1 TIME WARPI NG FRAMES | NSI DE THE VOCODER BY MODI FYI NG THE RESI DUAL C ai m
of Priority under 35 U. S.C. 119 [0001] This application clains benefit of
U.S. Provisional Application No. 601660,824 entitled "Tine Warpi ng Franes
I nsi de the Vocoder by Modifying the Residual” filed March 11, 2005, the
entire disclosure of this application being considered part of the

di scl osure of this application and hereby incorporated by reference.
BACKGROUND Field [0002] The present inyention relates generally to a
nmethod to tinme-warp (expand or conpress) vocoder franes in the vocoder.

Ti me-war pi ng has a nunber of applications in packet-sw tched networks

be perforned ef chORS VR PE}QDVISJ Wg@%%ﬁ%“‘i@%@%@ﬁ%” ng it
e perfornmed ei ide ) , ~doing i
in Fhe vocoder offers a nuf¥h i YN A E -é; better quality of

war ped frames and reduced conputational |oad. The nethods presented in
this docunent.cap. be ., a i vocoder which uses simlar techniques
as referreo&laBnPEPF’HT‘EV‘B‘&{eéﬁgI}'gﬁg@@ati on to vocode voice data.
Backgrpomd [ 0008ks dfpacions®iiins bBYERE ©s GRBRALLRA A PlicARRAYAdoFs6and4 et hod
for tlne-marphg? spéech franmes by mani pul ating the speech signal. In one

enmbodi ment ,enfifled pFiamgeWerpingeFraows dnddeathp ¥ eepdar ysMadidying rihe Besiduadt fileidni t ed

to, Fourth rat i c 1S.C) QS odiments ¢ ri se
ot hods and paag e H GG el of HIE abU RIS R SRRHRLAS GERR,
segnent s. SliBAMARY of {130 Bplichtionvdnd\Wemby irfterpattadehy refegendescr i bed features of
the present invention generally relate to one or nore inproved systens,
nmet hods and/ or apparatuses for conmunicating speech. 2 [0005] In one

enbodi ment, the present inventiopgeRGROEND™t hod of

| 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 refetred to in this patent

application to vocode voice data.

Background

[0003] 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, Foutth 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.



communi cating speech conprising the steps of classifying speech segnents,
encodi ng the speech segnents using code excited |inear prediction, and
ti me-warping a residual speech signal to an expanded or conpressed
versi on of the residual speech signal. [0006] In another enbodi nent, the
met hod of communi cating speech further conprises sending the speech
signal through a linear predictive codipng filter, whereby short-term
correlations in the speech signal are filtered out, and outputting |inear
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speech signal, and subtracting the at least one pitch period when compressing the
residual 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.

[0010] 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.



excited linear prediction. 3 [0012] In another enbodi nent, the decoder
conprises a nenory and the decoder is adapted to execute instructions
stored in the nenory conprising tine-warping a residual signal to an
expanded or conpressed version of the residual signal. [0013] Further
scope of applicability of the present invention will becone apparent from
the followi ng detail ed description, clagns, and draw ngs. However, it
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Previous and Current Prototype Pitch Periods; [0023] FIG 6A depicts
determ ning Pitch Delays through Interpolation; [0024] FIG 613 depicts
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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;

[0024] FIG. 6B depicts identifying pitch periods;

[0025] FIG. 7A represents an original speech signal in the form of pitch periods;
[0026] FIG. 7B represents a speech signal expanded using overlap-add;

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

[0028] FIG. 7D represents how weighting is used to compress the residual signal;
[0029] FIG. 7E represents a speech signal compressed without using overlap-add;

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



(0028) FIG 7D represents how weighting is used to conpress the residual
signal; [0029] FIG 7E represents a speech signal conpressed w thout

usi ng overlap-add; [0030] FIG 7F represents how weighting is used to
expand the residual signal; and 4 [0031] FIG_ 8 contains two equations
used in the add-overlap nmethod. DETAI LED DESCRI PTI ON [ 0032] The word
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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 sqﬁared differences between the original speech signal and the estimated

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



noi se rather than a full bandw dth speech signal 10. The residual signal

30 is encoded by extracting a prototype period 100 froma current frane
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[0039] Typical vocoders produce frames 20 of 20 msec duration, including 160 samples
90 at the preferred 8 kHz 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 significant advantages when
sending voice data over packet-switched networks, which introduce 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” looking 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



[ 0040] Enbodi nents of the invention relate to an apparatus and nethod for
time- warping franes 20 inside the vocoder 70 by mani pul ati ng the speech
residual 30. In one enbodinment, the present nethod and apparatus is used
in 4GV. The disclosed enbodi nents conprise nmethods and apparat uses or
systens to expand/ conpress different types of 4GV speech segnents 110
encoded using Prototype Pitch Period §PPP), Code-Excited Linear
Prediction (CELP) or (Noise-Excited Linear Prediction (NELP) coding.
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comparable results.
The 4GV Vocoder Uses 4 Different Frame Types
[0045] The fourth generation vocoder (4GV) 70 used in one embodiment of the

invention provides attractive features for use over wireless networks. Some of these
features include the ability to trade-off quality vs. bit rate, more resilient vocoding in the
face of increased packet error rate (PER), better concealment of erasures, etc. The 4GV
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 éf four
different frame 20 types: Prototype Pitch Period Waveform Interpblation (PPPWI),
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



invention provides attractive features for use over w reless networks.
Sonme of these features include the ability to trade-off quality vs. bit
rate, nore resilient vocoding in the face of increased packet error rate
(PER), better conceal nent of erasures, etc. The 4GV vocoder 70 can use
any of four different encoders 204 and decoders 206. The different
encoders 204 and decoders 206 operate agcording to different coding
schenmes. Sonme encoders 204 are nore effective at coding portions of the
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Such speech_ is, characterized by different pitch periods 100 being simlar
to a "prot gt plecodsr cam use this PP to reconstruct other pitch periods 100 in the speech

segment 110.

