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20  the reconstructed speech. If speech is transmitted by simply sampling and
digitizing, 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) éelephony,
and satellite communication systems. A particularly important application

is wireless telephony for mobile subscribers.
Various over-the-air interfaces have been developed 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
(G5M), and Interim Standard 95 (IS-95). An exemplary wireless telephony




WO 01/06494 PCT/ US00/ 19603 2 conmuni cation systemis a code divisions, JAN 2004
mul ti'pl e access (CDMA) system The |1S-95 standard and its derivatives,

| S-95A, ANEPO 01063PD- 008, | S-95B, proposed third generation miposHndss S- 95C
and 1S-2000, etc. (referred to collectiyely herein as 1S-95), are

pronul gated by the Tel ecomruni cation 5 I ndustry Association (TIA) and ot her
wel | known standards bodies to specify the use of a CDVA over-the-air
interface foIMBMNGREPNOFYSIEIB 5ed epthomivistemmuiltiplei accesy {CEYMIA ) Byetephar y

Wi rel ess coThelniSs2s i Aang 0 S nt W th
t he use of 3@?}% \ﬁg g%lﬁaﬁa?gaa;tg a%ﬂlg%lgrl? @95% é‘kﬁég W ??S@ 459
and 4, 901, ORFd SR args; 19 %@sa elé-zﬁﬂot eéc.pfreferned to

![ nVﬁnt i on amdlettwel)y |l'tmeunp<asal’se95)hafe_e|m?hw1 agéfde nt;h% T@é’écﬁﬁ&l{lﬂ?tﬁtan?%p' oy

echni ques actin ane relate to a

nodel g:‘s huﬁrrlglrlllg g‘ggégﬁ&‘%ﬁﬁmn%% S ‘1"8 LLOdA@%BbWIWOder
di vi des t hehenesegriaf gas(?)@ Mh eveprthe-dint imtaFads cfokxed)lfulﬁﬂ rm- Pas ael@ ‘h%hz
frames. Sp%ﬁﬂﬁﬂ@éﬁoﬁYB%%h{sy C P18y i RGO IR A Rl I8 <

encoder anal m%fﬁi nco speec extra

par anet er s,© ﬁuhﬁtéﬁflf‘ Eén@ﬁ@)rﬁlaﬂﬁﬁéfwéhsthemss Oﬁ)thialfir% Gpﬁm‘aﬂdtml on,
i.e., to adestribéd n t13.S0PaeniNGs. )5, M%Epaﬁéiei 9017887, dahfh Q?é?‘éﬁélgn
transmjt eqhgv‘%rséé_[b %?rrg%m catel gn cha ecei ver and decoder .
The decoder &ﬁ dBESPaREER! O&nq‘lf% s RepERperyedpheeriBe by he
par anmet er s FegiEnN¢esynt hesi zes the speech franes using the unquantized

Th f d h | zed
Cpocch S5 anal Ly el Ertplfy P RRERIRTED (amblestt SRMEHE O RataBlite

speech nal b|t

r edundanm gra% q"ﬁh@f”éﬁ? ate, tQ femaglel 'FPfe 4mAn aspeeshpgensrationi sreichlleded b
represent i sge¢dhe coderst PpspebcH wader Witides &Rt iRfoRA( ”?ﬁe%!:ﬁ SipfafTREGY Ng
dpeech T ;%b‘ﬁ%s"fra%ee £ el HAE Sﬁip?%khﬁﬁﬁéf%ﬁé@?ﬁw%ﬂfee?%ﬁ? e
speech cod@Reoder and ﬁdﬂﬁ@derof"fhﬁ Esmdtf;r amedyzesttire srsiomnirfga speechaianey el by
the speechegaarcertaifrreRarit \idrbiherdrae &%Eﬂ“@%ﬁézésotl{eebﬁhl}n@ée?@ P e

quality ofbthe decoded s | evin r essi

factor. The B&Y FEPHaTREAL al Spet et Eégg? Qi'e"’bé’r‘\%%r)’oﬁa'@lb"a%ﬁ/ wEhe ckahze
speech nodphckess amermnhttndtom the ddmemmﬁedtum ghadslelseonh fte&élsep%ﬂaeés

or ocess | Sno T pqﬁ* it ég%*‘%" e bafihEs AR SR i Teft. Lo
goal of t hBr%c[}Eé e§‘3f§h @hdr gesyah gﬁnées hbee spesabe frAimes hesingetioh
si gnal , oruﬁqaaﬁmgftpay&hg&rg_ual ity, with a small set of paraneters
The function 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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Cach T ansrt QR Eht BP9 o 07 7h whi ch i fferent bit rates are used
for different A well—known time-domain speech coder is the Code Excited Linear
Predictive {CELF) coder described in L.B. Rabiner & R.W. Schafer, Digiial
Processing of Speech Signals 396-453 (1978), which is fully incorporated
herein by reference. In a CELP coder, the short term correlations, or
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
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the demand for robust performance under packet loss situations. Various
recent speech coding standardization efforts are another direct driving force
propelling research and development of low-rate speech coding algorithms.
A low-rate speech coder creates more channels, or users, per allowable

