlap-add is used to compress the residual 30. The first
step of the overlap/add method is to segment the input sample sequence s[n] 10 into its
pitch periods as explained above. In FIG. 7A, the original speech signal 10 including 4
pitch periods 100 (PPs) is shown. The next step includes removing pitch periods 100 of
the signal 10 shown in FIG. 7A and replacing these pitch periods 100 with a merged
pitch period 100. For example in FIG. 7C, pitch periods PP2 and PP3 are removed and
then replaced with one pitch period 100 in which PP2 and PP3 are overlap-added. More
specifically, in FIG. 7C, pitch periods 100 PP2 and PP3 are overlap-added such that the
second pitch period’s 100 (PP2) contribution goes on decreasing and that of PP3 is

increasing. The add-overlap method produces one speech segment 110 from two



[ 0061] As stated above, when the speech segnent 110 is PPP, the
smal | est unit that can be added or deleted fromthe signal is a pitch
period 100. Before the signal 10 can be decoded (and the residual 30
reconstructed) fromthe prototype pitch period 100, the decoder 206
interpolates the signal 10 fromthe previous prototype pitch period
100 (which is stored) to the prototype pitch period .100 in the
current frame 20, adding the m ssing pilZch periods 100 in the
process. This process is depicted in FIG 5. Such interpolation |ends
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interpolated pitch periods 100, This will lead to corrpressed or

expanded r eSiedilited ssigleal SThspisaRivgtFated i@ eayatipns entand ) s hovadn IHIG 8.
synt hesi s. wher is
CELP. [ 006 FRHRILUR0 O hroFRe or, o El@ﬁlon ot he‘ig‘gﬁgﬁtﬁ“ﬁgp ke %%%d
the small esMmlwon)hampb@ﬁst@z@wd@ao)@mdﬂ@ll@tt BEM veowplet i Searenia(lils a

pi tch ésj;d 100g ﬂ%rf?)%ﬂ%? B%gm luétfépé D5t P %%@%P?%%EFGSI Aﬁﬂa%ﬂlg%s

not as i ghtforward as o warp th
t he decoder Th® ersﬁisle pizprobesdbt ayrcdi8al quatitr ofert mgmﬂ 20 titmi qmﬁd:rassadtwethls

encoded frane 2 Thi e 1 actu c | a

T80 at t he- Sieded; whelk SpREhED s§ Sty Rnchibe Dt el 10 PieC ot
a periodic frﬁﬂ&iﬂn@ﬁﬁ;adsﬂtesegm&ﬂhlﬂbﬂaagho%@nﬁm/7E§a slightly changl ng

The pit el ays 180 at, any point i ama c be .est ted.b

Tt e paBbiot o 2o eses i e BRKT retd, [ et B ey b R GEe By

f ra§6206ang:1&wtw@1tm nedirdlm‘ of tieeq ﬁat]ll‘lé@ﬂi. IﬁrttagrEaszpbet?éhmrglﬁg sh9wa
in ) ce pitc t a oin e fr

known, the Arhiesd o al awu aiﬁafe PR gt W%"Hf &85%{5&6%’ p- ﬁfﬁ@gaﬁem
boundar| €s %e@kﬂaﬁ&bdﬁ&fﬂpﬁ&ﬂ&d%&@d&lﬁ 11668 &t Bir tHSLIPO sfigsR] t ch del ays

180 at various EOI nts in the frame 20. 11 [0063]FI G 6A shows an
exanpl e of XPANioe the frame 20 into its pitch periods 100. For

i nst ancggggpanpl eArk"&Fp@% {Baas e)@pagﬁﬁggbegﬁi Yo dBPuRBHALD étlgonsoof tl]ge same

apprOX|nater 70 and e nunb has a pltch delay 18
appr oxi mat eIPFM’ sampiesu Howaver, pepcatinggae basepsPAMGamples mosnihem Apdeecan giepier s