[0049] ' A "Noise-Excited Linear Predictive" (NELP) encoder 204 is chosen to code
frames 20 classified as unvoiced speech. NELP coding operates effectively, in terms of
signal reproduction, where 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 unvoiced speech. The noise-like character of such speech segments 110
can be reconstpucted by generating random signals at the decoder 206 and applying
appropriate gains to them. NELP uses the simplest model for the coded speech, and
therefore achieves a lower bit rate.

[0050] 1/8" rate 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



(PPP). This PPP is the only voice information that the encoder 204 needs
to encode. The decoder can use this PPP to reconstruct other pitch
periods 100 in the speech segnment 110. [0049] A "Noise-Excited Linear
Predictive" (NELP) encoder 204 is chosen to code franes 20 classified as
unvoi ced speech. NELP codi ng operates effectively, in terns of signal
reproducti on, where the speech signal 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
(iltered pestnis-of ablachorebe 1S attiaoptyBtien hovireat” SEBaciy, whisd is

noi se-1i ke g ] ed by
Gener at  ng Fa g e o e e
gai ns to t hmresiishPsigeé 30 ihthes empleb tsimpttie kpdeific methodsotbed by feawaodingid
therefore achléedvef td% V\ﬁ b|t ate. [0050] 1/8thrate' frames are used to
encode si | ShfRod sglegied 1orAbe frarme Ghe - & the user is not talking. [00511 All

of theoebxyr VoCEHGEYASASHES aﬂ@;&@ﬁpl@@ﬁihébﬁ%’ﬁalssl@aéoﬁ sighal 10)iahd &1e rbd?&ilal
filtering procedure as shown in ter characterizin he speech

into one ofsiZnAl3Mafteg thedeftfy Plogk 8Pn& %b@%é??n#ﬁﬁ]%ﬁ regiguplsignahio ¢ 6LPgtﬁh a
l'i near pr egieﬁ&asvl%oql% Hﬂtlﬁ(!-tﬁf%ar; t'h*a bR mﬁ%g eegllg My Eﬂahas%%eag&x RO ther M

correlations 1n the speec iction. ‘out puts of this
bl ock are trbﬁadu,apﬁgmiél)faamlmmssdmdanmnméle"p@bmmad "10@ |0§mc| spgech sighath i s

basically the o I ch .sign t carrelations
removed frdWi'f tacc‘gattﬁ@ 'ihélg% gf@g glg%’ thiif)l & és‘} %(i}@\ﬁhléﬂ%(ﬁ)sgeéf%aqﬁs %{oﬁggﬁ
speci fi c nebfieldgoridgsed by the vocoding nethod selected for the frane 20.
[ 0052] FI 4A- 4B show an exanpl e of the original speech signal 10, and
t he remd%ﬂ%&@?ﬁ@%ﬁt er the LPC block 80. It can be seen that the
resi dugdssgi gnal ARQe8dH0Wove) thifdlwaip@ig é%ﬂfbelﬁéﬂ f&@@% sﬁhlo@@blwregmoﬁth@

original speech 10. It stands to reason resi dual signal

30 can be sesghisignalel®r While a n@nmrtqulqsé@clsdaanb@uﬁﬂd Epwéh@pj@émh 18954 A
| |
more accur ghal Y "Fat. Onmg)d&r olod UbiE lalk inﬁlﬂg‘cmn%g@? r%o}&th(mngﬂoa 1R 688641 NS

short-term corre
or subtraction of pitch penods 100 can be done in the decoder 206 after receiving the

residual signal 30, but before the signal 30 is synthesized. For speech data that is
encoded using either CELP or PPP (not NELP), the signal includes a number of pitch
periods 100. Thus, the smallest unit that can be added or deleted from the speech signal
10 is a pitch period 100 since any unit smaller than this will lead to a phase
discontinuity resulting in the introduction of a noticeable speech artifact. Thus, one step
in time-warping methods applied to CELP or PPP speech is estimation of the pitch
period 100. This pitch period 100 is already known to the decoder 206 for CELP/PPP
speech frames 20. In the case of both 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] ‘ Fufcﬁermore, 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.



[0053] As stated above, tine-warping can be used for expansion or
conpression of the speech signal 10. Wiile a number of methods nay be
used to achieve this, nost of these are based on adding or deleting pitch
periods 100 fromthe signal 10. The addition or subtraction of pitch
periods 100 can be done in the decoder 206 after receiving the residual
signal 30, but before the signal 30 is9synthesized. For speech data that
|snbencoded_ u5|hng elthgr CELP or PPP (not NELP), the signal includes a
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[0058] 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 of 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 v(i.e.,
before the synthesis of the residual signal 30) as opposed to post-decoder (i.e., after the
residual signal 30 is synthesized): (i) reduction of computational overhead (e.g., a

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



information 170 is maintained in the signal 10. [0057] If, on the other
hand, tinme-warping is done after the decoding the residual signal 30, the
LPC synt hesi s has al ready been perforned before tinme-warping. Thus, the
war pi ng procedure can change the LPC information 170 of the signal 10,
especially if the pitch period 100 prediction post-decodi ng has not been
very accurate. In one enbodinent, the;gteps performed by the time-warping
nmet hods di scl osed in the present appllcatlon are stored as instructions
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missing pitch periods 100 in the process. This process is depicted in FIG. 5. Such
interpolation lends itself rather easily to time-warping by producing less or more
interpolated pitch periods 100. This will lead to compressed or expanded residual
signals 30 which are then sent through the LPC synthesis.