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 technique 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

PERIOUDIC SPEECH CODING, filed December 21, 1998, assigned to the

assignee of the present invention, and fully incorporated herein by
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215-230 (1991).

In conventional speech coders, all of the phase information 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

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

25

BRIEF DESCRIPTION OF THE DRAWINGS

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

FIG. 2 is a block diagram of a communication channel terminated at
30 each end 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 pitch period (PPP) speech

coder.
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HDSL, ADSL, or xDSL. It is understood that there may be more than two

B5Cs 14 in the system. Each base station 12 advantageously includes at least

one sector (not shown), each sector comprising an omnidirectional antenna

25 or an antenna pointed in a particular direction radially away from the base

station 12. Alternatively, each sector may comprise two antennas for

diversity reception. Each base station 12 may advantageously be designed to

support a plurality of frequency assignments. The intersection of a sector

and a frequency assignment may be referred to as a CDMA channel. The

30 base stations 12 may also be known as base station transceiver subsystems

(BTSs) 12. Alternatively, “base station” may be used in the industry to refer

collectively to a BSC 14 and one or more BTSs 12. The BTSs 12 may also be

denoted “cell sites” 12. Alternatively, individual sectors of a given BTS 12

may be referred to as cell sites. The mobile subscriber units 10 are typically

35  cellular or PCS telephones 10. The system is advantageously configured for
use in accordance with the IS-95 standard.

During typical operation of the cellular telephone system, the base

stations 12 receive sets of reverse link signals from sets of mobile units 10.
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Moot dl S oty h TP s P RSt tcdBtest A that have boon
digitized and quantized in accordance with any of various methods known
in the art including, e.g., pulse code modulation (PCM), companded p-law,
or A-law. As known in the art, the speech samples s(n) are organized into
frames of input data wherein each frame comprises a predetermined

25 number of digitized speech samples s(n). In an exemplary embodiment, a
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
may advantageously be varied on a frame-to-frame basis from 13.2 kbps (full
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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classifying speech frames according to periodicity are described in U.S. Patent
No. 5,911,128, which is assigned to the assignee of the present invention and
25 . fully incorporated herein by reference. Such methods are also incorporated
into the Telecommunication Industry Association Industry Interim
Standards TIA/EIA I5-127 and TIA/EIA IS-733. An exemplary mode
decision scheme is also described in the aforementioned U.S. Application
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 2. The LP parameter a 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 ;5 and a
quantized LP parameter 4 The LP analysis filter 208 receives the quantized
LP parameter 2 in addition to the input speech frame s(n). The LP analysis
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200 of FIG. 3 and the decoder 300 of FIG. 4 are known in the art and described

in the aforementioned U.S. Patent No. 5,414,796 and L.B. Rabiner & R.W.
Schafer, Digital Processing of Speech Signals 396-453 (1978).

As illustrated in the flow chart 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. 5,414,796. 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
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and TIA/EIA IS-733. If the frame is determined to be unvoiced speech in
step 408, the speech coder proceeds to step 410. In step 410 the speech coder
encodes the frame as unvoiced speech. In one embodiment unvoiced
speech frames are encoded at quarter rate, or 2.6 kbps. If in step 408 the frame
25 is not determined to be unvoiced speech, the speech coder proceeds to step
412.

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. 5911,128. 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, entitled 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




15 of zero crossings and the use of normalized autocorrelation funcjtij:)rhs
.(NACFs). In particular, using zero crossings and NACFs to detect AN7004
peri odi ci tywo oh@egescri bed in the aforenenti oned U S. Pat entpd¥usdan9éed. 128
and U.S. Application Serial No. 09/217,341. In addition, the above nethods
used to distinguish voiced speech fromunvoi ced speech are incorporated
into the 20 Tel econmuni cati on I ndustry Association Interim Standards