[1-70] and 4 C e
frame 20 haéfebeen Eﬁ?ﬂc éﬂgﬁgnt%c%lzstl%rﬁég%}cf g’%ﬁy %gcwéﬁé h[a9191§s L%] S?Fflgcgds
100 can t hemayeovmﬂ@rﬂlh‘bolmﬁd@d Ir ordentorpecsset sicregsbtyt the aéal-zecrhp nteth@d

r esi dual ? 7B through 7F. In overlap and add synthesis,
the nodifi egln i gna | s obt ai ned by excising segnments 110 fromthe

i nput soerdhl 10, FICéﬁB%bwahnanuatdpeMaignalgotchzebé expendedivsing kg overlap-add

performng a t.ed ove addl uc e S Si ze
si gnal 150. r’EI“:’ Oggogt efch?’i’ﬁ tlcinhe slg[girré tarﬁ%it%(ﬁ‘ﬁf @%ﬁ?a?erégﬂﬁﬁfﬁm
peri od 100. fibhepinkeetia- 1@0@?%&@932 ts@ﬁﬂc&tzaﬁ tﬁe/ualddioﬁﬁl@itempezﬁdael@()r@tch

150 o1 peceft-oketfiRg B FEbebcRere it i Bk e hp PPl

much speech 1quabitidution gpesSE Mcfeesifit SEMM JTPPIASBCRagHAl RO/ m@ another

m nimzing introducti on g rtifacts into the speech Ts acconpli shed
by carefull F@éﬁ @%Fﬁ@’%@%@é@q@?ﬁ eingigyeilap dihe. (Artifacts are

unwant ed Itm&@i@g@fmsxdamggaﬂvﬁe&m@@ch%e%&khmagﬁ the speech
segrrents 110 1s based on segnment "simlarit e closer the

'simi | dPYY of FedVEJewetrhsegpumy dherrepdes %O%ﬁee[rpq wEormakQn asivel as
speech qual igeygadadot mﬁexleﬁmsdnstéf@hdogp@&abgegméﬁ 196, t(ﬂg &Bﬂﬂ&hé&&y@o SREREN

artifact when two segnents 110 of eech are overl apped
reduce/ i ncr éasetheniriognationgince ke spesel isrveryasisgdike immatura, EIS@TﬁLﬂthdﬂI@nt,o

det er i ne Ifme% xﬁ%@s{cb@éaapgs@@ws@@m %@ng%ﬁ]éﬁ;ﬂpg E*}grr{% drGBo

del ays of the two are sim as an exa
. differ by | éxeplesvany b6 repmsphted Y\/lﬁlmmd@@@ﬁ@s\pbmtsamcfoab@htlﬁlsa&pm@é)

[ 0065] FI G Z&e&p% J@:Qéﬁep Y& ée%gra?eg‘?h rﬁsﬂﬁﬂagg&a@ 3§ %g%gﬁc%a ntgqgn ogls'\!ra u%saI

and then applymg the respective gains on them. In this case, there may not be a concept




12 different speech segnents 110. In one enbodi nent, the add-overlap
I's perfornmed using weighted sanples. This is illustrated in equations
a) and b) as shown in FIG 8. Wighting is used to provide a snooth
transition between the first PCM (Pul se Coded Mdul ation) sanpl e of
Segnent!| (110) and the |l ast PCM sanple of Segnment2 (110). [0066]

FIG 7D is another graphic illustration of PP2 and PP3 being

over| ap-added. The cross fade inproves Bhe perceived quality of a
signal 10 tine conpressed by this nethod when conpared to sinply
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110 (as shownﬁi n FlG 7E). [0067] I ne}gpases when the pitch period 100

i s changi ng granklaritiesie il BftPdriBfhod may merge two pitch periods 110
of une | engt L SarkP&Coompflst 8 NETR Giithi Y decodee DiEy@eraky

