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(-CDMA) systdigitizing, a data rate on the order of sixty-four kilobits per second (kbps) is

required to achieve a speech quality of conventional analog telephone.
However, through the use of speech analysis, followed by the appropriate
coding, transmission, and resynthesis at the receiver, a significant reduction
25 in the data rate can be achieved. _
Devices for compressing speech find use in many fields of
telecommunications. An exemplary field is wireless communications. The-
field of wireless communications has many applications including, e.g.,
cordless telephones, paging, wireless local loops, wireless telephony such as
30 cellular and PCS telephone systems, mobile Internet Protocol (IP) telephony,
and satellite communication systems. A particularly important application
is wireless telephony for mobile subscribers. ' |
Various over-the-air interfaces have been develbped for wireless
communication systems including, e.g., frequency division multiple access
35 (FDMA), time division multiple access (TDMA), and code division multiple
access (CDMA). In connection therewith, various domestic and
international standards have been established including, e.g., Advanced
Mobile Phone Service (AMPS), Global System for Mobile Communications
(GSM), and Interim Standard 95 (IS-95). An exemplary wireless telephony
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01/ 06494 pPcT/ udbeyfuggtion of the speech coder is to compress the digitized speech
signal into a low-bit-rate signal by removing all of the natural redundancies -

25 inherent in speech. The digital compression is achieved by representing the
input speech frame with a set of parameters and employing quantization to
represent the parameters with a set of bits. If the input speech frame has a

‘number of bits N; and the data packet produced by the speech coder has a
number of bits N, the compression factor achieved by the speech coder is C,

30 =N/N,. The challenge is to retain high voice quality of the decoded speech
while achieving the target compression factor.  The performance of a speech
coder depends on (1) how well the speech model, or the combination of the
analysis and synthesis process described above, performs, and (2) how well
the parameter quantization process is performed at the target bit rate of N

35  bits per frame. The goal of the speech model is thus to capture the essence of
the speech signal, or the target voice quality, with a small set of parameters
for each frame.
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Per haps nost inportant in the design of a speech coder is the search for a
good set of paraneters (including vectors) to describe the speech signal.
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25 redundancies, in the speech signal are removed by a linear prediction (LP)
analysis, which finds the coefficients of a short-term formant filter.
Applying the short-term prediction filter to the incoming speech frame
generates an LP residue signal, which is further modeled and quantized with
long-term prediction filter parameters and a subsequent stochastic codebook.

30 Thus, CELP coding divides the task of encoding the time-domain speech
waveform into the separate tasks of encoding the LP short-term filter
coefficients and encoding the LP residue. Time-domain coding can be
performed at a fixed rate (i.e., using the same number of bits, N, for each
frame) or at a variable rate (in which different bit rates are used for different

35 types of frame contents). Variable-rate coders attempt to use only the
amount of bits needed to encode the codec parameters to a level adequate to
obtain a target quality. An exemplary variable rate CELP coder is described in




U S. Patent No. 5,414,796, which is assigned to the assignee of the present
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25 application bandwidth, and a low-rate speech coder coupled with an
additional layer of suitable channel coding can fit the overall bit-budget of
coder specifications and deliver a robust performance under channel error
conditions. '
One effective techmque to encode speech efficiently at low bit rates is
30 multimode coding. ' An exemplary multimode coding technique is described
in US. Application Serial No. 09/217,341, entitled VARAIBLE RATE
SPEECH CODING, filed December 21, 1998, assigned to the assignee of the
present invention, and fully incorporated herein by reference.
- Conventional multimode coders apply different modes, or encoding--
35 decoding algorithms, to different types of input speech frames. Each mode,
or encoding-decoding process, is customized to optimally represent a certain
type of speech segment, such as, e.g., voiced speech, unvoiced speech,
transition speech (e.g., between voiced and unvoiced), and background noise
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25 between the prototype waveforms. The PWI method may operate either on

the LP residual signal or the speech signal. An exemplary PWI, or PPP,

speech coder is described in U.S. Application Serial No. 09/217,494, entitled

. PERIODIC SPEECH CODING, filed December 21, 1998, assigned to the

assignee of the present invention, and fully incorporated herein by

30 reference. Other PWI, or PPP, speech coders are described in U.S. Patent No.

5884253 and W. Bastiaan Kleijn & Wolfgang Granzow Methods for

Waveform Interpolation in Speech Coding, in 1. ngztal Signal Processing

215-230 (1991).

In conventional speech coders, all of the phase info_rmation for each

35  pitch prototype in each frame of speech is transmitted. However, in low-bit-

rate speech coders, it is desirable to conserve bandwidth to the extent

m

possible. Accordingly, it would be advantageous to provide a method of



6 transmtting fewer phase paraneters. Thus, there is. a need for a speech
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includes a prototype extractor configured to extract a prototype from a frame

20  being processed by the speech coder; and a prototype quantizer coupled to the

prototype extractor and configured to divide the frequency spectrum of the

prototype into a plurality of segments, assign a plurality of bands to each

segment, and establish, for each segment, a set of bandwidths for the

plurality of bands.
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BRIEF DESCRIPTION OF THE DRAWINGS

" FIG.1is a block diagram of a wireless telephone system

FIG. 2 is a block diagram of a commumca’aon channel termmated at
30 eachend by speech coders.

FIG. 3 is a block diagram of an encoder.

FIG. 4 is a block diagram of a decoder.

FIG. 5 is a flow chart illustrating a speech coding decision process.

FIG. 6A is a graph speech signal amplitude versus time, and FIG. 6B is
35 a graph of linear prediction (LP) residue amplitude versus time.

FIG. 7 is a block diagram of a prototype pitéh period (PPP) speech |

coder. '
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FIG 8 is a flowchart illustrating algorithmsteps perfornmed by a PPP
speech coder, such as the speech coder of FIG 7, to identify frequency
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exenpl ary embodi nents descri bed herei nbel ow resi de in a wireless tel ephony

comuni cation system configured to enploy a 10 over-the-air '

interface. Never tHai &issa flow M@W%?@PB@H%V@%BQ@O%? bR PPR 1 he
art that a speedin@ddengsutht Measyéeapa@datdfﬂenbpdyid@guﬁe&bqﬁa&yddandshe

el oyi n'g”é'?% A SRR Sl (PR, BbrobBheafiR oF ATTARRPL bR USRI or o

As illustrated in FIG 1, a CDVA wirel ess tel ephone system generally 15

i ncludes5a plurali DETfAmﬂﬂDlBEB(DRiPMGIN@Ft'EHEPREEERREEDty of base
stations 12, base station contrghge , and a nobile swtching
center (MSC) 16. The MSC 16 is con gur to |nterface wi th a conventi onal
public switch tel ephone network (PSTN) 18. The MSC 16 is al so configured
to interface wi thet geemplasy 1embplimess deacrihed herginbeiony residepimea

stati otns 12 wiréles) t}epidtal bolnnf@sicatibe fehh@uhﬁgufeelswramﬁl@ QO0DMAIr eiipt 0
suppor n

