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Fi el d’ “of the Invention The present invention generally relates to speech
coders usi ng Code Excited Linear Predictive Coding (CELP), Stochastic
Codi ng or Vector Excited Speech Coding and nore specifically 10 to vector
quantizers for Vector-Sum Excited Linear Predictive Coding (VSELP).
Background of the |nvention 15 Code-excited |inear prediction (CELP)
is a speech coding technique used to produce high quality synthesized
speech. This class of speech coding, also known as vector-excited |inear
prediction, is used in numerous speechlcomunication and spg géﬁynthe5|s
applications. CELP is particularly 20 applicable to digital speech
encrypting and digital radlotelephone connunlcatlons systens wher ei n speech

quality, data rate, size,an are si ues n a CELP speech
coder, the long-term (pieveﬁ 1:aL @H&l%ﬁ%g&e{ ?faﬁp§d| ctors which
nodel the 25 characteristics of the input speech signal are incorporated

in a set of time varying filters. Specifically, a long-termand a
short-termfilter may be used. An excitation signal for the filters is
chosen from & codebook of stored iPeddafithe Invention

The present invention generally relates to speech coders using
Code Excited Linear Predictive Coding (CELP), Stochastic
Coding or Vector Excited Speech Coding and more specifically

10 to vector quantizers for Vector-Sum Excited Linear Predictive
Coding (VSELP).

Background of the Invention

15 Code-excited linear prediction (CELP) is a speech coding
technique used to produce high quality synthesized speech.
This class of speech coding, also known as vector-excited
linear prediction, is used in numerous speech communication
and speech synthesis applications. CELP is particularly

20 applicable to digital speech encrypting and digital
radiotelephone communications systems wherein speech
quality, data rate, size and cost are significant issues.

In a CELP speech coder, the long-term (pitch) and the

short-term (formant) predictors which model the

25 characteristics of the input speech signal are incorporated in a
set of time varying filters. Specifically, a long-term and a
short-term filter may be used. An excitation signal for the
filters is chosen from a codebook of stored innovation
sequences, or codevectors.

30 For each frame of speech, an optimum excitation signal is
chosen. The speech coder applies an individual codevector to




sequences, or codevectors. 30 For each franme of speech, an optinmum
exci t'ation signal is chosen. The speech coder applies an individual
codevector to 2 the filters to generate a reconstructed speech signal.
The reconstructed speech signal is conpared to the original input speech
signal, creating an error signal. The error signal is then weighted by
passing it through a spectral noise weighting 5 filter. The spectral

noi se weighting filter has a response based on human auditory perception.
The optinum excitation signal is a select codevect or which produces the
wei ghted error signal with the m ninumenergy for the current franme of
speech. 10 Typically, linear predictive coding (LPC) is used to

model the short t el aiigRato Gohialild AlbaNBudted kBBkcIPighAIP TR al SO

referred to as th ort ter e short t gnal . rrel tion
represents the re%ﬁﬁé@%ﬁ%ﬁéﬁ*ﬁﬁ%?@ﬁ if copRaged tp a‘i’@ ut

coefficients are Oétfée‘éﬁtmgﬁaﬁnﬁ‘ééﬁng%ﬂerﬁ& signadr aed efror sﬁghek 1spar amet er
fﬁtessgg?/t be used tt%e% \%ré?g tt%albzyeptagseingﬁg t %ﬁg 3 S'&Qﬂ"al%ﬁ@v)e?gﬁﬁﬂé' ed to
5 filter. The spectral noise weighting filter has a response based
on human auditory perception. The optimum excitation
signal is a selected codevector which produces the weighted
error signal with the minimum energy for the current frame
of speech. '

10 Typically, linear predictive coding (LPC) is used to model
the short term signal correlation over a block of samples, also
referred to as the short term filter. The short term signal
correlation represents the resonance frequencies of the vocal
tract. The LPC coefficients are one set of speech model

15 parameters. Other parameter sets may be used to
characterize the excitation signal which is applied to the short
term predictor filter. These other speech model parameters
include: Line Spectral Frequencies (LSF), cepstral
coefficients, reflection coefficients, log area ratios, and arc

20 sines.

A speech coder typically vector quantizes the excitation
signal to reduce the number of bits necessary to characterize
the signal. The LPC coefficients may be transformed into the
other previously mentioned parameter sets prior to

25 quantization. The coefficients may be quantized individually
(scalar quantization) or they may be quantized as a set (vector
quantization). Scalar quantization is not as efficient as vector
quantization, however, scalar quantization is less expensive in
computational and memory requirements than vector

30 quantization. Vector quantization of LPC parameters is used
for applications where coding efficiency is of prime concern.



termpredictor filter. These other speech nodel paraneters include: Line
Spectral Frequencies (LSF), cepstral coefficients, reflection coefficients,
| og area ratios, and arc 20 si nes. A speech coder typically vector
guanti zes the excitation signal to reduce the nunber of bits necessary to
characterize the signal. The LPC coefficients may be transfornmed into the
ot her previously nentioned paraneter sets prior to 25 quanti zation. The
coefficients may be quantized individually (scalar quantization) or they
may be quantized as a set (vector quantizgtion). Scal ar quantization is not
as efficient as vector quantization, however, scalar quantization is |ess
expensi ve in conputational and nenory requirenents than vector 30

guanti zation. Vector gﬂﬁﬁt_ %@%ggm{.agggg{zgﬁ%h%gyib% 4s&Ptd Bhlance

appl i cations where codin clency Is prime concern. . 3
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partitions a Np- ePEFRAPL Y q p P
5 parameter vector into n segments. Each of the n segments is
vector quantized separately. A second type of multi-segment
vector quantization partitions the LPC parameter among n
vector codebooks, where each vector codebook spans all Np
vector elements. For illustration of vector quantization
10 assume Np =10 elements and each element is represented by 2
bits. Traditional vector quantization would require 220
codevectors of 10 elements each to represent all the possible
codevector possibilities. The first type of multi-segment vector
quantization with two segments would require 210 , 210
15 codevectors of 5 elements each. The second type of multi-
segment vector quantization with 2 segments would require
210 4 210 godevectors of 5 elements each. Each of these
methods of vector quantization offering differing benefits in
coding efficiency, search complexity and storage
20 requirements. ‘Thus, the speech coder state of the art would
benefit from a vector quantizer method and apparatus which
increases the coding efficiency or reduces search complexity or
storage requirements without changes in the corresponding
requirements.
25
Brief Description of the Drawings

FIG. 1 is a block diagram of a radio communication
system including a speech coder in accordance with the
30 present invention..



5 parameter vector into n segnents. Each of the n segnents is vector
guantized separately. A second type of nulti-segnent vector quantization
partitions the LPC paraneter anong n vector codebooks, where each vector
codebook spans all Np vector elenents. For illustration of vector

qgquanti zation 10 assume Np =10 el enents and each elenent is represented by
2 bits. Traditional vector quantization would require 220 codevectors of 10
el enents each to represent all the possible codevector, possibilities. The
first type of nulti-segnment vector quantization with two segnents woul d
require 210 + 210 15 codevectors of 5 elenments each. The second type of
mul ti- segnent vector quantization with 2 segnents would require 2[err] +
2lerr] codevectors of ycel LRPAUSARAgraat bf of sldbRA IR i dbcbfdatie! Of
quantization offering differin _Bene,l S In codling efficiency, search
conplexity and st d¥ heppreseph inyeiHd®R-s. Thus, the speech coder state of

the art woul d benefit FIRn & ¥g5hph osfudet arcSindRimt@ibradsed pPar at us whi ch
i ncreases the codi n&og ficien reduces search conplexity or storage

; or
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Description of the Drawings FIG 1 is a block diagramof a radio
communi cati on

Description of a Preferred Embodiment

A variation on Code Excited Linear Predictive Coding
(CELP) called Vector-Sum Excited Linear Predictive Coding
10 (VSELP), described herein, is a preferred embodiment of the
present invention. VSELP uses an excitation codebook having
a predefined structure, such that the computations required
for the codebook search process are significantly reduced.
This VSELP speech coder uses a single or multi-segment
15 vector quantizer of the reflection coefficients based on a Fixed-
Point-Lattice-Technique (FLAT). Additionally, this speech
coder uses a pre-quantizer to reduce the vector codebook search
complexity and a high-resolution scalar quantizer to reduce
the amount of memory needed to store the reflection coefficient
20 vector codebooks. The result is a high performance vector
quantizer of the reflection coefficients, which is also
computationally efficient, and has reduced storage
requirements.
FIG. 1 is a block diagram of a radio communication
25 system 100. The radio communication system 100 includes two
~ transceivers 101, 113 which transmit and receive speech data
to and from each other. The two transceivers 101, 113 may be
part of a trunked radio system or a radiotelephone
communication system or any other radio communication
30 system which transmits and receives speech data. At the
transmitter, the speech signals are input into microphone 108,



system including a speech coder in accordance with the 30 pr esent
Inventi on. 4 FIG 2 is a block diagram of a speech coder in accordance
with the present invention. FIG 3 is a graph of the arcsine function used
in accordance with the present invention. Description of a Preferred