al i gni ﬂ[gwtlke peaEhsogg?r %Ohmgﬁtv\o It ﬁésperi ods %%0 bef or e overl%p-raaddiang
them The elpgerdedinalpmysded of seduarmi (118) theenl e ferankinguerh vhaihen e

synt hesi s. ' i rml r i _
DYCLD S SHARER Y R O ety B RGeSy onp o al i
However, repedid smpridsetosgeneraPCl spapled or vompressed nesithiab 3¢.arbinvecthese 10

areas with pjtch.fl.atne [ | S. ' i C

humans (e. g.d,ecos%qggg%lﬁs ﬁ?&i“’gg‘%\@&ﬁ I&}'f %nlg?ﬁl ?é)dbéo [ getS) tﬁéﬁ%nak%?%:a&’gr?%de%rr%%yetrove
speech qual ithyexpaldedadapeeed sapplee faddusagthdiis meydet. usfd 6P :se EBins.
shows how thjs speech signal 10 can, be expanded using the overl ap-add
met hod of t :Eé’ ﬁ@?@ﬁ?@‘r“ig‘g"ﬁf‘? %‘?’?‘?r%qeﬁbgf’& 7E, an additional pitch
period {pOfkcreat gukhé noMbdiof sdingesrto del gerkBfedRPlesaithan PR thea alldOeglins heed
the additional pitch, period 100 itc i ods 100, ,PP2 .a PP1 ar
over | ap- addeWt Egéﬂ???ﬁlra%c’”c Wga’?@r}gﬂ% ’BP’E’E’EO (W@st’ Fe 4&0@"@%%0‘331“3 may be
contributi onpgR&S 1AMhitl @G-8 iHRdirandintib appliefll (A2 firg 16RempRs isagpled!-Gs,
7F is another graphic,illustration of PP2 alnd PP3 b(flg g overJ a ]
added. Ti me-hREsHPRY SR b REPIRASP ditarex5ily SAPPiih SATPIRE 3 ot He i s

HELP: [ 007QLf8es Fﬁgg&%@ﬁ h66,.e88E HeS10M ben R 06 @ppIRAGRGIE ShirhndePRor

information as™we . . _
instance, if the number of samples is 192, the 10™ gain can be applied to samples 145-

160, 161-176, and 177-192. .

[0073] Alternately, the samples can be divided into 10 sets of equal number, each set
having an equai number of samples, and the 10 gains can be applied to the 10 sets. For
instance, if the? number of samples is 140, the 10 gains can be applied to sets of 14
samples each. In this instance, the first gain is applied to the first 14 samples, samples
1-14, the second gain is applied to the next 14 samples, samples 15-28, etc.

[0074] If the number of samples is not perfectly divisible by 10, then the 10% gain can
be applied to the remainder samples obtained after dividing by 10, For instance, if the
number of samples is 145, the 10 gains can be applied to scts of 14 samples each.
Additionally, the 10 gain is applied to samples 141-145.

[0075] After time-warping, the expanded/compressed residual 30 is sent through the
LPC synthesis when using any of the above recited encoding methods.

[6D76] Those of skill in the art would understand that information and signals may be
represented using any of a varety of different technologies and techniques, For
example, data, instructions, commands, information, signals, bits, symbols, and chips
that may be réfexcnced throughout the above description may be represented by
voltages, currents, electromagnetic waves, magnetic fields or particles, optical fields or

particles, or any combination thereof. .



the gains for different parts of the speech segnment 110. It is not
necessary to encode any other information since the speech is very
noi se-like in nature. In one enbodi nent, the gains are encoded in
sets of 16 PCM sanpl es. Thus, for exanple, a frame of 160 sanpl es may
be represented by 10 encoded gain val ues, one for each 16 sanpl es of
speech. The decoder 206 generates the residual signal 30 by
generating random val ues and then appl yé¢ng the respective gains on
them In this case, there may not be a concept 13 of pitch period
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[ 0075] After tinme-warping, the ex andeg“/*;o ressed residual: 30 is sent

t hrough t he PPEIEy NAHBSFSSHNBAY FSPRY EpRepigdhes 3 inagien (ob fomputing
encodi ng nmetodss, e.g., a combination of a DSP and a microprocessor, a plurality of

INiCEOProcessors, one or more microprocessors in conjunction with a DSP core, or any
other such configuration.