PP B e OBk R BRSO oA M rfiolly byl pufld (P,
more than tvB Bse%t@aaiwbﬁmpély\str@mhoéaw BRRaratus embedying, featres ®fous| v
i ncl udes at theaﬁétanioiiﬂleﬁﬁﬁhcmaﬁ rreside iw\any , of aagivusecsmmuaiegtions sygems

adi al |y avedt gjﬁl ase rie heAIAIOE RioWhIE thleoP Al i thdlne 1 T 1 O7
conpri se tvvo ant rated iy FiG- o @ CIOMA wireless tel 0555%’5%6?’6??“@2 nay

advant agéoudhgludes a duglisyof mobdleppubstriberpinitsald,tayplukalitycsfilsase gtations
assi gnnment s 12Tﬁ£se's?£t?6r§8&{ &Er@f(ség%ef%%g 29fobild céiel t nay
L5

be referred to ne statlons, e known
as base statlfo r@ﬁ&fgﬁw%ﬂg dpdper a(:‘Bmg') 2 conVERHERALPHYLS

ase
station" yelbphmdlemnlhél’smpis r TheoMSET #6 is alsol eorfigneed to dnterfa8€ 14 and

Al e naty C&‘%fﬂn‘*?“?%q“ "o, ECT Y4 Bt ?SEEM""“‘%@ tbask Bplichl 8 VIA%, o s
cel | Fnléharﬁi 2 aJEB% %Fgé?uldﬂﬁ‘?ss €°P§‘§PE‘E§1“% seppPo fW & or PCs
tel ephones severzh kne‘ymt interfaces dnclndinge g K1 /Jdn AT B PP, Frame Refay,
ac?:f)r Fancf F@QLtREStSoﬁﬁDSLa'IEj?sr ﬁndgéiddwtﬁa\éﬁ!i\g?é B@td\&@ H'fant &0
ks Fanar S50 dhiodhe Simorkacd ke sttt Hlnisalr g s °G
The nobi | e @netsectop (Boteshosyn)u eaéingedter ephprisingadn omyridizetidonal antenna
25 or an antenna pointed in a particular direction radially away from the base
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During typical operation of the cellular telephone system, the base
stations 12 receive sets of reverse link signals from sets of mobile units 10.



communi cations. Each reverse |link signal received by a given base station
12 is processed within that base station 12. The resulting data is
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sampling rate of 8 kHz is employed, with each 20 ms frame comprising 160

samples. In the embodiments described below, the rate of data transmission
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rate) to 6.2 kbps (half rate) to 2.6 kbps (quarter rate) to 1 kbps (eighth rate).

30 Varying the data transmission rate is advantageous because lower bit rates

. may be selectively employed for frames containing relatively less speech

information. As understood by those skilled in the art, other sampling rates,
frame sizes, and data transmission rates may be used.

The first encoder 100 and the second decoder 110 together comprise a

35 first speech coder, or speech codec. The speech coder could be used in any

communication device for transmitting speech signals, including, e.g., the

. subscriber units, BTSs, or BSCs described above with reference to FIG. 1.

Similarly, the second encoder 106 and the first decoder 104 together comprise
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9 a second speech coder. It is understood by those of skill in the art that
speech coders-may be inplenented with a digital signal processor (DSP), an

applicati Wo ﬁﬂ&géfl c integrated circuit (ASIC), discretepgptsooliomsc,
f.irmnare, Or any conventional programgble software nodule and a

m croprocessor. 5 The sof tware nodul e could reside in RAM nenory, flash
menory, registers, or any other formof witable storage nedi um known I n
the art. Aatsecorad spesich codery It irmmderstond byghoseetadll in the 218 thatrspegeh st at e
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described in U Slnmesléneh&de’ézmﬁlalﬁ{’a phusdd irs aazpeededier dndlhdesaasi gnee

of the present ention a Fefpig N ce.
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Associ at i on medulet206, amtld; analysiy filten 208, any WEPA“F@*PZV%?S‘ PS4 733. -
An_exenpl ar yedfBde quattizatien ntediae21Rs Iapap spehrfrimes 5(n) tahePadmdedrﬁut i oned

U:S. Appl i CS&\' O@ﬂnmile % ec% onN%\ode% 2205 %ﬁlell"pléﬂ ;g}ﬁngﬂl& nnsaﬁler@b«i Ofhepeiul € 204
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into the Telecommumcatlon Industry Association Industry Interim
Standards TIA/EIA 1S-127 and TIA/EIA IS-733. An exemplary mode
decision scheme is also described in the aforementioned u.s. Apphcatlon
Serial No. 09/217,341. : :
30 The pitch estimation module 204 produces a pitch index I, and a lag
value P, based upon each input speech frame s(n). The LP analysis module
206 performs linear predictive analysis on each input speech frame s(n) to
generate an LP parameter 4. The LP parameter 4 is provided to the LP
quantization module 210. The LP quantization module 210 also receives the
35 mode M, thereby performing the quantization process in a mode-dependent
manner. The LP quantization module 210 produces an LP index L, and a
quantized LP parameter 4 The LP analysis filter 208 receives the quantized
LP parameter 3 in addition to the input speech frame s(n). The LP analysis




WO 01/ 06494 PCT/ US00/ 19603 10 filter 208 generates an LP residue signal
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activity aapaet Bl R el A0 ot SRttty Bie. At ovd disiind ‘0T |
5, 414, 796. isdhe aferementioned cbéh RatemidNo. 5414/786 erdrleBe Rabinew & RWy sanpl es
that may b&chafet,abgithlyPrROESMES bf BpeechSilaH1S BISIASD(BFE).TO prevent: this from.
occurring, the 3p %Mt?alte& il bhe® owlvo%rt of FIG. 5; a speech coder in accordance
25 with one embodiment follows a set of steps in processing speech samples for
transmission. In step 400 the speech coder receives digital samples of a
“speech ‘signal in successive frames. - Upon receiving a given frame, the
“speech coder proceeds to step 402. In step 402 the speech coder detects the
energy of the frame. The energy is a measure of the speech activity of the
30 frame. Speech detection is performed by summing the squares of the
amplitudes of the digitized speech samples and comparing the resultant
energy against a threshold value. In one embodiment the threshold value
adapts based on the changing level of background noise. An exemplary
- variable threshold speech activity detector is described in the
35 aforementioned U.S. Patent No. 5414,796. Some unvoiced speech sounds
~ can be extremely low-energy samples that may be mistakenly encoded as
background noise. To prevent this from occurring, the spectral tilt of low-
energy samples may be used to distinguish the unvoiced speech from




energy sanples may be used to distinguish the unvoiced speech from WD
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25  is not determined to be unvoiced speech, the speech coder proceeds to step

412.
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In step 412 the speech coder. determines whether the frame is
transitional speech, using periodicity detection methods that are known in
the art, as described in, e.g., the aforementioned U.S. Patent No. 5,911,128 If

30 the frame is determined to be transitional speech, the speech coder proceeds
to step 414. In step 414 the frame is encoded as transition speech (i.e.,
transition from unvoiced speech to voiced speech). In one embodiment the
transition speech frame is encoded in accordance with a multipulse
interpolative coding method described in U.S. Application Serial No.