Enbodi nent A variation on Code Excited Linear Predictive Coding (CELP)
cal l ed Vector-Sum Excited Linear Predictive Coding 10 (VSELP), described
herein, is a preferred enbodi nent of the present invention. VSELP uses an
excitation codebook having a predefined structure, such that the

conput ations required for the codebook search process are significantly
reduced. This VSELP speech coder uses a single or nulti-segnent 15 vect or

quantizer of the rgid ¢itd & Qﬁi‘dbk-@el?é&t§ ttaewinmea paraateters of the
Poi nt-Latti ce-Techni Addi t eech oder uses a
pre-quantizer to rsé’ﬁg&é"g‘i‘ftelvé’elf%f’o @‘é%ﬂ%?‘f“ig A% a
hi gh-resol uti on scheartramsmittzéto the behietcﬁrahbeemenﬂlm ot himmthgar needed to
SEorE e nerect it?&ngc%%gri ﬂf, The transmitted codes for the quantized
5 parameters are received 121 and used to regenerate the speech
in the speech decoder 123. The regenerated speech is output to
the speaker 124.
FIG. 2 is a block diagram of a VSELP speech coder 200. A
VSELP speech coder 200 uses a received code to determine
10 which excitation vector from the codebook to use. The VSELP
coder uses an excitation codebook of 2M codevectors which is
constructed from M basis vectors. Defining vip(n) as the mth
basis vector and uj(n) as the ith codevector in the codebook,
then:

M
u;(n) = z 0., V(D)
15 m-1 (1.10)
where 0<i< 2M-1; 0 <n < N-1. In other words, each
codevector in the codebook is constructed as a linear
combination of the M basis vectors. The linear combinations
are defined by the 6 parameters.
20 0im is defined as:
0im = +1 if bit m of codeword i =1
8im = -1 if bit m of codewordi=0
Codevector i is constructed as the sum of the M basis vectors
where the sign (plus or minus) of each basis vector is
25 determined by the state of the corresponding bit in codeword i.
Note that if we complement all the bits in codeword i, the
corresponding codevector is the negative of codevector 1.
Therefore, for every codevector, its negative is also a codevector
in the codebook. These pairs are called complementary



20 _vector codebooks. The result is a high performance vector quantizer
of the reflection coefficients, which is also conputationally efficient,
and has reduced storage requirenments. FIG 1 is a block diagramof a radio
comuni cation 25 system 100. The radi o communi cati on system 100 i ncl udes
two transceivers 101, 113 which transmt and receive speech data to and
fromeach other. The two transceivers 101, 113 nay be part of a trunked
radi o system or a radi otel ephone conmuni cati on system.or any other radio
communi cati on 30 system which transmtsgand receives speech data. At the
transmtter, the speech signals are input into m crophone 108, 5 and the
speech coder selects the quantized paraneters of the speech nodel. The

codes for the quanbiéestbry sifResthe eirdespstidingandewiords dre t he ot her
transcei ver 113. At t e ot her tra sceiver 113, the transmtted codes for

t he quantized 5 mends of gach tberyeq 121 and used to regenerate the
speech in the Speech Mmdﬁre éﬂ&op?mermmhasbéenmesm; theogaiput to the
speaker 124. block 205 scales the chosen vector by the gain term, y. The

5 output of the gain block 205 is applied to a set of linear filters
207, 209 to obtain N samples of reconstructed speech. The
filters include a "long-term" (or "pitch") filter 207 which
inserts pitch periodicity into the excitation. The output of the
"long-term" filter 207 is then applied to the "short-term" (or

10 “formant") filter 209. The short term filter 209 adds the
spectral envelope to the signal.

The long-term filter 207 incorporates a long-term
predictor coefficient (LTP). The long-term filter 207 attempts to -
predict the next cutput sample from one or more samples in

15 the distant past. If only one past sample is used in the
predictor, than the predictor is a single-tap predictor.
Typically one to three taps are used. The transfer function for
a long-term ("pitch") filter 207 incorporating a single-tap long-
term predictor is given by (1.1).

20

B@) = ——

1-B2" (L.1)
B(z) is characterized by two quantities L and B. L is called the
"lag". For voiced speech, L. would typically be the pitch period
or a multiple of it. L may also be a non integer value. If L is a

25 non integer, an interpolating finite impulse response (FIR)
filter is used to generate the fractionally delayed samples. B is
the long-term (or “pitch") predictor coefficient.

The short-term filter 209 incorporates short-term
predictor coefficients, aj, which attempt to predict the next

30 output sample from the preceding Np output samples. Np



FIG 2 is a block diagramof a VSELP speech coder 200. A VSELP speech coder
200 uses a received code to determine 1 0 whi ch excitation vector from
the codebook to use. The VSELP coder uses an excitation codebook of 2M
codevectors which is constructed from M basis vectors. Defining vm(n) as
the nth basis vector and ui(n) as the ith codevector in the codebook, then:
[err] where O [err] i [err] 2M1; O[err] n [err] N1. In other words, each
codevector in the codebook is constructed as a |inear .conbination of the M
basis vectors. The |inear conbinations aregjdefined by the [err] paraneters.
20 [err]imis defined as: [err]in1: +1 if bit mof codeword i =1
[err]im=-1if bit n1of codeword i 0 Codevector i is constructed as the

sum of the M basi s tygehll sfaw@egm@m (plthe prefarred omissdiwt, by
Codeword 1. deﬁé%«%#%ﬁ ohBF efiefictesm ale 20PuE SRR e "

codeword i. Note t |,the
correspondi ng COdeYﬁdwfonaiimsmﬂmsls/ﬁlwf Qheetmanisber functioer forche, f or
every codevector, i}g %gmi}}'f%r'ﬁﬂéﬁve% ﬁyflfﬁ?(:tor i n the codebook. These

pairs are called c8
A@Z) =

1-20.1 2!
5 i=1 (1.2
The short-term filter 209 is characterized by the aj parameters,
which are the direct form filter coefficients for the all-pole
"synthesis" filter. Details concerning the aj parameters can
be found below.

10 The various parameters (code, gain, filter parameters)
are not all transmitted at the same rate to the synthesizer
(speech decoder). Typically the short term parameters are
updated less often than the code. We will define the short term
parameter update rate as the "frame rate" and the interval

15 between updates as a "frame". The code update rate is
determined by the vector length, N. We will define the code
update rate as the "subframe rate" and the code update
interval as a "subframe". A frame is usually composed of an
integral number of subframes. The gain and long-term

20 parameters may be updated at either the subframe rate, the
frame rate or some rate in between depending on the speech
coder design.

The codebook search procedure consists of trying each
codevector as a possible excitation for the CELP synthesizer.

25 The synthesized speech, s'(n), is compared 211 against the
input speech, s(n), and a difference signal, ej, is generated.
This difference signal, ej(n), is then filtered by a spectral
weighting filter, W(z) 218, (and possibly a second weighting



6 codevectors since the correspondi ng codewords are conpl enents of each
other. After the appropriate vector has been chosen, the gain bl ock 205
scal es the chosen vector by the gain term [err]. The 5 out put of the
gain block 205 is applied to a set of linear filters 207, 209 to obtain N
sanpl es of reconstructed speech. The filters include a "long-ternt (or
"pitch") filter 207 which inserts pitch periodicity into the excitation.
The output of the "long-term filter 207 is then applied to the
"short-term (or 10 “formant") filter 209. The short termfilter 209
adds the spectral envelope to the signal. The long-termfilter 207

I ncorporates a long-term predictor coefficient (LTP). The long-termfilter

207 attenpts to PHREIrCU(L)) %0 MRNerd P WeiShtEd Errof @BWHIE e¥h).MR sanpl es in
15 the distant past. .If 'onl,% one a(gt zﬁrrpl eis u eﬁi | nr%;igre ﬂledl ctor,
than the predict oPOWETdn&'(®ajt 9?@@“5? &t Sre.ne’f%f;ﬁéf‘ gtog o*tfiree taps
are used. The trapsdévectomnatichn generatesothe- intnimairpmeighjed ettorr 207
ncorporating a singlesl aRoLaNds the BHBIETLS F tlal HBYEENEY File 1) - 20
5 spectral weighting filter 213 serves to weight the error

spectrum based on perceptual considerations. This weighting

filter 218 is a function of the speech spectrum and can be

expressed in terms of the o parameters of the short term

(spectral) filter 209.