TI A/ El A | S-aratheanembbdiment itle TRhsition tspeedh frame ds eateded aedull oraee or
unvoi ced spegshy EE step 408, the speech coder proceeds to step 410. In
step 410 the speech coder encodes the frame as unvoiced speech. In one
embodi ment unvoi Heth sigecdR theaspeech eodac atitdrminguahatethe afremeoris 2n6t

kb | f h,

the speach rajoriori? dltach! BE S dhif%“‘*ﬂlﬁ‘% F%*éﬁéﬁ’ipgﬁﬁ%éeﬁéswc

det er m ﬁg ﬁefo $feChe ﬁ@ 1ame At Veicsd §Bé%“(1,’h Insiong sabordiment

d](cat ecti 0[1 nedibed sspceah faigekna befienéldza%daéﬁ haﬁs{aﬁcﬁsgfl@z%tiﬁé ;ft &% al§d(;et

af or enent i n e fr i etermned to

be transit |€§%’bq§§8eeé%%ﬁ{: Vé’lgeﬂeﬂjcar‘?cﬁémesp tb@'agb'l%te' Blggg]bb Ktep 414

the frane i% képsovedna8ktCBIdR coden). sPbeseh skilleel in theansti waoddf appremin/ceJ ced

speech 10 vighkedeSPaERodihg m%oﬁvpﬂ%g@mhﬂma d GABRS! HAN ¢ 88819‘iﬁ SqAE s
se

encode&gl n a cor ance Wt I nter po ative co
descri i Yo wa'sle handwidthy bp eSBlm ingNde stsadyrstate mdyre é}ft‘TQlF%dj frames PUL SE

| NTERPOLATI RErth&D ﬂ&@a%ess'r BP\B@' th@ﬁs@ﬂ"iﬁ@ﬂdﬁa@\@% V(Bl'Cb&q; ,thel98fbed

assigned tq assi,gne sent vent and ful |ncor orat ed
R T e A S e ATV
anot her entlsiceeaid thbetcoded iprediativplyech frane is encoded at full rate or

13.2 kbps. If i nfl%c?}fep of Lkill WOﬂaﬁgggre%ﬁqg 'thaf bRhidk nt‘f\@ él%%ght%}gm;lr 3PS not

transitional speec speec proceeds to st 6 the

5 speedR cc?&’é?esé’ﬁeé&é% %Ees¥4‘&’r@aé’sb¢/éﬂﬁ%1f‘jsbﬁef@l40wlﬂgotﬁ‘@ &tﬁﬁééhﬁbm iyoi ced
speech frarfi§. say Tie ansedetmathivicteristics, ofohiofse? lhb«ﬁtﬁeedt thahsti e and

ble t h f t full
Possi bl & | R BRPASR E5Ch REECD, LI@RERRbe Hild 1 BhE orin b FGLRRY  £9% T
appr eci at e, wavefmewercharacteristicsi 0§ noiseedurivaioed, aramsitibny sared avdiced LRe
coder t0 s3ugdL@ eéals@bé& 220 fhHh BYuW&M @%gth'u'@fs 1310:?0 e'State hature

of voi agd franme Furt regar dl ess ncode t he

voi ced dpeech, HRERKI 2pdi ch R‘é’t%Pﬁrﬂléfgbé’GS’loﬁ dddosreerh Foder et i on
from past fincoees aaridvesse filter 502, a prototype extractor 504, a prototype quantizer

506, a prototype unquaniizer 508, an interpoiation/synthesis module 510,
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.

In the 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:

A(z)=1-az"~a,z2%-...-az?,

where the coefficients a, are filter taps having predefined values chosen in
35 accordance with known methods, as described in the aforementioned U.S.
Patent No. 5,414,796 and U.S. application Serial No. 09/217,494, both

previously fully incorporated herein by reference. The number p indicates
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| ookup t abl the( patkethtnwaxcomdasce with any of various known techniques. The
prototype unquantizer 508 provides the unquantized prototype to the

interpolation/synthesis module 510. The interpolation/synthesis module
510 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 (™ o 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 *(") for the

35 current frame. In an alternate embodiment, LPC synthesis of the speech
signal 5(n) may be performed for the prototype prior to doing

interpolation/synthesis of the current frame. The prototype unquantizer
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the total number of required bands. Accordingly, there are bl bands in the

first segment, b2 bands in the second segment, etc., bL bands in the Lth

segment, and B bands in the entire frequency range. In one embodiment the

entire frequency range is from zero to 4000 Hz, the range of the 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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embodiment both the right band edge of the lower frequency band and the
ieft band edge of the immediate higher frequency band are extended to meet
in the middle of the gap between the two edges (wherein a first band located
to 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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the right bfintdedde aeqidiRy’ Mg intc L segments. In one embodiment the
frequency range is from zero to 4000 Hz, the range of the spoken human
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 determines 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.
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o1 osidy RARSHSEH- A BRI BB el M gy
segmentli nd AN G\uing with band al ocatlon for each segment until bands are
allocated throughout the entire frequency range.
In 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