35 .09/307,294, entiled MULTIPULSE INTERPOLATIVE CODING OF
TRANSITION SPEECH FRAMES, filed May 7, 1999, assigned to the assignee
of the present invention, and fully incorporated herein by reference. In



of the present invention, and fully incorporated herein by reference. In WO
01/ 06494 PCT/ US00/ 19603 12 anot her enbodi nent the transition speech frane
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i nt er pol ath@nﬁsgadttbéa@dndmrb@m{ly and an LPC synthesi s nodul e 512, as
ilTustrated in1hose of. skﬁhen&nae rééld@rthaEQﬁhEﬁ!h@%Qé&\aﬁgﬂﬂsbﬁ/ the

i mpl e ted as e bscri ber unit
l)?pbas stcgfﬁegﬁg?‘?fnﬁo%sb an gfihﬁgﬂg‘)‘gﬂq gﬁﬁ g?ﬁp s SPﬁ‘l’J"g gblbscrl gelr '
unit or gdiewdy Theawaweforn s:barssvtsrlems ok npise, sywweidgede sransiting, and di gi ti zed
speech si goadedSdpebeh WAEHE séeni 45 4 hﬂmctibﬁ&if&ﬂi%lﬁbﬂ{e gta?hmmmaﬁ tThé he

i nverse LR paFt a | engt h s
twenty ms. %‘Jf&?ﬁan %actje ﬁﬁ;]lcgt ?I(E)nﬂog‘#g {%nv&g |nvers i er ?&#‘?% conput ed
in accord&ﬁ%éumb?ﬁéeﬁéﬁﬁmmne?ﬁ}%?% gaphof FiG76B.3577- . . . p, ‘where
the c@df fici enlis okt embodintértr a papotyprvpitch eﬁdéf(PBP)jspeeahLuasler Bomsen in
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pr evi ous| yoP1A [RFOtoRR: HBHH?%‘BZGHe &, Ay int FB?"E‘FW@Y“%‘% e P0ndi cat es
and an LPC synthesis module 512, as illustrated in FIG. 7. The speech coder
500 may advantageously be implemented as part of a DSP, and may reside in,
25 e.g., a subscriber unit or base station in a PCS or cellular telephone system, or .
in a subscriber unit or gateway in a satellite system.
- Inthe speech coder 500, a digitized speech signal s(n), where n is the
frame number, is provided to the inverse LP filter 502.. In a particular
embodiment, the frame length is twenty ms. The transfer function of the
30 inverse filter A(z) is computed in accordance with the following equation:

AZ)=1-az"-azz%-...-az?,

where the coefficients a, are filter taps having predefined values chosen in
35 accordance with known methods, as described in the ,aforementi_o_ned U.S.
Patent No. 5414,796 and U.S. application Serial No. 09/217494, both
previously fully incorporated herein by reference. The number p indicates




WO 01/ 06494 PCT/ US00/ 19603 13 the nunber of previous sanples the inverse
LP filter 502 uses for prediction purposes. In a particular enbodi nment, p
is set toBHnchbe i nverse filter 502 .provides an LP regcumasonséognal r(n)
to the prot otype extractor 504. The prI%t otype extractor 504 extracts a
prototype from 5 the current franme. The prototpye is a portlon of the
current franme that will be. linearly interpolated bg

i.nt er pol at i din¢ syntbies of previcus eadplesviberinvense ldt filses er%?%[fﬂéw‘%ﬁ}gtl??-anes

that were Sigrbddeby IRAP drh@ﬂsﬂe:\ﬂbbhhﬁbﬂt is §étagRen.n order to reconstruct
the LP residua nal t decoder e 0 rovi des
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of various known t [0 PE n i t he
unquant i zed Y] %efbté tgwt%hg &Wgof@{&/on/ §§E¥ﬁe{salbgee %hB&% da?

i nt er pol at i @ssesybled dnton paskat, evhich dnelydes jag and otherecqdeb 9%1‘6 ppEAmEters,
prototypes ffépffaﬁéxﬁiﬁsmiﬁ oben RS clidiiiel.2 Theepacket 18 prividedoitsa ttrarsetitteir t hi n
the fra[ﬁﬁ Q{ Yv;\? Q—P%Es][-rl-l&&dt&?er'-'i’he r@ahfER! tgSh gﬁ@élvfeprﬁais%e noyf rent

e inter i'on an

franme nt hesi s |savanaeus
- acconpl i she@h PWn ccgh%ldﬁ‘éf@'swm fﬂf?év\gpzné he, REOLOTYRE CHXHEASH gP %‘d Bheent No.

5, 884, 253 amdo dquanhtizeznB08 areneaid toShave prfaratedo FPBea‘na:kjsm\I@n the
09/ 217, 494. cépr EE anid er pol ati on/ synt he5| s modul e 510 provides the
reconst ruct &

_ residual signal o the LPC ynt esi s nodul e, 512. The
LPC synthesis nebe| Eecsiver a‘[e§%}VP%c,*§Fv t fods preyi 'E‘S pagkebo fhe s
fromtheotr mtyﬁeadnqmtﬂzer 508 Théa Iabmtypeednquamdrcﬁ%\mﬁjmmqhanwzeon on

h d
the reconsty Pin tﬁdﬂg@& Wit 3ny Q:‘P)vér?cfn‘fsr a&iovil h%cmﬁgeébst regpte

PG Synt has ey, sngyaBirer SHA Erovidss) e, negiied: FERCRRC (R B of of ype
prior to doiimgrpolatien synthésim isodulachios The t indenpolationy/synthesis Modyle ot ot ype
unquant i zer 519 interpolates the prototype with prototypes from previous frames that
25 were similarly positioned within the frame in order to reconstruct the LP
residual signal for the current frame. The interpolation and frame synthesis
is advantageously accomplished in accordance with known methods
described in U.S. Patent No. 5,884,253 and in the aforementioned U.S.
application Serial No. 09/217,494.
30 The interpolation/synthesis module 510 provides the reconstructed
LP residual signal "(") to the LPC synthesis module 512. The LPC synthesis
module 512 also receives line spectral pair (LSP) values from the transmitted
packet, which are used to perform LPC filtration on the reconstructed LP
residual signal 7(") to create the reconstructed speech signal 5" for the
35 current frame. In an alternate embodiment, LPC synthesis of the speech
signal %™ may be performed for the prototype prior to doing

interpolation/synthesis of the current frame. The prototype unquantizer



WD 01/ 06494 PCT/ US00/ 19603 14 508, the interpolation/synthesis nodule 510, :
and the LPC synt hesis nodule 512 are said to have performed PPP synthesis i
of the c ane. In one enbodi nent a PPP speech co as the ?
speech co fggf of FIG 7, identifi . nunmber of fregﬁen@z/ﬁ@a B,
for which B | i near phase 5 shifts ar to be conput ed. The phases may
advant ageousl y be subsanpled intelligently prior to quantization in
accor dance508,the intelnpalatien/syntipgsis atadule 10 drbthe LPC aynthlesis aflotu
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d
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range fromppadatusodéseribizd i A Febateei RUS.t Appiieation rfiled ehprewdm @intitled
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ﬁunberygf ﬁ B REP E E@; EOR, Svgéua B grﬁg-ﬂ@ﬂﬂz is the
f undament a ' v F&Fﬂg{l %@f('jl?e Pﬁ?sef‘hé“YﬁIHNR ype, wth
consti 1Q|en1he1rspbed1'udmder\may (mdvanugpd»&yz pasztition , thealisdrktel Boveidrs seridse- speech
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Accor di ngl §4m ’Eﬁ’(g Jf”ﬁ epﬁfr} “.3?83 fRILY n the
second s eglrmmqmet amplitudes andﬂleu entinecDESh ﬂles'elgf@mporanda@m arducing t he
entire fr eﬂlié% s{té'lﬁﬁnnhih&{‘em@t@ﬂh ﬁigb'f&&nfﬁm Hange is
fromz uman _voi c Inoe
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 segment s. divided intedowsgplents cbherg isitivisch nymbeh of harseenios M, smlgﬂlatn the ith