1-) ajzi

W(z)=—2

N
1-2 o z
10 -1 (1.3)

There are two approaches that can be used for calculating
the gain, v. The gain can be determined prior to codebook
search based on residual energy. This gain would then be
fixed for the codebook search. Another approach is to optimize

15 the gain for each codevector during the codebook search. The
codevector which yields the minimum weighted error would be
chosen and its corresponding optimal gain would be used for y.
The latter approach generally yields better results since the
gain is optimized for each codevector. This approach also

20 implies that the gain term must be updated at the subframe
rate. The optimal code and gain for this technique can be
computed as follows:

1. Compute y(n), the weighted input signal, for the
subframe.

25 2. Compute d(n); the zero-input response of the B(z) and W(z)
(and C(z) if used) filters for the subframe. (Zero input response



[err] B(z) is characterized by two quantities L and [err]. L is called the
"l.ag". For voiced speech, L would typically be the pitch period or a
multiple of it. L may also be a non integer value. If L is a 25 non
integer, an interpolating finite inpulse response (FIR) filter .is used to
generate the fractionally del ayed sanples. [err] is the long-term (or
"pitch") predictor coefficient. The short-termfilter 209 incorporates
short-term predictor coefficients, [err] which attenpt.to predict the next
30 out put sanple fromthe preceding Np qQut put sanples. Np 7 typically
ranges from8 to 12. In the preferred enbodinent, Np is equal to 10. The
short-termfilter 209 is equivalent to the traditional LPC synthesis
filter. The transf | t {4k ' L ven by
(1.2). [err] The sharrererpeifte GieHelSBRaM &S Mout; YAE dECRY pRuie
paraneters, which dHEeX #f@t@)ect formfilter coefficients for the all-pole

“synthesis" filter.3 Detpath) s ygANCAH) dVerisudflsené (0 Ry ameugrs can be found
bel ow.

4. for each code i
5 a. Compute gi(n), the zero state response of B(z) and
W(z) (and C(z) if used) to codevector i. (Zero-state response is

the filter output with initial filter states set to zero.)

b. Compute
N-1
C; = ) gin) p(n)
2=0 (1.5)
10 the cross correlation between the filtered codevector
i and p(n)
c. Compute
N-1 )
G; = Y (g{n))
=0 (1.6)
the power in the filtered codevector i.
cP
(G
15 5. Choose i which maximizes G; 1.7

6. Update filter states of B(z) and W(z) (and C(z) if used)
filters using chosen codeword and its corresponding quantized
gain. This is done to obtain the same filter states that the
synthesizer would have at the start of the next subframe for

20 step 2.
The optimal gain for codevector i is given by (1.8)

Vi~
'+ G (1.8)
And the total weighted error for codevector i using the optimal

gain, ¥ is given by (1.9).



10 The various paraneters (code, gain, filter paraneters) are not
all transnitted at the sanme rate to the synt hesi zer (speech decoder).
Typically the short term paraneters are updated | ess often than the code.
W will define the short term paraneter update rate as the "frane rate" and
the interval 1 5 bet ween updates as a "franme". The code update rate is
determ ned by the vector length, N W wll define the code update rate as
the "subframe rate" and the code update interval as a .'subfrane". A franme
is usually conposed of an integral nunmber pf subfranes. The gain and

| ong-term 20 paranmeters may be updated at either the subframe rate, the
frame rate or sone rate in between dependi ng on the speech coder design.
The codebook search proc Eére cpn ts of trying each codevector as a
pOSSIb|e excitation fog t hesi zer. 25 The synt hesi zed speech,
s'(n), is conpared 21171 az Fhasgnput speech, s(n), and a difference
signal, ei, is generated. |s di f ference &i9nal, ei(n), is then filtered
by a spectral weighting filter, Wz) 213, (and possibly a second wei ghting

filter, z)) to gener,ﬁglee short {e%'r:]x& %Czi'eglrc%)rr pgxl'agrrllgtl,érs ealrg r&é o-LI;hseof the
short term filter 209 of FIG. 2. These are standard LPC direct
5 form filter coefficients and any number of LPC analysis
techniques can be used to determine these coefficients. In the
preferred embodiment, a fast fixed point covariance lattice
algorithm (FLAT) was implemented. FLAT has all the
advantages of lattice algorithms including guaranteed filter
10 stability, non-windowed analysis, and the ability to quantize
the reflection coefficients within the recursion. In addition
FLAT is numerically robust and can be implemented on a
fixed-point processor easily.
The short term predictor parameters are computed from
15 the input speech. No pre-emphasis is used. The analysis
length used for computation of the parameters is 170 samples
(NA = 170). The order of the predictor is 10 (NP = 10).
This section will describe the details of the FLAT
algorithm. Let the samples of the input speech which fall in
20 the analysis interval be represented by s(n); 0 £ n < NA-1.
Since FLAT is a lattice algorithm one can view the technique
as trying to build an optimum (that which minimizes residual
energy) inverse lattice filter stage by stage.
Defining bj(n) to be the backward residual out of stage j of the
25 inverse lattice filter and fj(n) to be the forward residual out of

stage j of the inverse lattice filter we can define:
Nl

Fik)= Y f{n-Dfn-k)
n=Np - (2‘1)



power in e (n) is conputed at the energy cal cul ator 215. The codevect or

whi ch’ generates the m ni num wei ghted error power is chosen as the
codevector for that subframe. The 5 spectral weighting filter 213 serves
to weight the error spectrum based on perceptual considerations. This
weighting filter 213 is a function of the speech spectrum and can be
expressed in terns of the a paraneters of the short term (spectral) filter
209. [err] 10 There are two approaches that can be used for cal culating the
gain, [err]. The gain can be determ ned pripr to codebook search based on
residual energy. This gain would then be fixed for the codebook search.

Anot her approach is to optimze 15 the gain for each codevector during

t he codebook sear nge dRfocoPHANA6H QT fyddch yiel ds the m ni mum wei ghted error
woul d be chosen and i1ts corr s ondlng optlnal gain woul d be used for [err].

The | atter approach gm Idﬁg results since the gain is
optim zed for each co t Or& prodgch al so 20 inplies that the

gain term nust be updated at®™The subframe 28¢. The optimal code and gain

-for this techni que can co ted f_ 1. Conpute y(n), the
wei ghted i nput si gHf ?%‘10 eﬂgﬂon hed§d-2) hRYs:

C{i.k) = 2 f(n-)bjn-k-1)
oo (2.3)

5 the cross correlation between fj(n) and bj(n-1).
Let rj represent the reflection coefficient for stage j of the

inverse lattice. Then:
F{i,k) = F; (1K) + 1;(Cj. (1K) + Cj (kD)) + rsz 1K) (9 4
and
1-0
B{(ik) = Bj. i+ Lk+1) + 13(Cy i+ L k+ 1) + Cj.o(k+1,i+ 1)) + rszj_l(i+l,k+1)
(2.5)

and
] 2 .
C{ik) = Cj. (bk+1) + (B (Lk+ 1) + Fy kD) + 15Cy (k4 1,D)
15 (2.6)
The formulation we have chosen for the determination of rj

can be expressed as: . .
C;.{0,0) + C; (Np- i.Np-j)

r- = - J l J - - - .

i~ 2F, (0,00 + B;(0.0) +F; {(Np- J:;Np- P + B} (Np- 1.Np- D

2.7
20 The FLAT algorithm can now be stated as follows.
1. First compute the covariance (autocorrelation) matrix

from the input speech:
N1

oGk = Y s(n-i) s-k)
Ne (2.8)
for 0 < i,k < NP.



subfranme. 25 2. Conpute d(n); the zero-input response of the B(z) and
Wz) (and C(z) if used) filters for the subframe. (Zero input response

is the response of the filters with no input; the decay of the filter
states.) 3. p(n) =y(n) - d(n) over subframe (O[err] n [err] N1) 4. for

each code i 5 a. Compute gi(n), the zero state response of B(z)
and Wz) (and C(z) if used) to codevector i. (Zero-state response is the
filter output with initial filter states set to zero.)-.b. Compute [err]
10 the cross correlation betwgen the filtered codevector i and
p(n) c. Conpute [err] the power in the filtered codevector i. 15 5.