bands. The speech coder then proceeds to step 618. In step 618 the s;ge]eé%‘ 2004
.coder increnents the segnent count i. The speech coder then proceeds to

step 620. waosdsagn 620 t he speech coder determ nes whet her tdeer 5@/iGdss count
51 is greater than L. If the segnent cggnt i is greater than L, the speech
coder proceeds to step 622. If, on the Oother hand, the segnent count i is
not greater than L, the speech coder returns to step 610 to choose the

band al | oc@phbnmm@t‘hdh hagrd aHecatéont feegﬂﬂmsegirrensttﬁmlGanaﬁar@ pieektegoder

exits the BRRFaHARThE hEal i AhE0hEE | Oor{{h%ﬁ@@ b Mo BRRGLbSRICT

det er m nes V\/net er the oca ‘hod "0
di st ri but e T¥ ISxRR¥, 8resteruthanobintbarspeech coder refayns o sty 628 ¢o leatadblish| theat i on

met hod of séideh 63Ot RettObAHP I kil bxgd, non-uniform bands in the
segnent, the quﬁé{; coder proce%g step 624%. I_(_Iﬂ, on the other hand, the
band alfocati on h8doyelsmeth &pRatatyy for idandify g, feequepesy bands

non- uni f or to kamgs:te litdwr %h@ﬁesﬁlftstl:bt&vx&ﬂ@h ﬁeﬁﬁn@@ebtotﬁégiﬁe%sslﬁ&cﬁt &L 26.

In step 62 p. e e | segnent .1 n

preset bands 2 Eﬁﬁs&%%u bg’hé%gco ?ﬁg eltf! L]%ll n retrr%’fjﬁg)%ls %‘g%ré ?Hﬂcfﬂﬁgot%

The speech"éBQEB tIHéﬁtrptIUceddglCab blaaqbsma&d i akgoeithmt | stppsheleserbedt inount
20 1 and ceshheuighOwitti ndtholibRaat| A8:I604d FRAlInSHG y%gggﬁérhem@ﬂ%rare

al | oc d t hr ut the entire frequency range. € speech
coder aliets ﬁrﬁﬁrﬂ‘ﬁgcmm b ‘Sﬁﬁfﬁ‘e $gn né’rc’%ﬁﬁao%e(@g aﬁml ﬁmlﬁnﬁanéﬂﬁ@flﬁ
eﬂual to Emtbgtaté'dlmmpetemsm);llldisd-éle aléaﬂeﬁd&sisﬂ)rsﬁ%ﬁc @%&etb ma]?H?Fhr528

t he speec c [ in the ran 0 om one
to n-1. Thce&gl gge‘gﬁé ls %fs ‘ngg %g%g f&sa‘}%b@fg’g BBEFIPT ST g r§npeech
coder sortémmreeﬁaﬁrnchgnam an)uetenveotlonsl Iﬂﬂ@gr@pamiﬂe csodmaretmenlule [
proceeds t@n&h%o@@s%orl ThelRcbddr sy a898R L%@e St 1eh %f@r&éﬁ)cre r) ‘B‘ﬁ@t' on

of th and t has the 25 hest harnonic n eec co er

then proceBtstoaltgmative, Proressey B3Y lbﬁe @ﬁeé@ﬁ"@’éﬁ@?a ePE08580Hand
edges ar oumhtndnlle;uahutrbabntrbﬁet obalstaimnﬂmalchh{e haThw Bbftevate rhadnkd coalaveen

the band egg / T r e tep
636. In step 63? %g‘ sp eeetrﬁ Sgdgfgs%l\;}gs %ﬁ%gedg%rggg g‘?acgﬁﬁmbg ds to
fill gaps Wé{tﬁwérﬁtt)??egebm%’éumr Heospaelth tb@)d?é‘t t"ﬁmsembebléhmtddsﬁeﬂhe% I'n
35 step 63&p ﬂaelaseomm@od@tra IrMEFerRits doRembniie, q&w}h\a}mﬁf hgiggiage Airscoder

EES”bf%Scﬁ eS8, PABoAmat P, B r oo BBt e A el
“the s@@e&dﬂ@@@@otpho ceprésentedshe polages, i aurrants relectgomagne g ventesc ount

i and 2 1 habhehd Fieids or particies, optical fields or particles, or any combination

thereof.