_se?rreg_t | VD ibi eqiitiato FthyBo, AEeedFe0HS i§ e Ifﬁﬁaazaesﬁ@nt&eqeen@y ébdﬁd .
into bi , ands,
etc., and ‘#ﬁéor%?% éé"h%re s's@,_-._n f&eﬁ?ﬁﬁ?éoﬁm‘% Wl ?xj'b"’fgtge}?tz?n e nate
“enbodi rrent"ecEPfquB@eEh%Fét"eéﬂorrrkﬁff Mrelementsy Eh&éﬂéecbeﬁ‘i’éer preyalogateschlpsen for
each dio t 12, b3, .Hbidbarids fofehd Lise fmrsb that bsrb2¢b3-a LI eqiiumotw choosi ng
. an arbltr??% o6l n%fm@r lg %'c%‘r%ufrn %ggeaﬁe bf‘ﬁgﬁ ¢ Ot he

ener gy hi Fam acr 0ss se rre concen f energy
may requi s s?&?‘?’b‘«v‘{?ah%“ samjﬂaelsSW%ﬁﬁﬁﬁﬁmatqt%nchhanéﬁe‘Pg therdth yse a

W der bandegientranid®byndd incthé iehtite frequandy rangeli In omel embuiddmledit ftheed,
unequal  bapgse fl‘&ﬁeﬁ@f?ﬁ‘ijgesﬁgﬁ%m Zefo q:bV‘idé@Chb iR Pinge' §Ethe spoken
- 25 human voice.
In one embodiment bi bands are uniformly distributed in the ith
segment of the L segments. This is accomplished by dividing the frequency

-range in the ith segment into bi equal parts. Accordingly, the first segment is

divided into bl equal bands, the second segment is divided into b2 equal
30 bands, etc., and the Lth segment is divided into bL equal bands.:

' In an alternate embodiment, a fixed set of non-uniformly placed band
edges is chosen for each of the bi bands in the ith segment. This is
accomplished by choosing an arbitrary set of bi bands or by getting an overall

- average of the energy histogram across the ith segment. A high

35 concentration of energy may require a narrow band, and a low concentration
of energy may use a wider band. Accordingly, the first segment is divided

into bl fixed, unequal bands, the second segment is divided into b2 fixed,
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divided into bL fixed, unequal bands. In an alternate enbodi nent, a

vari abl e and edges is chosen for each of the bipbaigsndeds €ach sub
band. Thi ﬁ%l%fgggorrpl i shed by starting pith 5 a‘farget it i ek
equal to a reasonably |ow val ue, Fb Hz 3 The fol | owi ng steps are then
performed. A counter, n, is set to one. The anplitude vector is then
searched t oufequadl thaads, retqand the Fhilnsegmennds tivided dntee bpdivédpanbquabni ¢
nunber, nb ‘ sch is equal to Fbm Fo) of the highest anplitude value. This
search is pertormed excluding the ranges 10 covered by all_ previoysly set
band edges (cor FBBorliERgte embedimenton yariableseb of hand evigesris chgseyfdyges f or
L he nth bangachrofitlie bi baisdin ¢uch subesandetThis ds a&rgﬁplﬁhba tgretartingFwitho/ 2hi n
ar noni cz nu r | V. o) - + I n The
counter 5n igq eﬁ@%&l}eﬁi?ﬁ;% egrk%l tt{%ea rgégégs fkjg'gg‘_rrgglp’nlﬂg{ e'aﬁfeltude
vector and fdloWing steps preshery pesfogmeds 5 A Soupterd Tunisi fett Fe oB8unt! i¢ exceeds
Ei : dACCOL di agptudeheedtor 34 ﬂs&thé& to dind thedfrequiendy] Foat ¥ gnduttequal
ands, the S r Egﬁg’j afgs, etc.,
and the Lt hgdég%ggﬂéﬁ%gﬁ m%’%lgdh?é#?%g’bw 33’}1?%%\9‘@%{12%6%% an g&l n the
enbodi nent  igbest asplituds yrkliee| F}%ﬁﬁﬁtﬁepﬁméa]@éduﬂmg 4he Hangesef i ned
to remi® acyvesah byball vprmviadiycatbandnddgsgeerresponnding eoriitesationst 1bot h t he
rioht, band @00 THCMEH LR e R Har?f il b BlasAOhniies: Of {1
I medi at e hlgwg_ [ g:genéy are,eﬁ{ende to LN the mddle of the
gap bet weent® o421 grd miyHi/&iod2 4n tharmonip, Rymber, ppd, respectiely.dy of a
second bandFink-HbgRemd Fmb+Boy2ircHzt Tie cohates ecisthet imatemettes, 25:dvidne t 0

?g(r:\SWEIOi Sgs§ ..szlio}ge%\ﬁr nit%@ﬁat}{1 ers anﬁgg%g Q’gr rth% d?rgr%%?l %oing o1|‘_|z
ei t her Jf’ie &P@?Fﬁgb‘é?@ &oynt t%é’.‘F%%érbl'fr Eﬁ?éalﬂg[i'%aﬁ}? qut SN 3yand
edge of t hedividesdirdo dlhiaghing, unequalnbandsathe secondisegupent it divided imtioer in Hz
(or is set gpy, MRk Gudl UBRR]s, W, 245 thé LthNSeghtddiOR! Givided ShtPbLL he 30

other). The equalizati of, band edges coul d be “nmade dependent on the
ener gy cont%ﬂ'g’“}&\ upﬁguag d(f.f‘ndi ng wwth the right band edge and t he band
begi nni ng wit h tlhethefembodithend g descrived bianmed thgely c abovep tineli hagids oanehe band
Tonr B ke quae i ey sl Mt o
35 havi ng h?%ﬁ%?m?e&g a?% Fotf 'gﬁaé‘ﬁle‘?dﬁ q?gh? S(gw%%{e&ue@ u a“‘gé“‘§ K ged
while the lefithandirdge of de immedinte ighesHzequemcy bandrare lextended do anertdi nent ,
both the apakentiadis 6fadd gapHiitwean theeleifedid (WiRraiRQV Firdebaid lrgtedef t band
edge are i) the left of a second band is lower in frequency than the second band). One
25 way to accomplish this is to set the two band edges to their average value in
Hz (and corresponding harmonic numbers). In an alternate embodiment,
one of either the right band edge of the lower frequency band or the left band
edge of the immediate higher frequency band is set equal to the other in Hz
(or is set to a harmonic number adjacent to the harmonic number of the
30 other). The equalization of band edges could be made dependent on the
energy content in the band ending with the right band edge and the band
beginning with the left band edge. The band edge corresponding to the band
having more energy could be left unchanged while the other band edge
should be changed. Alternatively, the band edge corresponding to the band
35 having higher localization of energy in its center could be changed while the
other band edge would be unchanged. In an alternate embodiment, both the
above-described right band edge and the above-described left band edge are
moved an unequal distance (in Hz and harmonic number) with a ratio of x
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01/ 06494 PCT/ US00/ 19603 16 to y, where x and y are the band energi es of
the band {rpjiRegisdy With the left band edge and of the lrewasemdsesg with the
ri ght band edge, respectively. Aterngively, x and y could be the ratio -
of the energy in the center harnonic to the total energy of the band
ending wwth the right band edge and the ratio 5 of, the ener n tge center
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step 602. dtheﬁstafphéﬂjesdgnmms)efeﬂie DE®vedder conputes the DFS of the
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proceeds t dDES opa geference prototypes08, the speech coder sets a segment count i -
equal to one. Tflﬁs&seamhes PERh cbAG bagiRs &ess%f 610 the

fleqiienpy
anoh. "seqnafindsy e sraac, cods (R rfke g?&%% .82, hf‘sﬁeb ﬁ% ﬁw‘é éﬂﬁ%cﬁag‘ii the
speech Zﬂade:loddet@nputﬂssﬂlﬁ/rﬁ?%@f thenpratefypetthe W%ﬂeﬂfé “S!‘-%té’p 610 was
to distributie shihbayads thei pesdeds itd stgssegma@t ep 604 thehspdeahdeagler ocat i on

met hod of 1 0 d Iohe" S -

segnent %wgc}eg t@ﬁ %%g én r%cgd{ gnpegl%d WOBQ oaﬁnéll{etrtt gnd the

band al | ocafreqmnmetw sr emaserm@ &ﬁ%o Hat the, 1enge; of @tﬁ ep*ﬁf%\ 5%%%“ e
voice. The speech coder then proceeds to step 606.