[6079} The steps of a method or algorithm described in connection with the
embodiments disclosed herein may be embodied direcily in hardware, in a software
module executed by a processor, or in a combination of the two. A software module
may reside in Random Access Memory {RAM), flash memory, Read Only Memory
(ROM), Electrically Programmable ROM (EPROM), Electrically Erasable
Programmable ROM (EEPROM), registers, hard disk, a removable disk, a CD-ROM, or
any other form of storage medium known in the art. An illustrative storage medium is
coupled to the processor such the processor can read information from, and wite
information to, the storage medium. In the alternative, the storage medium may be

integral to the processor. The processor and the storage medium may reside in an



[00761Those of skill in the art would understand that information and
signals may be represented using any of a variety of different
technol ogi es and techni ques. For exanple, data, instructions,
commands, information, signals, bits, synmbols, and chips that may be
referenced t hroughout the above description nay be represented by

vol tages, currents, electromagnetic waves, nmagnetic fields or
particles, optical fields or particles, or any conbination thereof.
14 [0077] Those of skill would further appreciate that the various
illustrative |ogical blocks, nodules, circuits, and al gorithm steps
described | nASHNIBGIASIC rtdylBsiid .0RBQSRN! &  SRkAEGH Bl B E

i npl enent ed as el ec %ronlc har dwar e, conputer software

combi nat i ons>'8REHYE “mWyéF%%QSFWSFW@@@tSﬂhﬁgsﬁrmr@nmhangeabl lity
of hardware amb:&@édsmé&mpuuﬁbftﬁy&séﬂ)ée&?é&ﬁ@éu&a& s SUPRAAAY Sabs OCk§
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ways for ea t_such | | epent ati on

deci si ons sﬁ%ﬁ %%%&%% g#%%@%egﬂ%§qu%§FWﬁn NHER AP REnsdmbe he
scope of t helilplt@lste tie ennbmémemmrshm[z@ﬁb?ah binels soctieia0ttddd thareridedtsbogR

| ogi cal bl ocks nd C|r Ult descr.ibed jn connection with

t he enbodi rrent g %%{hﬁ@% rﬁ:(g’l‘leésaﬂ g’émf‘ﬁsrﬂ?sélr?\‘-ﬁﬁ}tl@@%r performed with
a generﬁm&burposéWﬂEﬂtEb@bAﬂwmmiﬁgltaI Si gnal Processor (DSP), an
Application Specific Integrated Circuit (ASIC), a Field Programuable
Gate Array (bPGA) or other programmable |ogic device, discrete gate
or transistor logic, discrete hardware conponents, or any conbi nation
t hereof designed to performthe functions described herein. A general
pur pose processor nmay be a mcroprocessor, but.in the alternative,
the processor may be any conventional processor, controller,

m crocontroller, or state machi ne. A processor may al so be

i npl enented as a conbi nati on of conputing devices, e.g., a

conmbi nation of a DSP and a m croprocessor, a plurality of

m Ccroprocessors, one or nore mcroprocessors in conjunction with a
DSP core, or any other such configuration. [00791The steps of a

nmet hod or al gorithm described in connection with the enbodi nents

di scl osed herein may be enbodied directly in hardware, in a software
nodul e executed by a processor, or in a conbination of the two. A
software nodul e may reside in Random Access Menory (RAM, flash
menory, Read Only Menory (ROM), Electrically Programmabl e ROV
(EPROM), Electrically Erasabl e Programuabl e ROM (EFPROV), registers,
hard di sk, a renovable disk, a CO-ROM or any other form of storage
medi um known in the art. An illustrative storage nediumis coupled to
t he processor such the processor can read information from and wite
information to, the storage nedium In the alternative, the storage
medi um may be integral to the processor. The processor and the
storage nediummay reside in an 15 ASIC. The ASIC may reside in a
user terminal. In the alternative, the processor and the storage
medi um may reside as discrete conponents in a user term nal