Choose i which maximzes J[err] (1.7) 6. Update filter states of B(z) and
Wz) (and C(z) if @WsedFO(ik})efd k)si ng OchigsgiNR-ddewor d28)d its correspondi ng
guanti zed

BO(i,k) = f{i+1,k+1) 0 <i,k <NP-1 (2.10)
CO(i,k) = f(i,k+1) 0 <ik <NP-1 (2.11)
3. set)j=1

5 4. Compute rj using (2.7)
5. Ifj = NP then done.
6. Compute Fj(i,k) 0<ik<NP--1 using (2.4)
Compute Bj(i,k) 0<ik<NP-j-1 using (2.5)
Compute Cj(i,k) 0<ik <NP-j-1 using (2.6)
10 7. j=j+1;goto4.
Prior to solving for the reflection coefficients, the ¢ array
is modified by windowing the autocorrelation functions.
¢'(i,k) = ¢(iK)w(li-kD) 2.12)
Windowing of the autocorrelation function prior to reflection
15 coefficient computation is known as spectral smoothing (SST).
From the reflection coefficients, rj, the short term LPC
predictor coefficients, oj, may be computed.
A 28-bit three segment vector quantizer of the reflection
coefficients is employed. The segments of the vector quantizer
20 span reflection coefficients r1-r3, r4-r6, and r7-r10
respectively. The bit allocations for the vector quantizer
segments are:

Q1  11bits
Q2  9bits
25 Q3  8bits.

To avoid the computational complexity of an exhaustive vector
quantizer search, a reflection coefficient vector prequantizer is
used at each segment. The prequantizer size at each segment
is: '



‘gain. This is done to obtain the same filter states that the synthesizer

woul d 'have at the start of the next subframe for 20 step 2. The opti nal
gain for codevector i is given by (1.8) [err] And the total weighted error
for codevector i using the optinmal gain, [err] is given by (1.9). 10

[err] The short term predictor paraneters are the [err]i's of the short
termfilter 209 of FIG 2. These are standard LPC direct 5 formfilter
coefficients and any nunber of LPC anal ysis techniques. can be used to
determ ne these coefficients. In the prefefyed enbodi nent, a fast fixed
poi nt covariance lattice algorithm (FLAT) was inplenented. FLAT has all the
advant ages of lattice algorithns including guaranteed filter 10
stability, non-w ndowepj anag S, and the ability to quantize the
reflection coeffici engﬁ%wi t%'én the recursion. In addition FLAT is

an

nunerically robust an 15 npl emented on a fixed-point processor

easily. P3 4 bits
At a given segment, the residual error due to each vector from
5 the prequantizer is computed and stored in temporary
memory. This list is searched to identify the four prequantizer
vectors which have the lowest distortion. The index of each
selected prequantizer vector is used to calculate an offset into
the vector quantizer table at which the contiguous subset of
10 quantizer vectors associated with that prequantizer vector
begins. The size of each vector quantizer subset at the k-th
segment is given by:

S =22
2P« (2.13)

The four subsets of quantizer vectors, associated with the

15 selected prequantizer vectors, are searched for the quantizer
vector which yields the lowest residual error. Thus at the first
segment 64 prequantizer vectors and 128 quantizer vectors are
evaluated, 32 prequantizer vectors and 64 quantizer vectors are
evaluated at the second segment, and 16 prequantizer vectors

20 and 64 quantizer vectors are evaluated at the third segment.
The optimal reflection coefficients, computed via the FLAT
technique with bandwidth expansion as previously described
are converted to an autocorrelation vector prior to vector
quantization.

25 An autocorrelation version of the FLAT algorithm,
AFLAT, is used to compute the residual error energy for a
reflection coefficient vector being evaluated. Like FLAT, this
algorithm has the ability to partially compensate for the
reflection coefficient quantization error from the previous

30 lattice stages, when computing optimal reflection coefficients



The short term predictor paraneters are conputed from 15 t he i nput
speech. No pre-enphasis is used. The analysis | ength used for conputation
of the paranmeters is 170 sanples (NA = 170). The order of the predictor is
10 (Np = 10). This section will describe the details of the FLAT. al gorithm
Let the sanples of the input speech which fall in 20 t he anal ysis

i nterval be represented by s(n); O [err] n [err] NA-1. Since FLAT is a

| attice algorithmone can view the technique as trying.to build an optinmm
(that which m nimzes residual energy) inverse lattice filter stage by
stage. Defining bj(n) to be the backward residual out of stage j of the 25
I nverse lattice filter and fj(n) to be the forward residual out of stage |

O L Vere) ! Al Rkl s oAy debititend fidbr from Bevaibpeor el aton

of fj(n); [err] the autocortel ation of err the cross
correl ation bet weerfidgntigeraatothy gyrrent sggmepjt ﬁységwpwmnwape@ i on
coefficient for stafgnifi@nt!fbe frames that have high reflection coefficient

quantization distortion. The AFLAT algorithm, in the context
5 of multi-segment vector quantization with prequantizers, is
now described:

Compute the autocorrelation sequence R(i), from the optimal
reflection coefficients, over the range 0 < i < Np. Alternatively,
10 the autocorrelation sequence may be computed from other
LPC parameter representations, such as the direct form LPC
predictor coefficients, qj, or directly from the input speech.

Define the initial conditions for the AFLAT recursion:

15
Po()) =R(), 0<i<Np-1 (914)
Vo =R(i+1)), 1-N,<i<Np-1
(2.15)
20 Initialize k, the vector quantizer segment index:

k=1 (2.16)
Let l{(k) be the index of the first lattice stage in the k-th
segment, and Ih(k) be the index of the last lattice stage in the
k-th segment. The recursion for evaluating the residual error
25 out of lattice stage Ih(k) at the k-th segment, given T, a
reflection coefficient vector from the prequantizer or the
reflection coefficient vector from the quantizer is given below.

Initialize j, the index of the lattice stage, to point to the
30 beginning of the k-th segment:



inverse lattice. Then: Flerr](i,k) = F[err](i,k) + r[err](Cferr](i, k) +
Clerr](k,i)) + r[err]Blerr](i,k) (2.4) and 10 Blerr] (i, k) =

Blerr](i+1, k+L)+r[err](Cerr](i+1, k+l)+(err] (k+l,i+1))+r[err]F[err](i+1, k+
1) (2.5) and Clerr](i,k) = Cerr](i,k+l) + rferr](Blerr](i,k+l) +
Flerr](i,k+1)) + r[err]Cferr](k+1,i) 15 (2.6) The formulation we have
chosen for the determnation of r[err] can be expressed as: [err] 20

The FLAT al gorithm can now be stated as follows. 1. .First conpute the

covariance (autocorrelation) matrix fromt |nput speech: [err] for O
[err] i,k [err] NP 12 2. F((i, rr](| O [err] i,k [err]
NP- 1 (2.9) BAi,k) = f(i+1, k+1) 0 [err] I,k [err] NP- 1 (2.10)

j=hk) @17
Set the initial conditions Pj-1 and Vj-1 to:
Pj.1(1) = Py (i), 0<ishk)-Lk)+1 (2.18)
Vi) =V, Lk +4k) -1 < i< LE-LK+1 (9719)

Compute the values of Vj and Pj arrays using:
Py(i) = (1489 Pjy (i) + 5[ Vi1 @) + Via(D], 0<i <H(K) - (9.90)
V(i) = Vi(i+1) + ;Jz Via(-i-1) + 2’1’j Pj_l(}i+ll), j-LEK <i<IhkK)-j
(2.21)
10
Increment j:
j=j+1 (2.22)

If j < In(k) go to (2.20).
15
The residual error out of lattice stage In(k), given the reflection

coefficient vector T, is given by:
E; = Pr@ (2.23)

20 Using the AFLAT recursion outlined, the residual error due to
each vector from the prequantizer at the k-th segment is
evaluated, the four subsets of quantizer vectors to search are
identified, and residual error due to each quantizer vector

from the selected four subsets is computed. The index of r, the
25 quantizer vector which minimized Er over all the quantizer

vectors in the four subsets, is encoded with Q) bits.