Time-warping of Residual Signal when speech segment 110 is CELP:

[0062] As stated earlier, when the speech segment 110 is PPP, the smallest unit that can
be added or deleted from the signal is a pitch period 100. On the other hand, in the case
of CELP, warping is not as straightforward as for PPP. In order to warp the residual 30,
the decoder 206 uses pitch delay 180 information contained in the encoded frame 20.
This pitch delay 180 is actually the pitch delay 180 at the end of the frame 20. It should
be noted here that even in a periodic frame 20, the pitch delay 180 may be slightly
changing. The pitch delays 180 at any point in the frame can be estimated by
interpolating between the pitch 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.



ti me-warps the speech residual 30 inside PPP, CELP and NELP decoders. The
followng two steps are perfornmed in each decoder 206: (i) time-warping
the residual signal 30 to an expanded or conpressed version; and (ii)
sending the tinme-warped residual 30 through an LPC filter 80.
Furthernore, step (i) is perforned differently for PPP, CELP and NELP
speech segnents 110. The enbodi ments will be described bel ow.

Ti me-war pi ng of Residual Signal when the speech segment 110 is PPP: [0061]
As stated above, when the speech segnment 110 is PPP, the smallest unit
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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
quality 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



[0063] FIG 6A shows an exanple of howto divide the frame 20 into its
pitch periods 100. For instance, sanple nunber 70 has a pitch delay 180
equal to approximately 70 and sanple nunber 142 has a pitch delay 180 of
approximately 72. Thus, the pitch periods 100 are from sanpl e nunbers
[1-70] and from sanpl e nunbers [71-142]. See FIG 6B. [0064] Once the
frame 20 has been divided into pitch pepiods 100, these pitch periods 100
can then be overl ap-added to increasel decrease the size of the residual
30. See FIGS. 7B through 7F. . In overlap.an dd nthesis, .the nmodified
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[0069] FIG. 7B shows how this speech signal 10 can be expanded using the overlap-add
method of the present invention. In FIG. 7B, an additional pitch period 100 created
from pitch periods 100 PP1 and PP2 is added. In the additional pitch period 100, pitch
periods 100 PP2 and PP1 are overlap-added such that the second pitch (PP2) peﬂé)d’é
100 contribution goes on decreasing and that of PP1 is increasing. FIG. 7F is anoiher
graphic illustration of PP2 and PP3 being overlap added.

Time-warping of the Residual Signal when the speech seegment is NELP:

[0070] For NELP speech segments, the encoder encodes the LPC information as well as
the gains for different parts of the speech segment 110. It is not necessary to encode
any other information since the speech is very noise-like in nature. In one embodiment,
the gains are encoded in sets of 16 PCM samples. Thus, for example, a frame of 160
samples may be represented by 10 encoded gain values, one for each 16 samples of
speech. The decoder 206 generates the residual signal 30 by generating random values

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



specifically, in FIG 7C, pitch periods 100 PP2 and PP3 are overl ap-added
such that the second pitch period's 100 (PP2) contribution goes on
decreasing and that of PP3 is increasing. The add-overlap nmethod produces
one speech segment 110 fromtwo 12 different speech segments 110. In one
enbodi ment, the add-overlap is perfornmed using weighted sanples. This is
illustrated in equations a) and b) as ghown in FIG 8. Wighting is used
to provide a snooth transition between the first PCM (Pul se Coded
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si npl e apprdessdedtgaingxpaagond tehe eiginak1600sadplasyihesepire noegelied idoedlyad t he
same PCM sanpl es. wever, repeating the sa PCM sanpl es re than once
can create th%p:g)ggd«;d/_!fqmpﬁ?stsqfhsapﬁ)iqsngglgow{pfgﬁoggnag%ga%ﬁg?%@eﬂg $F vkt ect ed
by humans (g of tRRE BfthodSBY dSQYBEd Belb! "robotic"). In order to preserve
speech quality, the add-overl agémet hod may be used. [0069] FIG 7B shows

how t hi0878 peech Isthgmambgooicamp t‘ék?)%ﬁﬁ’é@é?_dd‘% i%@thﬁgé@)\;@i‘q %_ 1Q.gns #astthod of
(he resent, s BYGI LT BuEaS, 78 cuacho sy i sy oS ot o

frompitch perro I'n the aadditional prtch
peri od 100, appli¢c hin thrinsaee, 1106 fil¥PZaians afpitied & thedirsrlbagampiideshmpleshl-that t he

second pitc PP2 erjod’ 00 confributi.on go ecr easi ng t hat
of PPLis i %&%ng n El"@?ﬁ‘ﬂ:&% 8136{}?& Lé?am%l?sap?%’i“@sef ﬁpjsif £l ?%lrﬁ‘ﬁféfﬁpgz and
PP3 bei ng Os‘éﬁx?iealihr@%dﬂéi thahi 169, WednPihe 008 gaih earRes iagpladd Sognthlan whhes) Kdie s
eep ch segment is NELP: [0070] For NELP spegch segpents, the encg)iig_

encodes t heinstrge; #its Prrrbes of samples ¥s 1§32, the 107 gain can be applied to sample
160, 161-176, and 177-192.

[0073] Alternately, the samples can be divided into 10 sets of equal number, each set

having an equal 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 sets 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.