25 In step 606 the speech coder allocates bL bands for the L segments such
that bl+b2+...+bL is equal to a total number of bands, B, for which B linear
phase shifts will be computed. The speech coder then proceeds to step 608.
In step 608, the speech coder sets a segment count i equal to one. The speech
coder then proceeds to step 610. In step 610 the speech coder chooses an

30 allocation method for distributing the bands in each segment. The speech
coder then proceeds to step 612.

In step 612 the speech coder determmes whether the band allocation
method of step 610 was to distribute the bands uniformly in the segment. If
the band allocation method of step 610 was to distribute the bands uniformly

35 in the segment, the speech coder proceeds to step 614. If, on the other hand,
the band allocation method of step 610 was not to distribute the bands
uniformly in the segment, the speech coder proceeds to step 616.

~ NAEr



uniformy in the segnent, the Speeéh coder proceeds to step 616. il Al~f: WD
01/ 06494 PCT/ US00/ 19603 17 In step 614 the. -speech coder divides. the ith
; segnent Wb edsiesequal  bands. The speech coder then progegdsiohdsest ep 618.

I'n step 618 the speech coder incremenys the segment count i. The speech
coder then proceeds to step 620. In step 620 the speech coder determ nes
whet her the segnent count. 5 i is greater than L. |If -the segnent count | is
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band cdges Bt @‘S'éﬁ?ﬁ%‘teg‘f accmplitikt Bl srptiodBEEAREE GBbye ™ 5 1 e
bet ween t hﬁtﬁﬁﬂf"%‘ag‘é@ﬁi n pERFseds to step 618, imprementing, the, segmenteeoyntoceeds

to st e0634. and contiputs witle baneeallocatioer forovach bégméandnelgesmdef aredj acent

bands to  fiilocai@@Rfisr égﬂﬁgaﬂﬁ&u ech coder then proceeds to
step 638. In 3 _s; ep 3t§ H}ecﬁ ce(% fraﬁg%rerrents the band count n. The
speech coder step 626 the speech coder sets a band count n equal to one, and sets

an initial bandwidth equal to Fb Hz. The speech coder then proceeds to step
628. In step 628 the speech coder excludes amplitudes for bands in the range
25 of from one to n-1. The speech coder then proceeds to step 630. In step 630
the speech coder sorts the remaining amplitude vectors. The speech coder
then proceeds to step 632. :
In step 632 the speech coder determines the location of the band that
has the highest harmonic number, mb. The speech coder then proceeds to
30  step 634. In step 634 the speech coder sets the band edges around mb such
that the total number of harmonics contained between the band edges is
equal to Fb/Fo. The speech coder then proceeds to step 636.
In step 636 the speech coder moves the band edges of adjacent bands to
fill gaps between the bands. The speech coder then proceeds to step 638. In
35  step 638 the speech coder increments the band count n. The speech coder
then proceeds to step 640. In step 640 the speech coder determines whether
the band count n is greater than bi. If the band count n is greater than bi, the
speech coder proceeds to step 618, incrementing the segment count i and




then proceeds to step 640. In step 640 the speech coder determ nes whet her
the band count n is greater than bi. If the band count n is greater than
bi, the spee coder proceeds to step 618, increnmentin ?ﬁﬁ nt count
I and WO ﬁ?ﬁ%’gﬁ’i PCTI USOO 19603 18 gl%ntl nuing with ba% a m()";‘/g% lon for -
each segnment until bands are allocated™® throughout the entire frequency

range. |f, on the other hand, the band count n is not greater than bi, the
speech COdQ:bntm’uiﬂg"l withoband all@éh‘BlohOferB‘aa]b Iseginenhentilvibdhds hor atlbeatedxt band.

in the seg @%Fg t}&sentﬁg %Lngﬁ}é}%g gﬁ%@&#ﬁaﬁcp é B8R icbuhpg

frequency ban %g ng %bOt otypes in
a speech cdﬁ@rmttﬁ@a‘ﬁééh"“u@béhﬁf 5Bee T‘Pﬂ§]§‘é rejurny, fq ptep 628 4o eaqa
under st and viddl férhihe next band in t}leuwgmetmve | ogi cal bI ocks and al gorl t hm

Toenested or Tuses RBVECHellbdlahll dearil 36k (RRRAL HeduRfy Rgnls | oY DE
agBI i cat i oo spEWUte éme?-hpba‘?ea%}!éﬁs (heF"E%ﬁnc R@ Rf°t° §%|"étaes Fl’gr
transi st or Haedeen dbiseitieel. e Thesed vfirskill dnnmhenartt woald: lunderstandy thatr &ge st er s

and FI FQ %a?oﬁgeiﬁ&’srtragfﬁc%ﬁllablﬁais in félgg%&ﬁ %55”@45 A any

conventi onal war e SSO processor
may advant é@@%ﬁ‘é‘!"y‘ with thg;embadk: 18\9@5956}5“ 0594 rein eé‘i“Pi"r‘ﬂ%‘E’?ée Tthe
procesdg0r I@ﬂoﬁﬁednwxﬂpﬂvdfgiﬂabmagnqbrpmemor (DSPmnanoapIduqahnnc spemﬁn roller,
or state ”?:%Qr&‘ied Iﬂ&u@ﬁf&éﬂﬂhﬁné@ rﬁ%teCQPh%nssto?' ﬁgu! QAN TRRBWire f | ash

menory, regis? t or age Jredi um kpown in

the art. FﬁB'sP@I‘S!’-tSs%} 6r'&98\§F°Eﬁé\F‘ ACPICESSPT, SREQUHRE 13 S&t O
i nstruct i ommwwmstdmhom,fmm cmvemlcgiaélprogtammabboscszitmlmodaiﬁj chi ps

ﬁgaﬁ egay bg Eéég&gsmgﬂg%tﬁgrﬁ T esaagruemmo ﬁfc@ss%lri:VBﬁi a?eoszl y
ic fields
orppar clé% ﬁ%t‘F'Fel BOSSSROF | 8}385 %“gnflo% ﬁoﬁ‘gl BRE ?#?&eof

Preferred eonllerennErmﬂomMepr o3 e’rﬂte imaching. oﬂheasqftwmgnpé@le CQBIds hown and
descr i bed. rldaeahl RANE APRBRENIall0 Ao, RiaR] wrskiy lothér Eo6n a6
'

[ e R e

of 'SCope 0 e i nventi on.
"Ther ef or e, appreciate thatithe m@amssmqt@nﬁoeommaa@ | informationc sigmals, biscor dance