If k < 3 then the initial conditions for doing the recursion at
segment k+1 need to be computed. Set j, the lattice stage index,
30 equal to: ‘



C(i,k) =f(i,k+1l) O [err] i,k [err] NP-1 (2.11) 3. setj =15 4.
Conmpute r[err] using (2.7) 5. If j = NP then done. 6. Conpute F[err](i,Kk)
O [err]ik [err] NP-j-1 using (2.4) Conpute Bj(i,k) O [err] i,k [err]
NP-j -1 using (2.5) Conmpute G (i,k) O [err] i,k [err] NP-j-1 usi ng
(2.6) 10 7. J =j+1l;90 to 4. Prior to solving for the reflection
coefficients, the [err] array is nodified by window ng the autocorrelation
functions. [err]'(ik) =TJerr](i,k)W|i-Kk|) (2.12) Wndow ng of the
autocorrel ation function prior to reflecti 15 coefficient conmputation
is known as spectral snoothing (SST). Fromthe reflection coefficients, rj,
the short term LPC predictor coefficients, [err]j, may be conputed. A
28-bit three segnent VeI K quamgéaﬁr of the reflection coefficients is
enpl oyed. The segments”of the veCt'or quantizer 20 span reflection
coefficients rl-r3, r4-r6, and r7-r10 respectively. The bit allocations for

the vector quanti nﬁﬁggents are: QL 11 bits 9 bits 25
8 bits. €b — = . ~—_—Q.2 . ) B
Pi() = (1+rj2) P; () + fj[ V(@) + Vj—l('l)] ,O0Si<Np-j-1 (2.25)

5

Vi(i) = Vj1(+1) + r—} Via(i-1) + 25 Py 1(i+1]), j-Np+1<i<Np-j-1
(2.26)
Increment j,

10 j=j+1 (2.27)
If j < Tn(k) go to (2.25).
Increment k, the vector quantizer segment index:

15 k=k+1 (2.28)

If k<3 goto(2.17). Otherwise, the indices of the reflection
coefficient vectors for the three segments have been chosen,
and the search of the reflection coefficient vector quantizer is
20 terminated.
To minimize the storage requirements for the reflection
coefficient vector quantizer, eight bit codes for the individual .
reflection coefficients are stored in the vector quantizer table,
instead of the actual reflection coefficient values. The codes
25 are used to look up the values of the reflection coefficients from
a scalar quantization table with 256 entries. The eight bit codes
represent reflection coefficient values obtained by uniformly
sampling an arcsine function illustrated in FIG. 3. Reflection
coefficient values vary from -1 to +1. The non-linear spacing in
30 the reflection coefficient domain (X axis) provides more



To avoid the conmputational conplexity of an exhaustive vector quantizer
search, a reflection coefficient vector prequantizer is used at each

segnent. The prequanti zer size at each segnent is: 13 P1 6 bits P2 5
bits P3 4 bits At a given segnent, the residual error due to each vector
from5 the prequantizer is conputed and stored in tenporary nenory. This

list is searched to identify the four prequantizer vectors which have the

| owest distortion. The index of each sel ected prequanti-zer vector is used
to calculate an offset into the vector qugntizer table at which the
contiguous subset of 10 guanti zer vectors associated with that
prequanti zer vector begins. The size of each vector quantizer subset at the

k-th segnent is gi \teasmn fdre¥dtiection doefficianbs mmthavamészﬂe NE&t Or' S,
associated with thﬁ sel e t?ng) 5 uanti zer, vech %h sear ched for
the quanti zer e extremes o nd less precision w e va ues are
near 0. This reduces the spectral distortion due to scalar
quantization of the reflection coefficients, given 256
5 quantization levels, as compared to uniform sampling in the

reflection coefficient domain.

What is claimed is:



vector which yields the lowest residual error. Thus at the first segnment 64
pr equantt+ze+r—veetoers—and—-128 quanti zer vectors are eval uated, 32

prequantl 64 quantizer vectors are evaluated at the second
segnent, j@!lmﬁm ﬂLzer vectors 20 and 64 quantizer vectors are
eval uat e gnent. The optimal reflection coefficients,
conputed via the FLAT techni que wi th bandw dt h expansi on as previously
described are converted to an autocorrel ation vector prior to vector
quanti zation. 25 An autocorrel ati onyyersion of the FLAT al gorithm
AFLAT, is used to conpute the residual error energy for a reflection

coefficient vector being evaluated. Like FLAT, this algorithmhas the
ability to partially corrpensate for the reflection coefficient quantization

error fromthe previo ti,ce wh

reflection coef Pi c?/:angi nﬁheﬁa olgéﬂeﬁ ”‘ﬂb""&n?‘é‘%ln%tg?’ écl?%f%%&ogm vect or

f rom ]?- VeCE 0:; qU?nb(bdﬁ;@tt \td&&nclﬂtrieenét}%ih?pnsﬁtg Slglz Bmps/?ﬁ’rent ;:an be

sighi thcant 1or 1 1anes g Proh ORGP EbdG R vattANHpat | on
Famefiine e inaf RS

distortion. The AFLAT
5 at least a first and a second segment;

b) providing a first array of predetermined vectors of
reflection coefficients, each vector having multiple elements;

¢) selecting a first vector from the first array of
predetermined vectors, providing a first selected vector;

10 d) calculating the residual error corresponding to the first
selected vector;

e) repeating steps ¢ and d for each vector of the first array;

f) choosing a vector from the first array having the lowest -
residual error, forming a first chosen vector;

15 g) defining, responsive to the first chosen vector, initial
conditions for the second segment;

h) providing a second array of predetermined vectors of
reflection coefficients, each vector having multiple elements;
and

20 i) repeating steps c-f for the second segment, using the
second array of predetermined vectors and _forming a second
chosen vector.
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5 of_pulti-segnment vector quantization with prequantizers, is now
described: Conpute the autocorrelation sequence R(i), fromthe optimal

reercLUIﬂlHMllEllﬂmtlm over the range 0 [err] i [err] Np. Aternatively,
sequence may be conputed from ot her LPC paraneter

representatlons "suth as the direct form LPC predi ctor coefficients, ai, or
directly fromthe input speech. Define the initial conditions for the AFLAT
recursion: 15 [err] (i) = R(i), O [err] i [err] Nerr]«-1 (2.14) [err](i) =
R(|i+1]), 1-Nerr] i [err] Nerr]-1 (2.15);920 Initialize k, the vector
quantizer segnent index: k =1 (2.16) Let [err] (k) be the index of the
first lattice stage in the k-th segnent, and I h(k) be the index of the | ast
| atti ce stage in the k-th segnent The recursion for evaluating the

residual error k 4 gent, i ven
[err], a reflectlon coéf‘fkc}g % f;‘g‘f&%?&g&’%h@%ﬁ &R FlI%%hf}&% nthe ’

refl ection coeffi aoefficiert vectots the meshgdaotiprisingdhgistens bél ow. Initialize
i, the index of the |ghtdegmehtfflethd BpRtidlirefRetibf cdBfficielCobdBl Pl the

k-th segment:
at least a first and a second segment;

b) providing a first array of predetermined vectors of
reflection coefficients, each vector having multiple elements;

¢) providing an autocorrelation vector corresponding to
the optimal reflection coefficient vector;

10 d) defining, responsive to the step of providing an
autocorrelation vector, initial conditions for a correlation array
and a cross-correlation array;

e) setting the correlation array and the cross-correlation -
array to the defined initial conditions;

15 f) selecting a first vector from the first array of
predetermined vectors, providing a first selected vector;

g) updating the correlation array and cross-correlation
array for each element of the first selected vector;

h) defining, responsive to the step of updating, the

20 residual error corresponding to the first selected vector;

i) repeating steps e-h for each vector of the first array;

j) choosing a vector from the first array having the lowest
residual error, forming a first chosen vector;

k) defining, responsive to the first chosen vector, initial

25 conditions for the second segment;

1) providing a second array of predetermined vectors of
reflection coefficients, each vector having multiple elements;
and

m) repeating steps e-j for the second segment, using the

30 second-array of predetermined vectors and forming a second
chosen vector.
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K) et the initial

21 Se conditions Pj-1 and Vj-1 to:
rr] i [err] I[err](k) - IJerr](k) + 1 (2.18)
r'm)mg"mgrr](k) +1Terr](k) - 1 [err] i [err] Iferr](k) -
ute the values of Vj and Pj arrays using: Pj(i)
err(i) + [err] [ VIerr](i) + V[err](-1)], O [err] i [err]
(2.20) Vj(i) = Verr](i+l) + [err] V[err](-i-l) + 2[err]
j - I[err](k) [err] i [err] I[err](k) --4 (2.21) 10
=j +1 (2.22) 1t | [err]zdh(k) go to (2.20). 15 The
out of lattice stage Ih(k), given the reflection coefficient