[0076] Those of skill in the art would understand that information and signals may be
represented using any of a variety of different technologies and techniques. For
example, data, instructions, commands, information, signals, bits, symbols, and chips
that may be referenced 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 segnent 110. It is not
necessary to encode any other information since the speech is very

noi se-li ke in nature. In one enbodi nent, the gains are encoded in sets of
16 PCM sanpl es. Thus, for exanple, a frame of 160 sanples nay be
represented by 10 encoded gai n val ues, one for each 16 sanples of speech.
The decoder 206 generates the residual 14ignal 30 by generating random

val ues and then applying the respective gains on them In this case,

t here not be,a copnc tch 0 :
expanép%ﬁ)conprgbgﬁhﬂ d s“ﬁgp ﬁ%@§7?@x5 ﬁgﬁﬁg % é?gﬁgﬁg%$%§&%#q%&§it h
peri od 1004)0kRE) 7 HodhiBs, OFigkits | @n@wﬁ@rstmmxﬁ&@ iNidobnetignewith thee
decoder 206 generates a |larger or smaller nber of segm nts 11026rthan

160, depengmbgdimentshdisdiesed thesin %@@énmpkmme 28 S5 OBiE pRFY mpu
conpr essed. sof-[\pgrelg %6&1%91%90&abﬁ%0 reﬂhﬁé‘ar@pﬁiuhﬁge thi} infechas: %e%ﬁ%y
ecoded

generate an expah conpresse rési dual” 30. Since these
gai ns cor r éapiwace trol $dfivane, i vgiio 111mﬁ@t13anmhment8he3@eksarﬁ@dn1@§, mpits,@ad

directly to anded/ c ressed.sanpl e used
Lo appl v Risoa e beEn BeseRhar VS REET A RoREor Bk SRRy Nap B8 . 75)

| T the nunigictiohalippligplenenttd gehatniedor softvess dbbﬁmls Jlfiﬁn ﬂhqurt&iular 10
gains need not be acﬁél led.: For instance, if t les is

T e iapmkoation A destaih ot Hpase of Hotatpial e Bl AR €8y o3
s appl i ed 01t ARGt fh'erd%Ecrﬁ)@d ?@r@bﬁ%ﬁﬂy ﬁﬁ%&l’ﬁg wayd Gor edch 9afRERRAApsiRktlor, S

applledtot e next sanpl es, sanpl es etc. Simlarly, if sanples

are nore tl’o@lhsth@lnPhh@ntatlhtedmwsgmqﬁd @%trbebﬁe@md BFHBRS2 fouBTEEn For
I nstance, g es is 192, the 10 h gain can be applied to
sanpl es 14§}fle ﬁaqugs f f?? 192. [0073] Alternately, the sanples

can bejoofigyi ded I’IfthVal'ibuS ellsstmtweqogd:al niplodkesr madabh :aedl cimaiska' dgscaihed qual
nunber of sa | es, ' e .ap

i nstance, iSPPRGFEOR éPeS?mggﬁ%%%gﬁc %%hgmem q& W?mﬁg Oﬁgmﬁgg?ged to

sets of 14 w1§ﬁﬁ'@eﬁ§raﬁﬁﬁlﬁose| ﬁroﬁ:ééhc% b N3 AMCSigndl rlﬁ“oédséd&rt(DM") Narl Apphgdtibed to
the first 14 sanples, sanple 4 the second gain Is afg)ﬁledtothe

next 14 sarfipeeific 1&192?’9‘19@5531%1'52651@': 2! lePCmeqamahlﬁh@aﬁu‘h%f
t fect] 1 I th
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components, or any combination thereof designed to perform the functions described

herein. A general purpose processor may be a microprocessor, but in the alternative, the
processor may be any conventional processor, controller, microcontroller, or state
machine. A processor may also be implemented as a combination‘ of computing
devices, e.g., a combination of a DSP and a microprocessor, a plurality of
microprocessors, one or More Mmicroprocessors in conjunction with a DSP core, or any
other such configuration.

[0079] The steps of a method or algorithm described in connection with the
embodiments disclosed herein may be embodied directly 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 write
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



nunber of sanples is 145, the 10 gains can be applied to sets of 14
sanpl es each. Additionally, the 10" gain is applied to sanples 141-145.
[ 0075] After time-warping, the expanded/ conpressed residual 30 is sent

t hrough the LPC synthesis when using any of the above recited encodi ng
met hods. [0076] Those of skill in the art would understand that
information and signals may be represented using any of a variety of

di fferent technol ogi es and techni ques. r exanple, data, instructions,
commands, information, signals, bits, synbols, and chips that may be

ref erenced u Lipti e represented b

vol t ages, c%??gn?@?ggFgggyg%%%ﬁggﬁggﬁggég?nﬁﬁg%@%?%nﬁgéﬁﬁE“H?“ﬁé%@ﬂ@ies,
optical fi ebtdmgemedivar iy tesile aodisearay compbicnatih@usértanggdl, 14 [00771 Those

of skill womgld further appreciat hat the various illustrative |ogical
bl ocks, rmdu}‘%%r_,e“ﬂl? %F?Igt?"na?%&wa‘ﬁ&i‘?ﬁé «Himps isyeyifleskig enable amrrectonon
W th the esibe iAed Gt ©iAske@? sk 16 pRkdht (R¥ntRf, | f JOgﬁghﬁga@s% &x%é[er oni¢c

hardwar e, conputer software, or conbinations o early
i |l ustrate PRPedimentswilhbnpadity aipesentto thase skilled in thmatt,sof thesgeaeriovar i ous