The previous description of the disclosed enbodinents is provided to
enabl e any person skilled in the art to nmake or use the present

I nvention. Various nodifications to these enbodinents will be readily
apparent to those skilled in the art, and the generic principles
defined herein may be applied to otherg enbodi nents w thout departing
fromthe spirit or scope of the invention. Thus, the present

i nvention is not intended to be limted to the enbodi nents shown
herein but is to be accorded the w dest scope consistent with the
principles and novel features disclosed herein. [0080] WHAT | S CLAI MED
IS: 16 CLAIMS 1. A met hod conmuni €iAIMSsSpeech, conpri sing:

recei ving a residual speech signal, wherein the residual speech
signal is based on speech segnments that were encoded using prototype
pitch period (PPP), code-excited |inear prediction (CELP),

??irr:e\-/v:)r(gtlnggamgﬁﬁgggpgga@ k‘-‘%ﬂr’éﬁ it fézﬁiﬁgdﬁggech si gnal

by addi ngrecesvmg Imﬂudl%?e 5113 twhfeli%me%h@l@bs?ﬁaﬁqh

segnent, wherein ogne .of fe ent tine- ng net hods
e sel cot od HRSEaThFigethds RS éE%hSB@G SegRleAt dhaly avee
prot ot ype gléﬁbd%doﬁ;uﬁgd TE% Eﬁ " pRSGEC (P te]i;én% pe¥glt ed
prediciio ne co N segnent
was encoded Qﬁfﬁgl 1Cl RN Ind et dtse-eoepl @RY PFgti ng
sty 2 @tnﬁgfm@mofﬁ%e. diflgy, im0 Lpe,res vl
peri ods atHIRtwWarpmgd wgsighmt speechy segmedrti ans thei residualhe
speech signal by adding or subtracting at least one
sample to the residual speech segment, wherein one of a
plurality of different time-warping methods is selected
based on whether the speech segment was encoded using
prototype pitch period, code-excited linear prediction,
noise-excited linear prediction or ¥4 frame coding,
wherein if the speech segment was encoded using CELP,
the time warping method comprises:
estimating pitch delays in the residual speech signal;
dividing the residual speech signal into pitch periods,
wherein boundaries of said pitch periods are deter-
mined using pitch delays at various points in the
residual speech signal;
overlapping said pitch periods if said residual speech
signal is decreased;
adding said pitch periods if said residual speech signal is

increased; and



resi dual speech signal; overlapping said pitch periods if said

resi dual speech signal is decreased; adding said pitch periods if
sai d residual speech signal is increased; and 17 generating a

synt hesi zed speech signal based on said timnme-warped residual speech
si gnal . 2. The nethod of comruni catt ng speech according to claim
1, further conprising the steps of classifying speech franes;
encodi ng the frames, conprising: sending said speech signal through a
| inear predictive coding filter, whereby short-termcorrelations in
sai d speech signal are filtered out; and outputting |linear predictive
codi ng coefficients and the residual signal. 3. The met hod of

communi cat i ngzEpeEatin: gydlth@smedlsepeeéh sihandibnsed dressRr] time-

cl assi fying speech fr rlses I Zi ng speech franmes as
peri odi c, sllghﬁﬁy¥ﬁgfrﬁﬁﬁ§u% Llng on whet her the franes
represents v@ c8heunyeilnsd of é{)@ﬂﬁmﬂicéﬁﬁ@ﬁfs eecl- a&B@rﬂﬁ&g
according t clainkﬁrﬂﬁgeaeln ?%h%ls%ﬁ te S marplng conprises the
steps of: ¢laum I comp g the step

classifying speech frames;

encoding the frames, comprising;:

sending said speech signal through a linear predictive
coding filter, whereby short-term correlations in said
speech signal are filtered out; and

outputting linear predictive coding coefficients and the
residual signal.