Wi th the fgyhBelsand tisibsthat Hay/be edfdieiiced lthidughbutthé abod! BésdPipHAAS00/ 19603
9 are advantageously represented by voltages, currents, electromagnetic waves,
magnetic fields or partlcles, optlcal fields or partlcles, or any combination
- thereof. . '
. Preferred . embodlments of the present invention have thus been
25 shown and described. It would be apparent to one of ordinary skill in the art,
however, that numerous -alterations may be made to the embodiments
herein disclosed without departing from the spirit or scope of the invention.
Therefore, the present invention is not to be limited except in accordance
with the following claims.
30 o
We claim:
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CLAIMS | ILirrrazraazaztetr it 11011 CL MS 1. A nmethod of
partitioning the frequency spectrumof a prototype 2 of a frane,
conprisin L,eps of . dividing the frequency spectru urality
of segrren?ys(;&%ﬁ assigning a plurality ﬁ bands to each g}é%ﬂng%iomsgiri .
establishing, for each segnent, a set bandwi dt hs _for the 6 plurality of
bands. 2. The nethod of claim1, wherein the establishin l.Ses 2
the step of allocating fixed, unifoChAENMSV dt hs;t.0 al l IE" Eﬁi“gﬂﬂﬂ”@i a
particul ar segnent. 3. The nethod of claim 1, wherein i step
conprises 2 the step of allocating fixed, non-uniform bandwi dths to the
plurality of bands in a particular segnent. 4. The nethod of claim 3,
wherein the all dcati dgneilegd ob pprtitioeing thet frequdnep spectvamyoing poatotipedt h

i nversel ar g N the bands. 5. The nethod of claim
1, V\,here%/nwt)he gg‘t g‘?mg ?&l& {.éPCOITpI’I ses 2 the ? g of _.allocating

vari abl e bandwi dt hs G Htgﬂiﬁﬁﬁlqw&?e‘ﬁﬁﬁﬂsm'f%ai’ 1Y PESRsme g rent . 6.
The net hbd of cl ai m assighiagei plukdlity aif bands toreachtsegmentyaridses 2 the steps

of: setting a target o Bﬂéﬂi:ﬂg,hfor eﬁéh"lr% Gt §%et Baﬁ&i@ih&l@gg?”ﬁie'wde

vect or 3{ t rotgh?R€% etermne t maxI mum har noni ¢ nu In the
band, e ‘t he search ranges covered by any previously
est abl i shed band edges positioning, for each band, the band edges ar ound

the 8 maxi num ka 8o f%’ﬁﬁihﬁh&eﬁ?tﬁéééﬁ ;m% g% |cs
10 the. ndien t“?faiis FRit Jedn ot aHay PAOCHIELS oy wi%ui@éiﬂed >

edges. WO mﬂﬂﬁuﬁtséﬁﬁéhsom 19603 20 7. The net hod 'of claim6, wherein the
removing step conpri ses 2 the step of setting, for each gap, the adjacent

band edges encl @si ng al he. a era ue val ye of the
two adj acent baid ed %ﬁgq‘ii’g%‘?‘nirdwg %eblﬁﬁi‘é‘?qﬁﬁ% t FPEPRHS Vi ng
step cordr ithesstep qullqcatspgﬁxeslemomgmf«bm bandwgttbs tohthea gjluxadity afand edge

correspondimdgqntaiﬁmb@agsggﬁ&ﬁl esser energy equal to the frequency val ue
of the adj acent band

4, The method of claim 3, wherein the allocating step comprises
2 the step of varying bandwidth inversely with energy concentration in the
bands.

5. The method of claim 1, wherein the establishing step comprises
2  the step of allocating variable bandwidths to the plurality of bands in a
particular segment.

6. The method of claim 5, wherein the allocating step comprises
2  the steps of:
se&ing a target bandwidth;
4 searching, for each band, an amplitude vector of the prototype
to determine the maximum harmonic number in the band, excluding from
6 the search ranges covered by any previously established band edges;
positioning, for each band, the band edges around the
8 maximum harmonic number such that the total number of harmonics
located between the band edges is equal to the target bandwidth divided by
10 the fundamental frequency; and
removing gaps between adjacent band edges.



4 edge corresponding to the band with greater energy. 9. The nethod of
claim®6, wherein the renoving step conprises 2 the step of setting, for
each gap, woeueepsecent band edge corresponding to the bagriusdoaissefi gher

| ocal i zation of energy in the center ofggt he band equal to the 4 frequency

val ue of the adjacent,band e correspondi ng .o the band with | ower .
| ocal i zation of &nergh§ H‘ﬁtﬁ%‘?é’éﬁ&éﬁn érf ﬁ?f'@“bé#ﬁi reqgving, stepeQMPBHSEF ¢l ai m
6, vvhte[1 e2]n thaesuepmi\seitglgstfepeadngap,sthegad?achhebanépedxgés eﬂ:;lusn%rtg? dgapr each
ap, e fr e frequenc
‘gap BGYAT6¥hy %egd gabﬁcgwmu@f W t‘ﬁ Q&g sN€ Trequency

val ue of the adjacent orrespon havi ng hi gher
frequenci es bei ng adj usted relatlve to the. adjustnent of the frequency

val ue of the adj&centTheanetisetlef kimng whevein thé redoeinge stepeconlyrisesr ati o of

x 0y, heqgldeof Seriig egggﬁeg%mgﬁﬂ% &?ﬁ%ﬁ%&% %hghfgw

frequenci es £ éh
f r equenci esband with, lesser engigy equ

conpri setd @dgeneorsdsppndingaid)the band) withogreetee engigy, t he frequency val ues of
the two adj acent band edges, the frequency value of the adjacent band edge

correspondi ng t ban Vi er fre uencj es bei ng adj usted ?
relative to the adJ E@F a‘%“ Pg]@“f‘g%(’ﬂ}gﬁ{ %"B’I’mﬁ \&eR £ €Shand j
edge hav2 ngthecbegr of ﬁtﬁmg;cfueamfega;byheaadjam hn’ndxedge oprrespending te ths_ t he -
lratlo of t hearR'RA Heﬁf&%al%@foﬁbf%&n%’\h%@fceﬁ&?o?@h@ﬁéﬂi% dqﬁa. 38 Sgl e |
ower e enC|e
frequenc‘{ g e Pﬁéh‘?&alase‘%fgal} X%en‘é Poﬂghﬁe?%g?ﬁ n|-c of |
t he adj aceripw?a glion of engrgy in dheé cerderofcthedand. t he t ot al energy of the -
adj acent band havi ng hi gher frequenci es. 12. A speech coder configured to

artition the freque reLo frane, .

20r’rpr| si ng: 111%?111ﬁ§§8&‘?’fil Emf‘f“l"iﬂ glhe?‘f‘ﬁlt?‘ ‘t'é"%"s'%o%e ’be"@i%
PCTNS00/2196bs step ofradjustingr fogieach gay the drequeneeMalpes of dhe twpiadjacent |
plurali ty Qfan rehe tffequish Sralftﬁfoﬁﬁt&lalﬁddéﬁt&aﬁﬂ'éﬂgébéﬂeip‘on got 0 each .
segnent ; n r of n e :
bagdvm dt s or t ﬁa ﬂl eﬁ%ﬂgofﬁggﬁ%aés E%ihacggé%ghtr(e:o e? t(§ cFal m 12,
wherein the B‘FST ¥@lug of ctbﬁﬁ‘#]%tt d gdgghaving deWEEat i ng
fixed, ni ffquﬁehaaﬁihydtrhﬁo of x to y, wherein x is the band energy of the adjacent R

band having higher frequencies, and y is the band energy of the adjacent

8 band having lower frequencies.