Plerr](0) (2.23) 20
error

Usi ng t he AFLAT
due to each vector fromthe

415, Lo 4RA o

t he residual

coefficient vector comprising the steps of:
providing a first array of X predetermined vectors of
reflection coefficients;
pre-quantizing the optimal reflection coefficient vector
comprising the steps of:
providing a second array of Y predetermined
vectors of reflection coefficients, wherein X is
greater than Y,
relating each of the Y predetermined vectors
to at least one of the X predetermined vectors,
calculating the residual error corresponding
to each of the Y predetermined vectors, and
choosing, responsive to the residual error, a
portion of the Y predetermined vectors, forming
chosen Y predetermined vectors;
selecting a subset of the X predetermined vectors which
are related to the chosen Y predetermined vectors;
determining the residual error corresponding to each
vector of the subset of X predetermined vectors; and
choosing the vector of the subset of X predetermined
vectors which has the lowest residual error.
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sel ecte (s is corrput ed. The index of r, the 25 quanti zer
vect or ,@ﬂ@@ over all the quantizer vectors in the four
subsets,*i g e Q(blts If Kk <3 then the initial conditions for
doi ng the recursion at segnent k+1 need to be conputed. Set j, the lattice
stage i ndex, 30 equal to: 16 | =1[err](k) (2.24) Conpute:
Plerr](i) = (1+[err])Plerr] (i) +err][ V[err](i) + V[err](-1)] , O [err] i
[err] Nerr] -j- 1 (2.25) 5 V[err] (i) Megr](i+l) + [err] Ver](-i-1) +

2[err] Plerr](]i+1]). j - Nerr] +1[err] i [err] Nerr] -j - 1 (2.26)
I ncrenent j, 10 i =] +1 (2.27) If j [err] I[err](k) goto
(2.25). Increment K, the vector guanti zer segment index: 15 k= k+ |

(2.28) If k [err] 3 go (rrzxetthd ofas hercﬂ”co%iné ggm'prrl'{jsliﬁgihgfstgheof eflection

receiving speech data, forming a speech data vector;
providing a first array of predetermined vectors;

5 choosing a first predetermined vector from the first array,
forming a first chosen vector representing a first segment of
the speech data vector;

providing a second array of predetermined vectors; and
choosing a second predetermined vector from the second
10 array, forming a second chosen vector representing a second
segment of the speech data vector.

i [I



coefficient—vectors for the three segnents have been chosen, and the search
of the t|on coeff|C|ent vector quantizer is 20 termnated. To
nininiz ﬂﬂg U|renents for the reflection coefficient vector
quantlz es for the individual reflection coefficients are
stored in the vector quantlzer tabl e, instead of the actual reflection
coefficient values. The codes 25 are used to | ook up the values of the
reflection coefficients froma scalar quantization table with 256 entri es.
The eight bit codes represent reflection ggefficient values obtained by
uniformy sanmpling an arcsine function illustrated in FIG 3. Reflection
coefficient values vary from-1 to +1. The non-linear spacing in 30 t he
reflection coefficient domain (X axis) provides nore 17 precision for
refl ection coefficien en,.t he val ues are neg; t he extremes of +/-1 and

| ess precision when tRe $af4fHe commynication SYFem ComBHISING. "< oot ¢ g

distortion due to scalar quantization of the reflection coefficients, given

256 quantization |evel Sﬁrﬁstr%%'gp@i@gp ctoﬁlﬁﬁ'&fn%r m sanpling in the reflection
coefficient domain )

5 means for receiving data, forming a data
vector,
means for providing a first array of
predetermined
vectors,

10 means for choosing a first predetermined
vector from the first array, forming a first chosen
vector representing a first segment of the speech
data vector,

means for providing a second array of
15 predetermined vectors, and
means for choosing a second predetermined
vector from the second array, forming a second
chosen vector representing a second segment of the
speech data vector, and

20 means for transmitting the first and the

second chosen vector to a second transceiver; and

a second transceiver comprising:
means for receiving the first and the second
25 chosen vector, and
means, responsive to said means for
receiving, for reconstructing the data vector.
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"What is cI CI8 et A met hod of vector quantizing a
r.eflectlon g! /tm the reflection coefficient vector having M
el enents, the rc ﬂMffl cient vector representing an input speech
si gnal , the met hod COprer ging the steps of: 5 a) provi ding a

first array of predeterm ned vectors of reflection coefficients, each
predeterm ned vector having a plurality of L elenents, where L < M b)
initializing first segnent correl ations based on correlati ons of the input
speech signal; 10 c) selecting2g first selected vector fromthe
first array of predeterm ned vectors; d) calculating a first segnent
resi dual error corresponding to the first selected vector and the first
segnent correl ations; repeati ng steps c) and d) for each

predet erm ned vect or vectors; f)
choosing a vector fro%f %gngﬁo@foff#tpgﬁx aV| n&gpom;#?&%l rs g%g%rrent resi dual
error, formng a faonsprisingsthe stepsaf; o) defining, responsive to the
first chosen vector and,tfinf a'Sble having 2N reflection coefficient values,

5 each reflection coefficient value addressable with an N-bit
code; and
storing an N-bit code to represent one of the reflection
coefficient values in the table.

10 7. A method of storing in accordance with claim 6
wherein the reflection coefficient values are non-linearly
scaled.

8. A method of storing in accordance with claim 6
15 wherein the reflection coefficient values are arcsine scaled
between the values of -1 and +1.
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‘segnment correlations, a set of second segnent correl ations; 20 h)
providing a second array of predeterm ned vectors of reflection
coefficients, each predeterm ned vector having K el enents, where L + K < M
i) sel ecting a second sel ected vector fromthe second array of
predet erm ned vectors; 25 1) cal cul ating a second segnent
residual error corresponding to the second sel ected vector and the set of
second segnent correl ations; k) repeating steps i)~dnd j) for each
predet erm ned vector of the second array; 24) choosing a vector fromthe
second array having | owest 30 second segnent residual error, formng a
second chosen vector; and m conbining at least the first chosen vector
and the second chosen vector to forma quantized reflection coefficient
vector. - 19 - 2. A met hod of vector quantizing a reflection

coefficient vector as r |ted ]w\,ﬁ’rﬂ‘ﬁ (i rreth d further
conprises the steps of: %ector uanﬁzer AL 'ésto t he second
chosen vector and the second segnent correl ati ons a set of third segnent

correl ati ons; )
5 Abstract of the Disclosure

A Vector-Sum Excited Linear Predictive Coding (VSELP)
speech coder provides improved quality and reduced
complexity over a typical speech coder. VSELP uses a codebook

10 which has a predefined structure such that the computations
required for the codebook search process can be significantly
reduced. This VSELP speech coder uses single or multi-
segment vector quantizer of the reflection coefficients based on

. a Fixed-Point-Lattice-Technique (FLAT). Additionally, this

15 speech coder uses a pre-quantizer to reduce the vector codebook
search complexity and a high-resolution scalar quantizer to
reduce the amount of memory needed to store the reflection
coefficient vector codebooks. Resulting in a high quality speech
coder with reduced computations and storage requirements.

20 .
FIG. 2 accompanies this abstract.



0) .providing a third array of predeterm ned vectors of reflection
coefficients, each predeterm ned vector having P elenents, where L + K + P
<M 10 p) selecting a third selected vector fromthe third array
of predeterm ned vectors; Q) calculating a third segnent residual error
corresponding to the third selected vector and the set of third segnent
correlations; r) repeati ng steps p) fﬁﬂz%? for each predeterm ned vector
in 15 the third array; and s) choosl g vector fromthe third array
havi ng | owest third segnent residual error, formng a third chosen vector
wherein the step of conbining includes the step of conbining the third
chosen vector with the first chosen vector and the second chosen vector 20
to formthe quantized reflection coefficient vector. 3 A et hod of
vector quantizing a reflection coefficient vector a;}?@?r i;{clain12,
wherein Mis 10 and wherein each vector of the first arfay”hds“three.

el enents, each vector of the second array has 25 three elenents and each
vector of the third array has four elenments. 4.100 A nethod of vector
guanti zing a reflecti coefficilgid c as recited in claim3, wherein

each reflgpgjgn_ngjf,cieq% vector iycludes~{gn ra;lection coefficients
desi gnated spaf | ecti gy coefTici epLs ofie 30 t ten, an erein each
predeterﬁi]qg épai:?af t he fV§Q$ ar'gy of p;_dngLqingg_Mggﬁgﬁ§_§gggg___
reflecti o iCEng_1 nl coef fi c| gnt - E
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2 and.reflection coefficient 3, each predeterm ned vector of the second