3. The method of communicating speech according to
claim 2, wherein said step of classifying speech frames com-
prises categorizing speech frames as periodic, slightly peri-
odic or noisy depending on whether the frames represents
voiced, unvoiced or transient speech.

4. The method according to claim 1, wherein said step of
time-warping comprises the steps of:

interpolating at least one pitch period; and

wherein said adding or subtracting comprises:

adding said at least one pitch period when expanding
said residual speech signal; and

subtracting said at least one pitch period when com-
pressing said residual speech signal.

5. The method according to claim 2, wherein if the encod-
ing uses noise-excited linear prediction encoding, said step of
encoding further comprises encoding linear predictive coding
information as gains of different parts of a speech segment.



i nterpolating at | east one pitch period; and wherein said addi ng or
subtracting conprises: adding said at |east one pitch period when
expandi ng sai d residual speech signal; and subtracting said at |east
one pitch period when conpressing said residual speech signal. 5.
The met hod according to claim2, wherBn if the encodi ng uses

noi se-excited |inear prediction encoding, said step of encoding
further conprises encoding |inear predictive coding information as

gai ns of diffGerEhe pactho facar:(sp(é toegham. 1, Wherélnmdnmegp

per L ods 1 5%9?1)5‘@&%@@”53@5%@&55‘%?%%@ B ShicP NP RIERIG AR BAs

segrent i ngdecreaped senpbeisssquence into bl ocks of sanples; renovi ng

said r tefmﬁfeds%%ﬂ&ﬁﬁiﬂﬁaﬁﬁ APl S b Seh bR SlogRh O

mer ged segnentf%ﬂﬂ@)E%@e met hod according to claim1, wherein said

b ten del ay. E?%%Z%Eg §$%§ff"?§¥§ ST Bl AL RERR ! SR R e
merging said removed segments; and

replacing said removed segments with a merged segment.

7. The method according to claim 1, wherein said step of
estimating pitch delay comprises interpolating between a
pitch delay of an end of a last frame and an end of a current
frame.

8. The method according to claim 1, wherein said step of
adding said pitch periods comprises merging speech seg-
ments.

9. The method according to claim 1, wherein said step of
adding said pitch periods if said residual speech signal is
increased comprises adding an additional pitch period created
from a first pitch segment and a second pitch period segment.

10. The method according to claim 5, wherein said gains
are encoded for sets of speech samples.

11. The method according to claim 6, wherein said step of
merging said removed segments comprises increasing a first
pitch period segment’s contribution and decreasing a second
pitch period segment’s contribution.

12. The method according to claim 8, further comprising
the step of selecting similar speech segments, wherein said
similar speech segments are merged.

13. The method according to claim 8, further comprising
the step of correlating speech segments, whereby similar
speech segments are selected.



8. The method according to claim 1, wherein said step of adding said
pitch periods conprises nerging speech segnents. 9. The net hod
according to claiml1l, wherein said step of adding said pitch periods
i f said residual speech signal is increased conprises adding an
additional pitch period created fromgsfirst pitch segnent and a
second pitch period segnment. 10. The method according to claimb5,
wherein said gains are encoded for sets of speech sanples. 11. The

met hod accor didglhe nethod actwrding $@|Gi£1$n'139 ov heregn saidatep of
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speech S|gnatpumb6®ﬁl t&Mﬂ tesi dual speech signal is based on speech
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predi ction (NEthe mmdmaﬂr@mecd@mggalambased on speech segments
that were encoded using prototype pitch period (PPP),
code-excited linear prediction (CELP), noise-excited
linear prediction (NELP) or % frame coding; and