Preferred embodiments 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

We claim:




WO 01106494 PCT/ US00/ 19603 18 continuing with band allocation for gachan 7004
.segnment until bands are allocated throughout the entire frequency range.
If, on the other hand, the band count n is not greater than bi, the speech
coder returns to step 628 to establish the w dth for the next band in the
segnent. 5 Thus, a novel nethod and appratus for identifying frequency
bands to conpute |linear phase shifts between frane prototypes in a speech
coder has been described. Those of €kAIMS n the art woul d understand t hat
the wvarious illustrative |ogical blocks and algorithm steps described in
connection wth the enbodi nents di scl osed herein may be inplenented or 10
performedq wt b4t i a PRl i i.fic

i nt egr at gd Ci pﬁég}l?h?& ﬁc‘)’é{‘g@g@g{‘g gaﬁgﬁcgg %%r%g%?l JEs}tggr oltt)dé?l%:‘% Q’giagcre@é

har dwar e conpripimgdhe stepsuath as, e.g., registers and FIFQ, a processor
executing a set .qf i pmnare instruction 13 conventi onal progranmabl e
sof t war e nodul “85\5(}{1% 59‘%?88%%?’“%@%@9@8%3{] “A¥vant ageousl y be a

Mi Cr Opr 0CesSO0rassifhihg ApliralifyT bahdSbRatH ¥@mehhie processor may be, any
conventional processor, controller, mcro controller, or state machine.

The sof tware res@blithiegufor cacke seghaeritna aMofidandwidths| fos therplurality o handser s,

: . Wi tabl di k in.th o f
ki 1 o B S0t B0 ot o BRI TOBRNE e el oG ©
i nf or mat iphuralityl @tainds itbk tparticaar Sygraents andtlerelti e dllbadtingeted Comhpii®s ahe ed

t hroughout the above description are advantageously represented by
vol t ages S®P8Pkents, el ectromagnetic waves, nmagnetic fields or particles,

optical fiel d?e‘?ﬁgagé’%%ﬁawi&ﬁ' any conbination thereof. Preferred

enbodi nents o ent 1 nvention have thus been 25 shown and
descri bed. |t searohidghferagaplmbend, danoaropktudé vectdr nfithe plotdtypd o déternzine the

however, that nunmerous al terations be, de to the, enbodi nent herei n
di scl 05 e MRPHEHATANE Hher i} R DaR cKpiiding Trm Hie S5ach FANees COVRIGHPY B
Ther ef or revif\&1Pésestihed bunARMEEY i s not to be limted except in accordance
with the followng clainms. 3071 We claim 2 1 JAN 2004 19 CLAIMS 1. A

nmet hod of par tositiepinggfor igacl hangw thebpnd sdgesratenngfthe maxonemhgemenic aumbarre
such that the total number of harmonics located between the band edges is equal to the
target bandwidth divided by the fundamental frequency; and

removing gaps between adjacent band edges.

2. The method of claim 1, wherein the removing step comprises the step of setting,
for each gap, the adjacent band edges enclosing the gap equal to the average frequency

value of the two adjacent band edges.

3. The method of claim 1, wherein the removing step comprises the step of setting,
for each gap, the adjacent band edge corresponding to the band with lesser energy equal to
the frequency value of the adjacent band edge corresponding to the band with greater

energy.

4. The method of claim 1, wherein the removing step comprises the step of setting,
for each gap, the adjacent band edge corresponding to the band with higher localization of

energy in the center of the band equal to the frequency value of the adjacent band edge

corresponding to the band with lower localization of energy in the center of the band.




conprising the steps of: dividing the frequency spectruminto a pl urlal iJAN 2004
.of segnents; assigning a plurality of bands to each segnent; establishing,
for each segnent, a set of bandwidths for the plurality of bands, wherein
the establishing step conprises the step of allocating variabl e bandw dt hs
to the plurality of bands in a particefar segnent, and wherein the
allocating step conprises the steps of setting a target bandw dt h;

sear chi ng, f omheatdthdibortlaign],anidréih WBCrewRA Ay sté}f cdﬂﬁﬁld@ﬁ eHeOdtoiPef 5d_?uﬁ1‘ﬂtger m ne

the maxi_nmum harnoni ¢ nunber in the band, excl romthe search ranges

ﬁovgr ed hw G&ﬁl;'/ gamrtb% figguangy vakughpf gﬁéwowémerédxgeé eggﬁtjsmeu feduarecy Yalve elich
fotal nudise iiditobmdnta” FotaBoil TTAhR" hevibl Hiher AURRALIS bl

t ar get badgdwedtrélatﬁvevtbdwadjystmhﬁt dfuhel froqpuenay valueafithe iljacaitband stys yigaps