-20 - array of predeterm ned vectors spans reflection coefficient 4,
reflection coefficient 5 and reflection coefficient 6, and each
predeterm ned vector of the third array of predeterm ned vectors spans
reflection coefficient 7, reflection coefficient 8, reflection coefficient
9 and reflection coefficient 5 10. 5. /// nmet hod of vector quantizing a
reflection coefficient vector as recitég In~claim2, wherein the step of
initializing the first segnent correlations conprises the step of conputing
an autocorrelation 10 sequence corresponding to the input speech signal.
6. A net hod of vector quantizing a reflection coefficient vector as
recited in claimb5, wherein the step of defining the set of second segnent
correl ations conprises the step of conputing an autocorrelation 15

sequence in response to the first chosen vector and the first segnent
correlations, and wherein the step of defining the set of third segnent
correl ations conprises the step of conputing an autocorrel ati on sequence in
response to the second chosen vector and the set of second segnent
correlations. 20 = =
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7 or quantizing a reflection coefficient vector
reci t'mum"mmu"(rmll“m{?rel n the step of providing the first array of
predeter fi néd Vector's conprises the step pf establishing a first segnent
reflection coefficient vector codebook, d wherein the step of 25

roviding the secqnd aryay of predeterm ned vectors conprises the step of
gstabl i shing a seglond A%@%@dr‘gﬂ%‘?ﬁ daHarideing; a reflactipaceasfficientbook, and

wh in th el 4 hi Lr . r term.pned myegtors
compr | ses ¢ hecetoxp the v Rloddolt W 1R0IRE M SERCBIL BR TelERIAHE | on
vect or codebeokfficknt8vector Fepresdittthgén inplipsperthndipAhl)ghé nméhbgct i on

coefficient vector .as recited jn claiml, wherein the step of defining the
set of secon§Omprisipg the s t correlations conprises use of an

autocorrekation | agtic O ' N, response to the first
segnent c%rrel ati %?15 a 56?@?12 i Srtgﬁ%ye%uﬁléec e&g?r%g\gavec rﬁé’?ﬁSh_e‘Eﬁmbect or
quanti zi ng acoefficerits,oeachopfddetdraiined veckachafingsa pRiraliBf of 1. dbmeitsS.

wherein the aytoc rrﬁlgition | attice recursion techni que ‘conprises a
fi xed- poi nt MAFFce<r¥cursi on techni que. 10. A et hod of vector

quantizing a refl ggti ogn§QGL{AL KN segment correlations based on correlations

of the input speech signal;

1lg§5&’17 Pt

10 ) selecting a first selected vector from the first array of
predetermined vectors;

d) calculating a first segment residual error corresponding to
the first selected vector and the first segment correlations;
e) repeating steps c) and d) for each predetermined vector of

15  the first array of predetermined vectors;

f) choosing a vector from the first array having lowest first
segment residual error, forming a first chosen vector; '

g) defining, responsive to the first chosen vector and the first
segment correlations, a set of second segment correlations;

20 h) - providing a second array of predetermined vectors of
reflection coefficients, each predetermined vector having K elements,
whereL + K< M;

i) selecting a second selected vector from the second array of
predetermined vectors;

25 i) calculating a second segment residual error corresponding
to the second selected vector and the set of second segment correlations;

k) repeating steps i) and j) for each predetermined vector of the
second array;
D choosing a vector from the second array having lowest
30 second segment residual error, forming a second chosen vector; and

m) combining at least the first chosen vector and the second

rgﬂ%ti;gnfgeefﬁe-ient- vector.
PN SRS g i
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vec ] ip claim 1, wherein the step of calculating the first 10
segﬂﬂ“lﬁﬁw!m”ﬂﬂmm‘or conprises using an autocorrelation lattice technique
recufsiont 12. s A nethod of vector quajyizing a reflection coefficient
vector as recited in claim 10, wherein e autocorrelation lattice 15
techni que recursion conprises a fixed-point lattice technique recursion.

12. A net hod of vector quantizing a reflection coefficient vector, the
refl ection coeffipcient | : 1 e 14 coefficient
vect or represent ?hg a#ﬁ%&?%ﬁ%ﬂ%%ﬁgﬁ%@irﬁ%ﬁyé‘ é%&ﬁ&fgg?rpri sing the
steps of : ayectorpsondcitedgnaclaim i wherein te Methedi éurthat nemhprises dhe of
reflection coefficients, each vector having a plurality of L elenents,
where L < M® of: initializi ng first segnment correl ations based on
correlatbons 25 ¢fireRenhSoespohlive 1AL BRGRE RhBbEH betof land the
pre-quantizing a tirst segnent the reflection coefticient vector,

i ncl udi ng t Becatdepegment cdjrelatipmsy & dietl of) third segmenacoeelatfons; pr edet er nmi ned

vectors of reflection coeff.icients, each vector havi L el ements where X >
Y and 30 where eééh ofPTPK 1‘?8&@8%‘% STy RiPTraetesTangd Wegtor @l to at | east

one of the @é& s aits Jg’e tgérsé&‘(ér‘?ﬂin%ﬁas‘&‘iéxehhéﬁ{g‘:? elbifehdy, to the

each of the predeterm ned vec
whereL+ K+ P <M;

10 P) selecting a third selected vector from the third array of

predetermined vectors; .

qQ calculating a third segment residual error corresponding to
the third selected vector and the set of third segment correlations;

r) repeating steps p) and q) for each predetermined vector in

15 the third array; and |

s) choosing a vector from the third array having lowest third
segment residual error, forminga third chosen vector
wherein the step of combining includes the step of combining the third
chosen vector with the first chosen vector and the second chosen vector

20 to form the quantized reflection coefficient vector.

3. A method of vector quantizing a reflection coefficient
vector as recited in claim 2, wherein M is 10 and wherein each vector of
the first array has three elements, each vector of the second array has

25 three elements and each vector of the third array has four elements.

4. A method of vector quantizing a reflection coefficient
vector as recited in claim 3, wherein each reflection coefficient vector
includes ten reflection coefficients designated reflection coefficients one

30 through ten, and wherein each predetermined vector of the first array of
predetermined vectors spans reflection coefficient 1, reflection coefficient

2 and reflection coefficient 3, each predetermined vector of the second
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c2) J!&H MIIUD ,ﬁ uesi dual error corresponding to each of the Y _
pred " and the first segnment correlations; c3) choosing A

| east-error vectors fromthe second arra%fhavi ng | owest residual error,
where A < Y; 5 c4) sel ecting a subset”©f the X predeternm neld vectors, the
subset of the X predeterm ned vectors being related to the A |least-error
vectors fromaf‘f?é(p %€E tepmined Keckors i spgns irpflection: coafficient i45r¢f&tloim the A

| east -error f SR5EP I : d . calculating a
first segrren%ésggsa:i%ﬁg Qfgc:lirgfriecor rg%ggﬁ{&ﬁ%g’ %gdeegglﬂ p\fgg?%Fmé?e‘fF{gc Gbset of
the X predet ef the¢hird extay of praticthenitedr vdctdisypans Feflesriébdtticiedt he i nput
speech signal ;. and e choosing a first _chosen vector fromthe subset of

the X predet &efigcton %‘&f iglent §ateflastiopgoefficient? andgreflectipnwiogffidient r or to

15 formg qygntized reflection coefficient vector. 13. A method of
vector quantizing a reflection coefficient vector as recited in claim 12,
wherein the nethod further conprises the steps of: 20 f)

providing a third_array, of Wpredeterm ned vectors of reflection
coefficients, each vect‘%F“%lé%Qrﬁg vectqregantizingferatlection coeffigieny

defining, regpaRsi4Getited B cldifnS, WHORER tHE Gty o?ﬂlqtigﬁﬁn%i tha'first

segment correlations comprises the step of computing an autocorrelation

10 sequence corresponding to the input speech signal.

6. A method of vector quantizing a reflection coefficient
vector as recited in claim 5, wherein the step of defining the set of second
segment correlations comprises the step of computing an autocorrelation

15  sequence in response to the first chosen vector and the first segment
correlations, and wherein the step of defining the set of third segment
correlations comprises the step of computing an autocorrelation
sequence in response to the second chosen vector and the set of second
segment correlations.

20

7. A method of vector quantizing a reflection coefficient
vector as recited in claim 2 wherein the step of providing the first array
of predetermined vectors comprises the step of establishing a first
segment reflection coefficient vector codebook, and wherein the step of

25 providing the second array of predetermined vectors comprises the step
of establishing a second segment reflection coefficient vector codebook,
and wherein the step of providing the third array of predetermined
vectors comprises the step of establishing a third segment reflection
coefficient vector codebook.