illustrativgy Lrcui.ts, an sfeps have been
descri bed abov geng?%fvvg¢g&#§Fﬁ%B%#h§%nge ﬁ%%??@ﬁ&@gPVi PHEPMS ych
functi onal i thy spisit pmsbpmefithethvasticna Miwg tie eesefihtoMios iCRpeRsal-dROR: t he
particul ar ;; i cation and desi constraints inposed on the overal
system SKi lluﬁ’g%d tg& "T%Ig%%“%ﬁﬁfifs 5?%81%%% “%'é’rlt?&eqrii%faem%t scop@al ity in
\éar yi ng Wayﬁ)n‘éil@nentsﬂiﬂ:lhthﬁ%hbipléls ahd ﬁcﬁi@i feﬁt@iés@ﬁclosé&%ere‘ih’.cr} i rm:c'em?nt a}} ion

eci Si shou Ot nterpreted as causing a departure from the scope
of theﬁ@g@sent ?WS*;%T ?gdm[]b’ﬁ@]ls’rhe various illustrative |ogical blocks,
nmodul es, and circuits described in connection with the enbodi nents

di scl osed herein may be i nplenented or perfornmed wth a general purpose
processor, a Digital Signal Processor (DSP), an Application Specific
Integrated Grcuit (ASIC), a Field Programmable Gate Array (FPGA) or other
programmabl e | ogi ¢ device, discrete gate or transistor logic, discrete

har dware conponents, or any conbi nation thereof designed to performthe
functions described herein. A general purpose processor may be a

m croprocessor, but in the alternative, the processor nmay be any
conventional processor, controller, mcrocontroller, or state




machi ne. A processor may al so be inplenented as a conbi nati on of conputing
devices, e.g., a conbination of a DSP and a m croprocessor, a plurality of
m Ccroprocessors, one Oor nbre m croprocessors in conjunction with a DSP
core, or any other such configuration. [0079] The steps of a method or

al gorithm described in connection with the enbodinents disclosed herein
may be enbodied directly in hardware, i a software nodul e executed by a
processor, or in a conbination of the two. A software nodule nay reside

i n Random Access Menory (RAM, flash nmenory, Read Only Menory (ROM,
Electrically Programmable ROM (EPROM), Electrically Erasable Progranmabl e
ROM (EEPROV), registers, hard disiCLAMS$novabl e disk, a CO-ROM or any

ot her form of storage medi um known in the art. An illustrative storage
mediumis coupled to the processor such the processor can read
information from and wite information to, the storage nmedium In the
alternative, the storage nediummy be integral to the processor. The
processor and t Aenethot cogemwscitingispasgh,icemipdsingn an 15 ASIC. The ASI C may

Tor age medi um Y PRURGe reifigl SR MERIT b Erpebft LCRERASIL MIRLRE

previ ous desarésplunispeath sighel;dhécl osed enbodi ments is provided to enable
any person skilled in the art to nake or use the present invention.
Various modifi cHmlssRmesadimesvapstEsidiaspechisigiabe readily apparent to
those skilled in the art, and the generic principles defined herein my
be applied to other enbodi ments w thout departing from the spirit or
scope of tRe i nVenmedhad compamnicaties q@p@c@eaﬁt:ormgéwi%m 1; Burier comprisigdle t o be
limted toheenmbodi ments shown herein but is to be accorded the w dest
scope consistent with the principles and novel features disclosed herein.
[ 00801 WHAT | S Clhassifyiad spésch §€gmebispbtS 1. A nmet hod communi cati ng speech,

conprising: tine-warping a residual speech signal to an expanded or
conpr essed verspgﬁﬁwgsmggpﬁmﬁé?ﬁﬁﬁ ! speech signal; and
3. The method of communicating speech according to claim 2, wherein said step of
encoding speech segments comprises using prototype pitch period, code-excited linear

prediction, noise-excited linear prediction or 1/8 frame coding.

4. The method of communicating speech according to claim 2, further comprising
the steps of:

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 a residual signal.

5. The method of communicating speech according to claim 2, wherein said step of
classifying speech segments comprises categorizing speech frames as periodic, slightly
periodic or noisy depending on whether the frames represents voiced, unvoiced or

transient speech.

6. The method of communicating speech according to claim 2, wherein said

encoding is code-excited linear prediction encoding.



synt hesi zing said tine-warped residual speech signal. 2. The nethod
communi cati ng speech according to claiml1, further conprising the steps
of : classifying speech segnents; and encoding said speech segnents. 3.
The net hod of communi cating speech according to claim2, wherein said step
of encodi ng speech segnents conprises using prototype pitch period,
code-excited linear prediction, noise-pxcited linear prediction or 1/8
frame coding. 4. The nethod of comruni cating speech according to claim 2,
further conprising the steps of. sending said speech sjignal through a

li near pr eg?-cti vrghecglﬂm‘?& #5 P?@?‘Pn’\ﬁﬁé}‘c’e&?e%ﬁwglpér% elain & avhesris 2l sai d
speech si gnglcodh id prbio); g%itgpf,éﬁcﬁ@qcm#ut ting linear predictive coding
coefficients and a resi (ljoual signal. 5. "The nmethod of conmuni cati ng speech
according to claim?2, wherein said step of classifying speech segnents
conprises categoy zi p | a i,0dI i ghtl eri.odi g or
noim;y depengi ngO%‘?]eZH\RﬁgPﬁe&efgﬁ%ﬂ’?@g%i“& ?peegﬁégg%{%n%gt?cgelaén )uéh o1 ¢34 ®