wherein the decoder comprises a synthesizer having at

least one input operably connected to said at least one
output of said encoder and at least one output operably
connected to said at least one output of the vocoder, and
a memory, wherein the decoder is adapted to execute
software instructions stored in said memory comprising
time-warping a residual speech segment in the residual
speech signal by adding or subtracting at least one
sample to the residual speech segment, wherein one of a
plurality of different time-warping methods is selected
based on whether the speech segment was encoded using
prototype pitch period, code-excited linear prediction,
noise-excited linear prediction or ¥ frame coding,



wherein the decoder conprises a synthesizer having at | east one input
operably connected to said at | east one output of said encoder and at
| east one out put operably connected to said at | east one output of

t he vocoder, and a nenory, wherein the decoder is adapted to execute
software instructions stored in said Menory conprising tinme-warping a
resi dual speech segnent in the residual speech signal by adding or
subtracting at |east, one sanple to the residual speech segment,

wherei n one wh%qmutﬁtheﬁpﬁe@hm@mm Wias mmdgdnﬁsmgSCESLP
sel ected basedﬁﬁe ﬂ\ﬁfé %égéﬁ?% eeteﬁg)(f . encoded usi ng
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itch i od
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g:ehdrgg Zpgech §K§ :Spﬁ@ﬁbéﬁgﬁhﬂand addi ng sa;d pitch perlods hf
i i du i
to claim17, furt%e fgl ?s?% Zf&qggirs ig%;flkl&%gm? W °
havi ng at | east éﬁgﬁ.rﬂﬁ eseeaﬁea. ected to the i nput of the
vocoder and at g @éaﬁigg@tagpeﬁ@p@l@s'aaa@esa SPRACRsEInalive

coding filter mhlc ter out s ort- ermco
in a speech signdBCTEAGEEUt put | i near predlctlve codi ng coefficients

and the res'dﬂsaTlgé gerdoder é&co‘f@ﬁn éﬁil sai gﬁﬁhél‘g?e(‘r}hf}gﬂsﬁgt ed

wher ei n sai enco er conpri ses: co
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encodi ng. least one output, said filter is a linear predictive coding
filter which is adapted to:

filter out short-term correlations in a speech signal; and

output linear predictive coding coefficients and the residual
signal.

19. The vocoder according to claim 18, wherein said

encoder comprises:

a memory and said encoder is adapted to execute software
instructions stored in said memory comprising encoding
said speech segments using code-excited linear predic-
tion encoding,.

20. The vocoder according to claim 18, wherein said

encoder comprises:

a memory and said encoder is adapted to execute software
instructions stored in said memory comprising encoding
said speech segments using noise-excited linear predic-
tion encoding.



20. The vocoder according to claim 18, wherein said encoder

conprises: a nenory and said encoder is adapted to execute software

I nstructions stored in said nmenory conprising encodi ng said speech
segnents usi ng noi se-excited linear prediction encoding. 21 21.
The vocoder according to claim17, wherein said tine-warping software
I nstruction conprises: interpolating at |east one pitch period; and
wherein said adding or subtracting conprises: adding said at |east

one pitch pélod benexdendiotnrshin tesildunt 1sheedierciansaid thre-

esi dusl SEREOIg phiPate ?ﬁétﬂ%éﬁ%ﬁ@%ﬁﬂrﬁ‘@%r C°H‘“fislﬂ”3. m 20,
bredi ot 22‘ doepo Iﬁg% Pt g e el
Br edictive c %@&n?& @i?fgﬁ ?%qﬁﬁgégiﬁﬁrﬁts gf a speech

segnent.  23addiag seedeat dea«stotu otch ppemvd
decr oaged Tnatr ﬂﬁlmﬁ}@?@%@g $ﬁg§§ ot a'saﬁ{oﬁga'sequence
into blocks of subipheting esaid ud leapteanre ghitehi peorestdwahesi goah-at
regular tinme intgyalsing said residual speech signal.

22. The vocoder according to claim 20, wherein said
encoding said speech segments using noise-excited linear
prediction encoding software instruction comprises encoding
linear predictive coding information as gains of different
parts of a speech segment.