30

8. A method of vector quantizing a reflection coefficient

vector as recited in claim 1, wherein the step of defining the set of second

This is the replacement sheet
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seg ulﬁmr:lﬂ"jmﬂML a set of second segnent correlations; h)
pre Al L, d segnent of the reflection coefficient 25 vector,
i ncluding the steps of: hl) providi ng_%_fourth array of V predeterm ned

vectors of reflection coefficients, each vector having K el ements, where L

+ K < Mand where each,of the V predeterpined vectors,is, related to at
| east one oPegrﬁénWBFr@E?éicg}srﬁq{EHﬁt?%%Pﬁ’r Qpﬁﬁ\ﬁﬁecngr’aé'@?‘e‘ai@?‘? cs simlar to

the 30 ea@&lﬁgildﬁg%c}){ngggﬁﬁg g&{%@% tY ®RE PrSe ségﬁg%r\@@é&gﬂa%hggntq]ﬂféi dual

error correspond predeterm vectors an e second
segnent cor figbtachaeses, vector. 23 - h3) choosing B |l east-error vectors from

the fourth array _having | o t residual error, where B < V. h4 sel ecting
2 Subset of the W pr ederReBReRS VetotsduatipDes BEeHoR SRRt edet er i ned
vectors Hei Rgeiol Al RRitkQ iﬁ*ﬁa@n 188 dtleremn theeé{l]f&:oﬁ%ﬁtﬂhs 1dtFie e siopur L h
array by having simlar characteristics to the B least-error vectors from
the fourth sedmique xomprisdscufiaedppint bdticn decegioantecheijudual error

correspondi ng to each vector of the subset of the Wpredeterm ned vectors
and the second segnment correl ations;

10. A method of vector quantizing a reflection coefficient
vector as recited in claim 1, wherein the step of calculating the first
10 segment residual error comprises using an autocorrelation lattice

technique recursion.

11. A method of vector quantizing a reflection coefficient
vector as recited in claim 10, wherein the autocorrelation lattice

15 technique recursion comprises a fixed-point lattice technique recursion.

12. A method of vector quantizing a reflection coefficient
vector, the reflection coefficient véctor having M elements, the reflection
coefficient vector representing an input speech signal, the method

20 comprising the steps of :

a) providing a first array of X predetermined vectors of
reflection coefficients, each vector having a plurality of L elements,
where L < M;

b) initializing first segment correlations based on correlations

25 corresponding to the input speech signal; _
<) pre-quantizing a first segment of the reflection coefficient
vector, including the steps of:
cl) provididng a second array of Y predetermined vectors
of reflection coefficients, each vector having L elements where X > Y and
30 where each of the Y predetermined vectors is related to at least one of the
X predetermined vectors having characteristics similar to the each of the

Y predetermined vectors;
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10 | ' ng a second chosen vector fromthe subset of the W
predet’eummmuuuﬂ (r"gmavi ng second segnent | owest residual error; and k)
conbi nihg %t tl eaststhe first chosen vecigy_ and the second chosen vector to

formthe quantized reflection coefficient vector. 15 _ A et hod
i cient vector. as rec

14.
of vector quanti zi a reflection coef ted.in claim
13, wherein the me(? od CF?fﬂllﬂtél?g@d' RS grrpﬁ(gogqegggn@pgtﬂealc _?f?%#l%l ng a
fifth array GfreleiRiRbenEching aace firsbepfibhechi@MtfRl fi clents, each
vector having P elenents, where L + K+ PX 20 M m efining, responsive

to the second chosdh vehoosingnd least-areaovectenyfrom thwsemindt aray hawiset of

third segnment, correlatiqns: n pfequantizing a third segnent of the
reflection c&8¥"FP’{:¥e§h‘iuﬂa§&%’i’?‘”}i‘%{sﬁg(ﬁqﬁg the steps of: 25 _ nl)
provi di ngsa sixth array of S predeterm ned vectors of reflection

coefficients, each vector havi ng P el enents, where L + K + P < M and where
each of the S predet errdhed selectings subset bfithee Xt predetdradined meetons, thee U

redet erm ne t ving characteristics sinmlar to the each of the S
B r edet or M n eguéggc’ttc%;tzl’erg@regetenmne& vectoﬁelnggaa&@ pre ?lﬁegt&ale,aét;?rdaw error
corr espondi ngetfrs #dn thetseor BHQYH P hEVQGiHARr Vharadteridlla fohthkda segrment
correlations; This is the replacenent” sheet

least-error vectors from the second array;

10 d) calculating a first segment residual error corresponding to
each vector of the subset of the X predetermined vectors and the
correlations corresponding to the input speech signal; and

e) choosing a first chosen vector from the subset of the X
predetermined vectors having lowest first segment residual error to

15 form a quantized reflection coefficient vector.

13. A method of vector quantizing a reflection coefficient
vector as recited in claim 12, wherein the method further comprises the
steps of:

20 f) providing a third array of W predetermined vectors of
reflection coefficients, each vector having K elements, where L + K < M;

g) defining, responsive to the first chosen vector and the first
segment correlations, a set of second segment correlations;

h)  prequantizing a second segment of the reflection coefficient

25 vector, including the steps of :
hl) providing a fourth array of V predetermined vectors
of reflection coefficients, each vector having K elements, where L + K <
M and where each of the V predetermined vectors is related to at least
one of the W predetermined vectors having characteristics similar to the
+ 30 each of the V predetermined vectors;
h2)  calculating a residual error corresponding to each of

the V predetermined vectors and the second segment correlations;
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- : chbosi ng C least-error vectors fromthe sixth array having
I ww' Ewuuulror, where C < S; n4) selecting a subset of the U
predet el we8llors, the subset of t U predeterm ned vectors being

related to the Cleast-error 5 vector®Tromthe sixth array by having
simlar characteristics to the Cleast-error vectors fromthe sixth array;
0) calculating a tW3¥d shgating B leastrerrorevactprsdspmetsolomirty armayeach

vect or of tﬂ?iv%f&ke&fregkﬁxay&fﬁg%@rgiﬂ]gdzyemOrs and the third segnent
p c

correl ati ons;

osing a third chosen vector fromthe

subset of the U predetd)m peléciingtaosisbsed of tie Wiiprddetegminéd vewrss, resi dual
error to represent a third se%ent portion of the quantized reflection

coef fici ent thesubset ofithedy pre
chosen Ve ct Uy %ectgﬂgqrﬁ&

e
reflection coefficient Vec

10

15

20

25

30

detarmined yecknss heing relatesketp thecB deastt he second
e ot BERG byY R g il el liiefibAY {0
the B least-error vectors from the fourth array;

i) calculating a second segment residual error corresponding
to each vector of the subset of the W predetermined vectors and the
second segment correlations;

j) choosing a second chosen vector from the subset of the W

predetermined vectors having second segment lowest residual error; and

k) combining at least the first chosen vector and the second

chosen vector to form the quantized reflection coefficient vector.

14. A method of vector quantizing a reflection coefficient
vector as recited in claim 13, wherein the method further comprises the
steps of: _

1y providing a fifth array of U predeterminéd vectors of
reflection coefficients, each vector having P elements, where L + K + P <
M;

m) defining, responsive to the second chosen vector and the
second segment correlations, a set of third segment correlations;

n)  prequantizing a third segment of the reflection coefficient
vector, including the steps of :

nl) providing a sixth array of S predetermined vectors of
reflection coefficients, each vector having P elements, where L + K+ P <
M and where each of the S predetermined vectors is related to at least
one of the U predetermined vectors having characteristics similar to the
each of the S predetermined vectors;

n2) calculating a residual error corresponding to each of

the S predetermined vectors and the third segment correlations;
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n3) choosing C least-error vectors from the sixth array
having lowest residual error, where C < S;
n4) selecting a subset of the U predetermined vectors, the
subset of the U predetermined vectors being related to the C least-error
5 vectors from the sixth array by having similar characteristics to the C
least-error vectors from the sixth array;

0) calculating a third segment residual error corresponding to
each vector of the subset of the U predetermined vectors and the third
segment correlations;

10 p) choosing a third chosen vector from the subset of the U
predetermined vectors having third segment lowest residual error to
represent a third segment portion of the quantized reflection coefficient
vector; and

qQ combining the first chosen vector, the second chosen vector

15 and the third chosen vector to form the quantized reflection coefficient

vector.
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