transi ent saeeding ivnoisBhexcitet lvedr wrediciomanoodiag.i ng speech according to claim
2, wherein said encoding is code-excited |inear prediction encoding. 17
7. The nmet hod of comrunicating speech according to claim2, wherein said
encodi ng i Sgpr ot PheiRGhed AcebrdRfy tb%!%irﬁ@?@ﬂér@iﬁ-sai%-steﬁhﬁtiﬁ?et\b&gin fcomprises:
comuni cati ng speech according to claim2, wherein said n 08| Rg I'S

noi se-exci t ed | i9s&metipg pitehtpesad:eméodi ng. 9. ‘The method according to claim
6, wherein said S [+ TR i I.S8S:. 1.eSt ] ing a.pitch
period; and addi%dtg‘j1 r%ﬁﬁ@éﬁ%ﬁhé&% §rgeg§ S%ﬁeplgp éeé%oga%ﬂtetrgrﬁcebﬁpggaldafter
recei vi ng sabidualsiashldual signal. 10. The nethod according to claim®6,
wherein said step of time warping conprises: estimating pitch del ay;

10.  The method according to claim 6, wherein said step of time warping comprises:
estimating pitch delay;
dividing a speech frame into pitch periods, wherein boundaries of said pitch
periods;‘are‘ determined using said pitch delay at various points in said speech frame;
fove;rlépping said pitch periods if said residual speech signal is decreased; and

‘add;iﬁg said pitch periods if said residual speech signal is increased.

11. ‘Thc method according to claim 7, wherein said step of time warping comprises
the steps of:
estimating at least one pitch period;

interpolating said at least one pitch period;

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

and

subtracting said at least one pitch period when compressing said residual speech

signal.

12. The method according to claim 8, wherein said step of encoding comprises
encoding linear predictive coding information as gains of different parts of a speech

segment.

13. The method according to claim 10, wherein said step of overlapping said pitch

periods if said speech residual signal is decreased comprises:



di viding a speech frame into pitch periods, wherein boundaries of said
pitch periods are determ ned using said pitch delay at various points in
sai d speech frame; overlapping said pitch periods if said residual speech
signal is decreased; and adding said pitch periods if said residual
speech signal is increased. 11. The nethod according to claim7, wherein
said step of tinme warping conprises thesteps of: estimating at |east one
pitch period; interpolating said at |east one pitch period; adding said
at |l east one pitch period .when expandi ng sai.d residual speech signal; and
subtracting sai dgeﬁ‘{é é’&?ﬁ 8K Sﬁ‘?‘?@ﬁﬁ%}l?ﬂd&%ﬁwwgmﬁ% ng said residual
speech signal . &hovihaesméMosr arTesididGizha 26130 Sme WMieHaln said step of
encodi ng conprises _encoding linear predictive coding Information as gains
of different parbergdig stidipared segmgpisind 13. The net hod according to claim
10, wherein said ] : i j i ods if said speech
resi dual signal ?@ﬁﬁﬁé?%gg§§5%§Eﬁ?ﬁﬂgﬁ?ﬁ€§9k§§gﬁe t%ﬁg an input sanple
sequence into blocks of sanples; renoving segnents of said residual

signal at regul ti iLntervals; . nergi sai d _renoved segnents; and
repl aci ng sg{ﬂd ?’ié i I\Illgﬁlog 3&‘??!5‘%?% ?Q/\flfnﬁn 2\9’&@?%@8 saidgirmnet: es?&@?‘g%@tq]ﬁéiell?é’d
accordi ng  { comprisbsrinidipolafiy @hieshai oliohdRRy OF afehd BPA 180 L Gl fEb YOS o
conpri ses mterPPI ating between a pitch delay of an end of a last trane
and an end SR '"8Yfrent frame. 15. The method according to claim 10,
wherein said step of adding said pitch periods conprises nerging speech
segnents. 16. The nethod according to claim 10, wherein said step of
addi ng sai dlpi t chhe psthodcscorlingaiodclriasiliuahespeesii sépyoailaddiag isaidr sigged

conpri ses aggbggm%ﬁ%%%?%%%ﬁggﬁ?%;%g%aﬂgﬁiiod created froma first pitch

segnent and a sec

16.  The method according to claim 10, 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.

17.  The method according to claim 12, wherein said gains are encoded for sets of

speech samples.

18.  The method according to claim 13, 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.

19.  The method according to claim 15, further comprising the step of selecting

similar speech segments, wherein said similar speech segments are merged.

20.  The method according to claim 15, further comprising the step of correlating

speech segments, whereby similar speech segments are selected.

21.  The method according to claim 16, wherein said step of adding an additional
pitch period created from a first pitch segment and a second pitch period segment

comprises adding said first and said second pitch segments such that said first pitch



17. The met hod according to claim 12, wherein said gains are encoded for
sets of speech, sanples. 18. The nethod according to claim 13, wherein
said step of nmerging said renoved segnents conprises increasing a first
pitch period segnent's contribution and decreasing a second pitch period
segnent's contribution. 19. The nethod according to claim15, further
conprising the step of selecting simlar speech segnents, wherein said
simlar speech segnents are nerged. 20.19The method according to claim 15,
further conprising the step of correlating speech segnents wher eby