23. The vocoder according to claim 17, wherein said over-
lapping said pitch periods if said speech residual signal is
decreased instruction comprises:

segmenting an input sample sequence into blocks of

samples;

removing segments of said residual signal at regular time

intervals;

merging said removed segments; and

replacing said removed segments with a merged segment.

24. The vocoder according to claim 17, wherein said esti-
mating pitch delay instruction comprises interpolating
between a pitch delay of an end of a last frame and an end of
a current frame.

25. The vocoder according to claim 17, wherein said add-
ing said pitch periods instruction comprises merging speech
segments.



mergi ng said renoved segnents; and replacing said renoved segnents
with a nerged segnent. 24. The vocoder according to claim 17,
wherein said estimating pitch delay instruction conprises

i nterpol ati ng between a pitch delay of an end of a |last frame and an

end of a current frane. 25. The voxboder according to claim 17,
wherein said adding said pitch periods instruction conprises nerging
speech segnents. 22 26. The vocoder according to claim17,
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30. The vocoder to claim 25, wherein said time-warping
mstruction further comprises correlating speech segments,
whereby similar speech segments are selected.

31. The vocoder according to claim 26, wherein said add-
ing an additional pitch period created from a first pitch seg-
ment and a second pitch period segment instruction com-
prises adding said first and said second pitch segments such
that said first pitch period segment’s contribution increases
and said second pitch period segment’s contribution
decreases.

32. The vocoder according to claim 27, wherein said time-
warping instruction further comprises generating a residual
speech signal by generating random values and then applying
said gains to said random values.

33. The vocoder according to claim 27, wherein said time-
warping instruction further comprises representing said lin-
ear predictive coding information as 10 encoded gain values,
wherein each encoded gain value represents 16 samples of
speech.



33. The vocoder according to claim 27, wherein said tinme-warping

I nstruction further conprises representing said |inear predictive
coding informati on as 10 encoded gai n val ues, wherein each encoded
gain value represents 16 sanpl es of speech. 23 34. A vocoder
conprising: neans for receiving a restdual speech signal, wherein the
resi dual speech signal is based on speech segnents that were encoded
using prototype pitch period (PPP), code-excited |inear prediction
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i s decreased; Onesample eres1dual speec segment wherein one
of a plurahty of different time-warping methods is
selected based on whether the speech segment was
encoded using prototype pitch period, code-excited lin-
ear prediction, noise-excited linear prediction or &
frame coding,
wherein if the speech segment was encoded using CELP,
the time warping method comprises:
estimating pitch delays in the residual speech signal,
dividing the residual speech signal into pitch periods,
wherein boundaries of said pitch periods are deter-
mined using pitch delays at various points in the
residual speech signal;
overlapping said pitch periods if said residval speech
signal is decreased,;
adding said pitch periods if said residual speech signal is
increased; and
means for generating a synthesized speech signal based on
said time-warped residual speech signal.



adding said pitch periods if said residual speech signal is

I ncreased; and neans for generating a synthesized speech signal based
on said tinme-warped residual speech signal. 24 35. A
non-transitory processor readabl e nmedium for comruni cating speech,
conprising instructions for: receiving*a residual speech signal,
wherein the residual speech S|gnal I s based on speech segnents t hat
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based on whether the speech segment was encoded using
prototype pitch period, code-excited linear prediction,
noise-excited linear prediction or ¥ frame coding,
wherein if the speech segment was encoded using CELP,
the time warping method comprises:
estimating pitch delays in the residual speech signal;
dividing the residual speech signal into pitch periods,
wherein boundaries of said pitch periods are deter-
mined using pitch delays at various points in the
residual speech signal,
overlapping said pitch periods if said residual speech
signal is decreased,;
adding said pitch periods if said residual speech signal is
increased; and
generating a synthesized speech signal based on said time-
warped residual speech signal.