bet ween jacent band edges. 2. The nmethod, of claim 1, wherein the repoving
step confWe qyﬁ%m%wbaéw%@fw%g whetgin %a%we@agd engray fjthecadizceph handedges

band sdgas g ER: Ting, RS THE Sind ERIRTOF Yoo Ml Hond BEvEIoBM Toc

t he st epfmfuaeiesi ng, for each gap, the adjacent band edge corresponding to
the band with | esser energy equal to the frequency value of the adjacent
band edge corresponding to the band with greater energy. 4. The nethod of

claim 1, gwher qhB ridifod SN@MhE, Wi@8in SR VaT: ﬁéﬁc&ﬁﬁ&e?ihesﬁéﬁ bf‘aﬁl:ljusun@r each
gap, the adj acent band edge correspondi ng to t he band wi th hi ghe

| ocal i zaférgachiap.éhe frgquanny vhlues efithertwofadjdeentthand edgasathet foequiecyt vedqfuefh cy

! ocali st AUBr By T4 EHE paniae G Penprionng ety froblshiss Witk

met hod ohdjaktadl feldtverbeheidjudtment STTRY fro@uent £ PalGe bPthe SeRcEAtSatd e@gehaving
adj usti ng&w for each t he frequency val ues of the two adjacent band
qr

edges, riEqpueRdss 8&?&@%9 f xtthey, ydjeaaie i is i matidaefethe sneweypaihe $60tE0 t he
band havi,ng, Qb0 Hﬁ%&h&ﬁaﬁﬁ%?&vﬂ%ﬁiggﬁ{cﬁ% ‘ﬂlkqealtoia\f%né o?‘ﬁwfﬂéé{:% frent

of the frequency vaI cent avi ng guenci es
by a rati bancbhamng tower ﬁrdqaemws xnd § it e Badoodf dwrg:yg;om thh eenidf haremdnidafhd

havi ng hi frequenci es, is the ba adj.acen

i ng 1 ifhofdiaddnt e dsaiz BiEher, GoRumnRic T iihe el Fherw il B SReT B! ng
step comphadin ﬁlgthgf,‘frg Nrispeely adj usting, for each gap, the frequency val ues
of the two a jacent and edges, the frequency value of the adjacent band

edge corresponding to the band havi ng hi gher frequencies being
7. A speech coder configured to partition the frequency spectrum of a prototype of a

frame, comprising:

means for dividing the frequency spectrum into a plurality of segments;

means for assigning a plurality of bands to each segment; and

means for establishing, for each segment, a set of bandwidths for the plurality of
bands, wherein the means for establishing comprises means for allocating variable
bandwidths to the plurality of bands in a particular segment, and

wherein the means for atlocating comprises:

means for setting a target bandwidth;

means for searching, for each band, an amplitude vector of the prototype to
determine the maximum harmonic number in the band, excluding from the search ranges
covered by any previously established band edges;

means for positioning, 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 to the target bandwidth divided by the fundamental frequency; and



adjusted relative to the adjustnment of the frequency val ue of the adfacANt7i0i
.band- edge having |ower frequencies by a ratio of x to y, wherein x is the
ratio of the energy in the center harnonic of the adjacent band having

| ower frequencies to the total energy of the adjacent band having | ower
frequencies, and y is the ratio of thelknergy in the center harnonic of

t he adj acent band having higher frequencies to the total energy of the

adj acent band mdaay forgeoghg gapy Rguencidimentband cdggech coder configured to
partition the frequency spectrumof a prototype of a frame, conprising:
means for dividing the frequency spectruminto a plurality of segnents;
means f o assigai ral r
establ i Shl ng, @sﬁ&cgﬁegg %La?% g%hgfyﬁg@etggen \gjlvl tﬁlﬂg%?tcowgﬁgﬁ ura tf{)lpof
bands, whketiagnfor taachr@p,stﬁeoadjmnabhnds bdgey anolusingsthe gupasymal 6r thd hmraga ng
vari abI e. bandwi dfhs to the plurality of bands in a particul ar segnent, and
wher ei n tiAUSHEY Yalue O the tws caé’? 6‘@5‘ A5feSes: neans for setting a target
bandw dt h; nmeans for searching, for each band, an anplitude vector of the
prototype to determ ne the maxi mum harnoni c nunber in the band, excluding
f rom t he 9sear dhespeeghsoder@f eladet hywharen theangaos &ryemevlaa Icpmmeelesuamsefdges