simlar speech Sg ni ected. 21. The th caQr di ] ai m
16, wherei npe§13| eB{ %fcoggjd) uﬁa an’ %198 2ﬁngn%lalld SS?‘%“@hpgg} pSHOQ%SgPS Srom a
first pitchconaghimbh dedrehses.second pitch period segnent conprises addi ng
said first and said second pitch segnents such that said first pitch 19
peri od segnent s contribution increases and said second pitch period
segment’ s  gont k@b dBtrdRg RS clait? 17, MAndLARARAE GRS ggefg Srefdidk 17,
further conprising the step of generating a |du y ge eratlng
random val uessidaaldsigierbyagpilesating rerdain yaluas and thex dpplmgdmd geihsids said3. The
met hod aCCQ&H&ﬂ%v&g claim17, further conprising the step of representing
said |inear Ve codlng informati on as 10 encoded gai n val ues,
wherei n each encoded gai n val ue represents 16 sanpl es of speech. 24. A
vocoder havj | east . one %%£Ut and ast one ou onprising: an

t
encoder co |5| mefpq peqorg FhﬂaQ%I?éHg “dﬁgmpﬁﬁﬁﬁhgﬂﬁP8%“?“@8ﬁﬁ@cted
to the inpgg %eérf}ﬁeaﬁe@ed@ddlﬁg%f&&naheﬁsa% @NEncRHEP Bhin AMsksa wiBeRABich

conprising a synthesizer having at |east one input "operably connected to
sai d at | eadico aamqémremeseléﬁwsem@bg@fsmn@ at | east one output operably
connected to said at |east one output of the vocoder. 25. The vocoder

according to claim24, wherein said decoder conprises: a nenory, wherein
sai d decode?4.i s mdamdedhetvmgabténasttcmeﬂ;rqjut avar 2 ldaMBLmut;iuqrcsmpﬁ'ﬂiﬂg:ed in said

memory conpri si na% encoder com 1‘131% fglteer 'hgxlljlrell;l; af Pea&co?leslhﬁlt operaglya}:%ngé(c e%nded

the input of the vocoder and at least one output; and

a decoder comprising 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.

25.  The vocoder according to claim 24, wherein said decoder comprises:
a memory, wherein said decoder is adapted to execute software instructions
stored in said memory comprising time-warping a residual speech signal to an expanded

or compressed version of said residual signal.

26. The vocoder according to claim 24, wherein said encoder comprises:
a memory and said encoder is adapted to execute software instructions stored in
said memory comprising classifying speech segments as 1/8 frame, prototype pitch

period, code-excited linear prediction or noise-excited linear prediction.

27.  The vocoder according to claim 26, wherein said decoder comprises:
a memory and said decoder is adapted to execute software instructions stored in
said memory comprising time-warping a residual signal to an expanded or compressed

version of said residual speech signal.



or conpressed version of said residual signal. 26. The vocoder according
to claim 24, wherein said encoder conprises: a nenory and said encoder is
adapted to execute software instructions stored in said nmenory conprising
cl assifying speech segnents as 1/8 franme, prototype pitch period,
code-excited linear prediction or noise-excited |linear prediction. 27. The
vocoder according to claim 26, wherein ﬁ?id decoder conprises: a nenory
and said decoder is adapted to execute Software instructions stored in
said menory _conprising time-warping a residual signal to an expanded or
conpr essed 2&er sThhvesodenncsording ty alping gdewhersingsid filtenis 2dinearnprediotiveder
accordi ng t o, Ak : j aid filter is a linear predictive coding
filter whic Ocﬁﬁsgafél(r(?e{é%%c V?Eé%ﬁttaer out short-termcorrelations in a speech
si gnal ; and out pfilterlouhawrt-tpmecircatives modipaepheigehl and ent s and a resi dua
signal. 29, The vocader according.to clai.m 27, . wherein, said encoder
conprises: a me ‘ﬁ@&ilﬁaa%‘? &ﬁgﬁgﬂggg C?eﬁ%%%?@oaﬁeﬁld'éﬁlé@iﬂ? sof t war e
instructions stored in said nenory conprising encodi ng said speech
segnent s usi&g code-exgited | i near . prediction encoding. 30. The vocoder

accor di ng t &-cl al'tfi WPOIGHAEsasding Wafltimette heecBifrpads compHstory and sai d
encoder is adapt @ﬁeh@rﬁﬁiﬂ%‘ﬁ@e&@&é‘r‘{‘@e{(ﬁg)ﬂe@% é)&é@ﬁtbgaﬁwﬁte(?ﬁﬁﬁcﬁ&ﬁ sﬁﬂé&jingemr y

conprising encoding said speech segnents using prototype pitch perio
encodi ng. 3%aid TeEnary ccodwrising concading seid speedhrsZmentshasing wodmexbited dindar
conpri ses: @mgﬁga{ycgﬁggsaid encoder is adapted to execute software

i nstructionS stored rn Ssaid menory conpri sing encodi ng said speech
segnents usi ng noi se-excited linear prediction encoding. 32. The vocoder
accordi ng tg cl apm 29, ~wherei.n sai d tjnme-warping software_  instruction
conpri ses esti matiengoader pecording ioclaym 27, whereinsgid cagerles QRPISeSr subt ract i ng
said at |east ONEmpinbAarid&hIdihcadd: & adai68 to/éxdButs 3bflwire ThedBhions stored in

said memory comprising encoding said speech segments using prototype pitch period

encoding.

31. The vocoder according to claim 27, 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

prediction encoding,

32. The vocoder according to claim 29, wherein said time-warping software
instruction comprises
estimating at least one pitch period; and

adding or subtracting said at least one pitch period after receiving said residual

signal.