11. The method of claim 6, wherein the removing step compi:ises

2  the step of adjusting, for each gap, the frequency values of the two adjacent

band edges, the frequency value of the adjacent band edge corresponding to

4 the band.  having - higher frequencies being adjusted relative to the
adjustment of the frequency value of the adjacent band edge having lower

6 frequencies by a ratio of x to y, wherein x is the ratio of the energy in the

- center harmonic of the adjacent band having lower. frequencies to the total

8 energy of the adjacent band having lower frequencies, and y is the ratio of
the energy in the center harmonic of the adjacent band having higher

10 frequencies to the- total energy of the adjacent - band having higher

frequencies.

12. A speech coder configured to partition the frequency spectrum
2 . of a prototype of a frame, comprising:

T
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to all of the bands in a particular segnent. 14. The speech coder of claim
12, wherein the neans for 2 establishing conprises nmeans for allocating
fixed, nogydifiigk@dym bandwi dths to the plurality of bandsp¢Tussomsses i cul ar
.segnment. 15. The speech coder of claim lg, wherein' the neans for
allocating 2 conprises neans for varying bandw.dth inversely w th energy
concentration in the b28Rs ‘1‘6?11"?‘#&85%‘@ ﬁq%HErSH?F"rEF'aWFPﬁPIWE’ﬂéiqz t he

neans for4 2 estabégménmtsg conprises neans for allecating variable

‘bandwi dths to the pl bangs, i . 17_4The
speech coder of clai mul&%%hg\/\%oé%fgflﬁ [ ea heﬂl@iaﬁélslﬂ’?éérﬁﬁﬁsgéaetagg% e%t' ng_ ses:
means forsetting a taM§aRS Kok gHRBESIng, far, fe58mERL: 2 1589t brg band,

an anpl i t ude fyretheluridlity loé bapdot ot ype to determi ne the maxi mum har noni c
nunber in the band, 6 . excluding fromthe search ranges covered by any
previ ously established band edges; 8 neans for_ positioning, for each band,
the band edges ar&%md T8#eS mBRsteTa Qo Sl  Hb e WhetRin ttagt MeASt GO
nunber of 2haestablisiting domprises dHe he¢amsefort dllochting fbede anifermobahdwidthbe
target bandwy I . al frequency; and 12 neans for
renovi ng gapstgggto\%et%é\ga Jgg%le%kgﬁhac%(}ja}%ggg%%al& The speech coder of claim
17, wherein the neans for renoving 2 conprises neans for setting, for each
gap, the adjacent 1dandllesigspeeehclcodempf tchdmgal®, egthereiho thbe nseamisadfor

frequencysva ; s ad] t : : 1 111111
T e ap Selieag ﬁ%@%@%‘%ﬁ%ﬁf@%’% SRR by
17, wherein fQh rlity of W APArYCLRL 8RN npans for setting, for each
gap, the adjacent band edge corresponding to the.band with | esser energy
equal to the freq}EHCYI'}Y@érpb%lefcod&Jf@a@ll@%‘ar&?ﬁ'ﬂe%sc%rm% ng to
t he band &Ath reater energy., 20. The sgﬁ‘aec cader. of Cll aim.l7, wher@in the
means f or °r eFBRAPREES 2 TeARS, | (¥ WRTHRS+ a"éﬁf‘? g, Y ¥ac ViGhp, &Y
adj acent bandonetptrationrindbpdandag to the band with higher |ocalization of
energy in the center of 4 the band equal to the frequency val ue of the
adj acent band edg caprespondi n Q the band i th.l ower Jocalization of
energy in_the cenf%r oheGRq‘?gﬁbg?\%"tr °I? CPmm 1\%’ wherein tLe means fgr
establishing comprises means for allocating variable bandwidths to the

plurality of bands in a particular segment.

17.  The speech coder of claim 16, wherein the means for allocating
2 comprises: _ S
means for setting a target bandwidth; : :
4 means for searching, for each band, an amplitude vector of the
prototype to determine the maximum harmonic number in the band,
6 . excluding from the search ranges covered by any previously established band
edges;
8 means for positioning, for each band, the band edges around
the maximum harmonic number such that the total number of harmonics
10 located between the band edges is equal to the target bandwidth divided by
the fundamental frequency; and : _
12 means for removing gaps between adjacent band edges.

18.  The speech coder of claim 17, wherein the means for removing

2 comprises means for setting, for each gap, the adjacent band edges enclosing
the gap equal to the average frequency value of the two adjacent band edges. -

* [ L M S *




_resides

segnment4, corrsporgling tplthe bhnd hamsﬁ

.speech coder o

21. The speech coder of claim 17, wherein the neans for renoving 2

conpri ses neans for adjusting, for each gap, the frequency val ues of the
two adjacent band edges, the frequency val ue of the adj and edge 4
corr espon¥RhY6#4t he band havi ng hi gher frequencies bei H’?@&E’%@ ed relative
to the adjustment of the frequency val & of the adjacent band edge having
fhl Owgr fregugnqg?ﬁ Hlﬁe%péé&ﬂh&d@% oF clafin 17, Whefeth th méa Iisrfﬁrbéﬁfbv@ﬁgrgy off

e adj gcent band havin i gher .frequenci es, an IS n ergy of
the 8 ja‘i?é’?l?r”fféndn?ﬁ'gi& | SHEPE: FRY uBAE S8P/ Ezh}e 14 cg%tegga%%cgeggﬁ of
claim 17, weeresponding todbe bafid withelessar egergy eguabta thesfregaencyrealua@fust i ng,
for eachy gaghe od eﬁfﬁ‘éﬂéﬁét@éé&i Sndihg(th ehd Béhd withageader baagyedges, the
frequency vaFl?eljhgf t he ad] acentédgand gdge 4 corresgggﬁdi ng to the band
havi ng hi gher frequencies being adjusted relative to the adjustnent of the
frequency val ue 20. of Thaepesthaodet obelaim ddgeherein e mEeans\ier TERWYiRBici es by
ﬁ rati o of féérﬁhﬁriéég_ RIS Eo%ijs%htﬁﬁg rf&lt | éacRf ghpe th@ehghcént tbaddcedger I
arnoni ¢ of the adjacent nd, hawl ovwer..Irequ ' ta
ener gy of tQ?éreéB?%é’é‘ﬁt%ﬁléﬁ apd Wi R‘%\ﬁéﬁcﬁw&n@f&%ﬁ%ﬁ tﬁ@i%gmtéﬁtg?r atio
of the dnerthy bandhequalntter ther frequencyf valve =fj dbenedissent Angdee gher 10
frequenci egolRshbidingt8 theBMd Wit 1dwéer Realaagioh dfodtergy in Nhe begle bf
frequenci es %3. The speech coder of claim 12, wherein the speech coder

tP 3n§ubscr_i ber unit of a wireless communication system 24. A

speech coder, conprising: 2 a prototype extractor configured to extract a
prototype from aj, f FIHBsiéch@o&éﬂGEdSiﬁdlb,whmirsmen’mamder remodidg | 1111
1112122 0 Fijl ALj i . )] Ol O H%O(ﬁiggogﬂ 23 4 a
pr ot oty[;e_ qéﬁg‘rﬁﬁ‘gi‘ér“l‘ 4@6‘56 Je@?%h?éﬁefgp%cpggybé{ eeé%tél gbéfcgruaan CO figu? ed to
di vi de” t he adjasgotnbands sdges utheorirequengy oYang pef i theo adiaceny ahai“gye g |
er froquancieseimg ndjustaddrelativbl i sh, o
:

for each sgg qﬁgtagf‘%t?#g{gf o_?%é)%q 110 of HRE aBlAtERY b&ﬁg %ﬁ??&'&@fn 25. The

D o o ceutere b s i o, e A Ep B Bt s
for all of adjurehabdnd ihaving higlerufrequeneipseand y2i6. thehkarsh epergycotithe of clai m
i 108 RO MOR UG e 3 [ her confTured o establ[sh

22,  The speech coder of claim 17, wherein the means for removing

2  comprises means for adjusting, for each gap, the frequency values of the two

adjacent band edges, the frequency value of the adjacent band edge

4 corresponding to the band having higher frequencies being adjusted relative

to the adjustment of the frequency value of the adjacent band edge having

6 lower frequencies by a ratio of x to y, wherein x is the ratio of the energy in

the center harmonic of the adjacent band having lower frequencies to the

8 total energy of the adjacent band having lower frequencies, and y is the ratio

of the energy in the center harmonic of the adjacent band having higher

10 - frequencies to the total energy of the adjacent band having higher

frequencies. -

23.  The speech coder of claim 12, wherein the speech coder resides
2 in a subscriber unit of a wireless communication system.