means for 03| Lon qr_,each.band, the ban the maxi mum
nar moni  SHRBdP* SErEApy R RS SRR e s e BeRt B oSGt Eln (he
band edgeéualltﬁ thsl fRbudrey hatue! 6ff thetadireatvbalidledd \Cotteshoilinge thedadevitial
frequency; and 2 1 JAN 2004 21 neans for renoving gaps between adjacent
band edgggeategenqrgg speech coder of claim?7, wherein the nmeans for renoving
conprises neans for setting, for each gap, the adjacent band edges

encl osing the gap equal to the average frequency value of the two adjacent
band edgd6. 9Thélspeesheodir ofabitm 7ofwhetein the ineank Greemoting com@risesf meansdonvi ng
conprises nmeans for, settin for h gap, the adjace

cor r espoftHAg ?0(5 et Q?Qn&h%\/g‘g]ﬁcqr’éslﬁagﬁ eé%@r‘ij’?e %’&3518 foqlehg ‘f@ﬂ&‘eﬁ@%al ue
of the a‘l’d(ﬁﬁ%fonbﬁ@ﬂc @E tHeQUehRP BPIRE bRLd &fha f&h@%éuéﬂc& Ralu@lof MeSddjRRAT 9Y -
10. The speech coder claim7, wherein the nmeans for" renoving corrprl ses

means foban%edgelqtvgesmmdueat@nhfgh@d vitle layair decaliationrnd coergy ie the easfrimdithey t o
t he band %&h hi gher | ocalization of energy in the center of the band
equal to € frequency value of the adjacent band edge corresponding to
the band with | ower |ocalization of energy in the center of the band. 11.
The speech coder of c¢claim 7, wheyei r enovi ng conpri ses neans

nmeans _f or
for adj ddti ndhesprechgederpfslaim e“fhﬁmﬁmve%fq;égmevmsﬁ@%ﬂ%&f%éﬂ& band
edges, thGusting, for each gap, the frequency values of the two adjacent band edges, the

frequency value of the adjacent band edge corresponding to the band having higher
frequencies being adjusted relative to the adjustment of the frequency value of the 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 band energy of the adjacent band

having lower frequencies.

12.  The speech coder of claim 7, wherein the means for removing comprises means for
adjusting, for each gap, the frequency values of the two adjacent band edges, the
frequency value of the adjacent band edge corresponding to the band having higher
frequencies being adjusted relative to the adjustment of the frequency value of the 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 lower frequencies to the total

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




frequency value of the adjacent band edge corresponding to the band jhpvhme
.higher frequencies being adjusted relative to the adjustnent of the
frequency val ue of the adjacent band edge having | ower frequencies by a
ratio of x toy, wherein x is the band energy of the adjacent band having
hi gher frequencies, and y is the band @Rergy of the adjacent band having

| oner frequencies. 12. The speech coder of claim 7, wherein the neans for
renovi ng thoogtérsRsmoniang thoidjacil} batd Rasing Bfgh@:aﬁét‘lﬁﬁcﬁes tohthe frbtaneagy ofv al ues
of the two adj acent band edges, the _frequency value of the adjacent band
edge cor ﬁ%ﬁb?ﬁﬂh@ﬂ@d‘aﬁ’mﬂ}ﬁgﬁﬁ!ﬁ?ﬂwwshi gher ~frequenci es being adj ust ed
relative to the adjustnent of the frequency value of the adjacent band
edge having | ower frequencies by a ratio of x to y, wherein x is the ratio
of the dder gy speetineodeeobmpribiagnoni ¢ of the adj acent band having | ower

frequencies to the total energy_of the adjacent band having | ower, |
frequenci es, &nBrYOLYRE (G¥actar j nfigured otop REIFAFY 4 profotypy AkpmoA4trame ( heing ent er

har nmoni ¢ L8 RAhagsath Bad £Havi ng hi gher frequencies to the total energy
of the gg(j;caecentb%ban%ﬁﬁavi ng ’hilhgher frequencies. 13. A speech coder

conpri sing: a agprototypepguasiizeramupled dortld ptatypd exteactor aod canpgatdity dévide om a
frame bein rocessed b e speech.coder; d rototype quantizer

coupl eq (1 FROBES SRR LABF AETGP PR oIl Bt e } e FE R ency
spect r umbahds e elhOsPnYdRE, Adi @stabIBhUTe bich QoniRBOHEBtSef BSRdvalAthe Bl YRal ity
of bands to each segnent’, and establish, for each segnent, a set of

bandwi dt puralily of pandspwhersin thy psstotypa quantigheisdiuther isenfigused togstabligh theisebr i s
further | gL 0, i Sh. i i.ahl
pancv dt 8 PAPVRE SRR i 4% She ollep B0 AT B A BRI Sepent o, i
t he protanype quantizer is further configured to set the variable