33, The vocoder according to claim 29, wherein said time-warping software

instruction comprises
estimating pitch delay;
dividing a speech frame into pitch periods, wherein boundaries of said pitch
periods are determined using said pitch delay at various points in said speech frame;
overlapping said pitch periods if said residual speech signal is decreased; and

adding said pitch periods if said residual speech si gnal is increased.



signal. 33. The vocoder according to claim29, wherein said tinme-warping
software instruction conprises estimating pitch delay; dividing a speech
frame into pitch periods, wherein boundaries of said pitch periods are
determ ned using said pitch delay at various points in said speech franeg;
overl apping said pitch periods if said residual speech signal is
decreased; and adding said pitch periogs if said residual speech signa

is increased. 21 34. The vocoder according to claim30, wherein said

ti me-warping software instruction conprises estimating at |l.east one pitch
period; interpolating said at |east one pitch period; adding said at

| east one psd.ch pes ivechdsheBcRIRaN B adcl wﬁé&ﬂue&dS@ﬁe&}agﬁhgﬁghm&”d
subtracting said at |east one prtch peri od when conpressing said residual
speech si giaiructigg conpigseyocoder according to claim 31, wherein said

encodi ng said SQ%ﬁﬁﬁﬁ@fﬁmﬁﬁﬂﬁwéﬂﬁﬁP&ﬂﬂpiSe'eXCitEd | i near prediction
uction co

encodi ng software 1 ns nprises encoding linear predictive coding
i nformati on as gaterlatiing daifl fatleestonppitthpedbd;a speech segnent. 36. The

vocoder according.to cl.ai 3 rein.said over) appi,ng . said pitch periods
if said speech r%g’lngﬁﬁlfi aé@@%éﬁhe%aﬂ%e&ogﬁ@gﬂ e%‘?@?%éﬁ'ﬂ(f?ﬁ%@ﬁﬂ?@%}b%gnaﬁ
segnenting am i nput sanpl e sequence into bl ocks of sanples; renoving
segnents of said residual signal at regular tinme intervals; nmerging said
renoved segment SUPEIFENE g3l &H%ﬁ-‘ij ong pHchy pawied ahes sgmpressingwaith residuelrspesth
segment . 37gjgpbine vocoder according to claim 33, wherein said estinmating
pitch delay "instruction conprises interpolating between a pitch del ay of
an end of a last frane and an end of a current frame. 38. The vocoder

according tg cl aﬁf‘Hpv%gode}‘\QCecroFdiﬁ]g Fo%léjunaﬂ?{zvﬂgrelsn%'a% é%t:gc(figg bsa Is,ﬁ)eggh segments
using noise-excited linear prediction encoding software instruction comprises encoding

linear predictive coding information as gains of different parts of a speech segment.

36.  The vocoder according to claim 33, wherein said overlapping 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.

37.  The vocoder according to claim 33, wherein said estimating pitch delay

instruction comprises interpolating between a pitch delay of an end of a last frame and

an end of a current frame.

38.  The vocoder according to claim 33, wherein said adding said pitch periods

instruction comprises merging speech segments.

39. The vocoder according to claim 33, wherein said adding said pitch periods if
said speech residual signal is increased instruction comprises adding an additional pitch

period created from a first pitch segment and a second pitch period segment.



instruction conprises nerging speech segnents. 39. The vocoder according
to claim 33, wherein said adding said pitch periods if said speech
residual signal is increased instruction conprises addi ng an additi onal
pitch period created froma first pitch segnent and a second pitch period
segnent. 22 40. The vocoder according to claim 35, wherein said gains are
encoded for sets of speech sanples. 41. The vocoder according to claim
36, wherein said nerging said renoved 2®egnents instruction conprises
increasing a first pitch period segnment's contribution and decreasing a
second pitch, perj.,0od segnent's contyibution. 42.. The vocoder cording to
ol m 36, A hereCSRpTHr SRorstipgdb Sl dar Bar s Areed ficteh of
segnments, Wpedisamprsd simlar speech segnents are nmerged. 43. The vocoder
to claim38, wherein said tine-warping instruction further conprises
correl ating speech segnents, whereby simlar speech segnents are sel ected.
44. The vocgder C i x| ali ) er&leisad ks L $sonal
pitch peri@g‘cf@%tggg?ggﬁggnﬁkgggl%?T%Eﬁéé§#§%§q%ﬁh%§g%ggd%§igg?gt peri od
segnent i nstegments anstrucibonpedrspises dubireaging ai frsf pitgt paiel sgindnge camdbyionc h
segnent s sucgcfhatisai&:fi s{ pitc er#od ﬁﬁgpent's contribution

i ncreases and AT # & tORY Pt C@ﬁ’eﬁ% 6 egesg?ﬁ@ LONcontri bution decreases.
45. The vocoder according to claim40, wherein said tine-warping
instruction _ further conprises generating, a residual speech signal, by
gener at i ng Fandoev¥AcaeR asrerdingh@nClaiBh P HHghea p RS BleoSt%Pﬁl selegiiem

val ues. 46. & s%éé&ﬁ‘é‘@gmé}ﬁé}%@eﬁgsaid)siﬁhéﬂ s@b&%scgﬂﬁ{@h@ n%@géél. L1 me-warpi ng
instruction further conprises representing said |inear predictive coding
information as 10 encoded gain values, wherein each encoded gain val ue

represents 46 safpl ggco(agr SR 38, wherein said time-warping instruction further

comprises correlating speech segments, whereby similar speech segments are selected.

44.  The vocoder according to claim 39, wherein said adding an additional pitch
period created from a first pitch segment and a second pitch period segment instruction
comprises 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.

45.  The vocoder according to claim 40, 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.

46.  The vocoder according to claim 40, wherein said time-warping instruction
further comprises representing said linear predictive coding information as 10 encoded

gain values, wherein each encoded gain value represents 16 samples of speech.