-24. A speech coder, comprising:

2 ' a prototype extractor configured to extract a prototype from a
~ frame being processed by the speech coder; and -_

N
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bandwi dths for the plurality of bands in a particular segnent. 27. The
speech coder of claim26, wherein the prototype quantizer 2 is further
confi gur edyd gio6agey bandwi dt h i nver sel y with energy conceptrmsooapeé3i n the
bands. 28. The speech coder of claim 243 wherein the prototype quantizer 2
Is further configured to establish the set of bandw dths_as yari abl e

bandwi dths & grotp eptﬂwef yoyplegairitha Rrefolype: PeTACtar and)RRREBUISY. tothe

speech codedivide eHeafiréq ctein dhihe mtatyp@mtquaplumhty oPségméntst her
configurged e hl t wi dt h,
Conrchi 8 digtd LJ}gx é@&f dgté;%ag%d%hg%c PP SN, Ror BEOSLemBAN
det er i ne t%%ﬁﬂm wiahiiepf bandshe band, excl uding fromthe

search ranges covered by any preV|oust est abl i shed band edges,

ionines & .
Ponber such. t hat2 he 11t e 0 cpdd orratih %n S R%ﬂge‘;fa@ﬂ?&whg@%gﬁg' ’
edges i s2 eqﬁaﬁmﬂwrtwmchﬂ@@?tabhﬂu\ﬂl@tsﬁt &f\h ruHﬂéfﬁ’EWc al

frequency, badiwideiiorndl ¢fahe taadvaea ﬁlﬁ@ﬂaraeghmm. edges. 30. The speech
coder of claim?29, wherein the prototype quantizer 2 is further configured

to renove the gaps by setting, for each ap, t he adj acent band edges
encl osi ng t he ga’%- eq %R?et?lhéo‘éﬁfeqféé@n? wberein \the [RIotypPe duanpbzey
adj acent2 baisdusttigeconfifured b eaablmhtheedeaf Indndwridiths 2&Ofixedd) avomi-anifoem

pr ot ot ype qb’ﬁ-[lfvtﬁﬁ[ o%thépixﬂ%ﬁ Pb] "M@%B 4 E‘ntt he gaps by setting,

for each gap, acen ge corr dingPto the band with | esser
energy equal to the 1111111111111111111111 11111111 L S WD. 01/ 06494'
PCTNS00/ 19603 2%7.4 ﬂﬂ'ecp.p&adycudénnfddint 26, whpreir rthe lpotbtgpe quantizess pondi ng

to the bandigifier 85 Ed‘%&% idthSnvEIS8 hw&Hdéi‘{erﬁ cShA&@nRadion Wher ei n
t he prototz&\e@gg nt.l z 2 1S urt er configuréd to rentve the gaps by
setting, Sﬁ'p t he adjacent band edge corresponding to the band

wi th higher localization of energy in 4 the center of the band equal to the

frequency val ue 2f ”Iﬁe%iie@&?@&dmm%% ﬁﬁéfe?ﬁ&ﬁ@cﬂraﬁat}ﬁe gusnaead wi th

coter off ol Bistet ooRaRiet " BBt S o8 o0 enan RS, g3, HaruBlen oot

to renove tbmdgagﬁtﬂﬁp ah#pl;trahg’ offhandeanhmpmﬂaheegmemwency val ues of the

two adjacent band edges, the frequency value of the 4 adjacent band edge
correspondi ng. t29 ' h gasrfa%ec g(‘)ﬁer}%fhcllacipne 58 wherein ct{'le prototype quantizer
2 is further configured to set the variable bandwidths by setting a target
bandwidth, searching, for each band, an amplitude vector of the prototype to
4 determine the maximum harmonic number in the band, excluding from the
search ranges covered by any previously established band edges, positioning,
6 for each band, the band edges around the maximum harmonic number such
that the total number of harmonics located between the band edges is equal
8 to the target bandwidth divided by the fundamental frequency, and
removing gaps between adjacent band edges.

30.  The speech coder of claim 29, wherein the prototype quantizer
2  is further configured to remove the gaps by setting, for each gap, the adjacent
band edges enclosing the gap equal to the average frequency value of the two

4 adjacent band edges.

31.  The speech coder of claim 29, wherein the prototype quantizer
2  is further configured to remove the gaps by setting, for each gap, the adjacent
band edge corresponding to the band with lesser energy equal to the

I
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being adjusted relative to the adjustnment of the frequency value of the 6
adj acent band edge having |ower frequencies by a ratio of x toy, wherein x
s the barghemrisly of the adjacent band having higher freemesooisses and y is
the 8 band energy of the adjacent bang,having lower frequencies. 34. The -
speech coder of claim 29, wherein the prototype quantizer 2 is further
confi gurkd frequencp\walueof the adjsgentdband pdge comesnonding, i the hand withquency
val ues of t afe\A@né\legyacent band edges, the frequency value of the 4 .
adj acent band edge corresponding to the band having hi gher frequencies
being adjusted relative to the adjustment of the frequency value of the 6
adj acent band ede hdergperdwerderad slrime P&swherein the ipgototype @@aBtizeafher ein x
|h Z t Ee r;_gt : i8 FRFthbh EorfipRITed td fbnﬁcf@ &Ergtaps byakettg, foéachpppathecadjateritand

Vi ng 0 reguenci es. N the..adj d havin
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33. The speech coder of claim 29, wherein the prototype quantizer
2 is further configured to remove the gaps by adjusting, for each gap, the
frequency values of the two adjacent band edges, the frequency value of the
4 adjacent band edge corresponding to the band having higher frequencies
being adjusted relative to the adjustment of the frequency value of the

6 adjacent band edge having lower frequencies by a ratio of x to y, wherein x is .
the band energy of the adjacent band having higher frequencies, and y is the

8 band energy of the adjacent band having lower frequencies. -

34. The speech coder of claim 29, wherein the prototype quantizer
2 ' is further configured to remove the gaps by adjusting, for each gap, the.
frequency values of the two adjacent band edges, the frequency value of the.
4 adjacent band edge corresponding to the band having higher frequencies
- being adjusted relative to the adjustment of the frequency value of the.
6 adjacent band edge having lower frequencies by a ratio of x to y, wherein x is.
the ratio of the energy in the center harmonic of the adjacent band having
8 lower frequencies to the total energy of the adjacent band having lower .
~ frequencies, and y is the ratio of the energy in the center harmonic of the .
10 adjacent band having higher frequencies to the total energy of the adjacent
band having higher frequencies. ' :

35, The speech coder of claim 24, wherein the speech coder resides
2  in a subscriber unit of a wireless communication system.

I

bl