bandwi dt hs by setting a target bandwidth, searching, for each band, an

anpl i tude vectBITOR heRrotobmsipraglizer infutbersaniigured i@ Sehihs vambh%lbwm@hmmer
in the b%ggsenﬂag%uﬂkgw Hahem&tﬂ,esem%igo;géggtﬁ%aﬁgﬁi %gfwgu%@veas YEQS! Y

establish band edges, positioning, and edges around
t he maxi pootptyae nodeermineithe nexahuinhizrmohis dwitxr im theb bandp exclhdingdnim ghe

| ocat ed between the band,edges is.equal to.the t t bandw dth divided by
e FanSEieR Foheer Sotaad 15 A5 predichily srudisheal ni Bfdes o RNE o Folllg oo
14. The peEGhe badiesdges aolid helmaxivial Rirohittuitel SichRBatdhé tithlZfimbes of
further configured to renove the gaps by setting, for each

. \ ap, the
adj acent hpamenieslgeated hetwssn fie bandedganisequall toithe target hondwidth ‘g?f@ﬁdé’ddbe val ue
of the t i 15, aim13, wherein
t he prot gﬁ/c%g{egﬁag%ﬂ@g{rwi a?a% g’r%tnﬁe% gaﬁ%ﬁ?tﬁggrf%@aéégggiengge&ig%he gaps by
setting, for each gap, the adjacent band edge corresponding to the band

with | esser ener equal to the frequen al ue of the adjacent,
4! D[%eggpeec coder ofh clagm %l, W >érc\{n tlL'lle prototype qu%mt?zer 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 adjacent band edges.

15.  The speech coder of claim 13, wherein the prototype quantizer 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 frequency value of the adjacent

band edge corresponding to the band with greater energy.

16.  The speech coder of claim 13, wherein the prototype quantizer is further
configured to remove the gaps by setting, for each gap, the adjacent band edge

corresponding to the band with higher localization of energy in the center of the band




band edge corresponding to the band with greater energy. 16. The spegchjaN 700
.coder of claim 13, wherein the prototype quantizer is further configured
to renove the gaps by setting, for each gap, the adjacent band edge
corresponding to the band with higher |ocalization of energy in the center
of the band 2 | JAN 2004 23 equal to tR& frequency value of the adjacent
band edge corresponding to the band with |ower |ocalization of energy in

t he cent equslftotthe fqundlcylﬂalue'rbﬁtlrﬁm?@:hncbﬁﬂr edgk cok@bpbnlithg thibe eband twich
prototype quantizer is_further con i%ured to renove the gaps by adjusting,
for each 9¥pr localizationof nsegy indhe eentesol thebando  adj acent band edges, the
frequency value of the adjacent band edge corresponding to the band having
hi gher frequencies being adjusted relative to the adjustnment of the
frequency7. valle epeechecald; asfenlairhabdl edgrimahé ngrotooyper gharaipeerisi fusthby a
ratio of x fo wherein x is 6 the band. energy of the adjacent d havi ng
hi gher f P@Hh&‘f%ﬁ’ i remayg the gapsthyAdiusHae e FRh ey ﬂl@rf@ﬁqaaﬁlévc leeswme Wi ng

| ower 1 GaLREGI R chfes, TCHORRAGIvARLSE Rl acﬁAc@hmaLa,edg@%&b@oh&ﬁg% kOt ype
gquantizer 1s further~ configured to renove the gaps by adjusting, for each
gap, the banéhedng highat freguentics lbeing\adjusted; relativng toothn ddpdtesnt of the freqgoency

{1 cauenci @t I <aeac Ut 67 BeY 08 (TR IRGE SR Roat Xin: HIBRIALy

val ue of thBariREANST theAdjaBatl Bahd HhviHg hNeF frbqRARS GindSy RYthé bakt érfbr%f x to
y, wherein x is the ratio of the energy 1n the center harnonic of the

adj acent abdhreadireentippnd daping lowerdteauencies.t o the total energy of the adjacent
band having |l ower frequencies, and y is the ratio of the energy in the
center harnonic of the adjacent band having higher frequencies to the

total endamsgy dfhet Bpeeatl] arientofbaninhdy, Rgettigbe pro®UyRNQuestizer 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 adjacent band edge corresponding to the
band having higher frequencies being adjusted relative to the adjustment of the frequency
value of the 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 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 adjacent band having higher frequencies

to the total energy of the adjacent band having higher frequencies.



