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V\EI GHTI NG FILTER FOR USE I N A SPEECH CODER 5 Field of
the I nvention The present invention generally rel at es to speech coding, and
nore particularly, to an inproved nethod of generating a spectral noi se
weighting filter for use in a speech cpder. 10 Background ofd ention
Code-excited linear prediction (CELP) is a speech coding te (le que used to
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applicable to digital speech encryption and digital radiotel ephone
comuni cations systens wherein speech quality, data rate, size 20 and
cost are significant issues. In a _CELP speech coder, the long-term (pitch)
and the shért- term (formant) predil@d B¢ cInvention the characteristics of
the i nput speech signal are |ncorporated in a set of tinme varying filters.
Nanely, a long-terjgand a short-termfilter

y 9-terHhe present. Invention generally relates to speech coding,

and more particularly, to an improved method of generating a

spectral noise weighting filter for use in a speech coder.

10

Background of the Invention

Code-excited linear prediction (CELP) is a speech coding
technique used to produce high quality synthesized speech.

15 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 applicable to
digital speech encryption and digital radiotelephone
communications systems wherein speech quality, data rate, size

20 and cost are significant issues.

In a CELP speech coder, the long-term (pitch) and the short-
term (formant) predictors which model the characteristics of
the input speech signal are incorporated in a set of time varying
filters. Namely, a long-term and a short-term filter. An

U 25 excitation signal for the filters is chosen from a codebook of
stored innovation sequences, or codevectors. '

For each frame of speech, the speech coder applies an
individual codevector to the filters to generate a reconstructed
speech signal. The reconstructed speech signal is compared to

30 the original input speech signal, creating an error signal. The
error signal is then weighted by passing it through a spectral
noise weighting filter having a response based on human
auditory perception. The optimum excitation signal is
determined by selecting a codevector which produces the

35 weighted error signal with the minimum energy for the current
frame of speech.



25 excitation signal for the filters is chosen froma codebook of stored
i nnovati on sequences, or codevectors. For each franme of speech, the speech
coder applies an individual codevector to the filters to generate a
reconstructed speech signal. The reconstruated speech signal is conpared to
30 the original input speech signal, creating an error signal. The error
signal is then weighted by passing it through a spectral noise weighting
filter having a resms:ﬂ%ach chn firami@ ra awilbf)rlmmr pradictive strﬁngptl num
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frame of speech parambtﬁsr tmmalbpencluder soefliciants of011 |thealoqg derm, i ve

codi ng par anet eéﬁl et]g?ﬁp%geg ?b!trﬁl c&ﬁggl wégfmﬁ galfiiggs. The paraneters
it en

typically inclu ients { he rm short t erm and_spectral

noi se wei gh¥ing fil tering Operg{ions I‘f‘\?r itAg2oPRECHTAlo MOLTE, VEIgMINg ot 1 al
noi se wei ghting filter can constitute a significant portion of a speech coder's

overall computational complexity, since a spectrally weighted
error signal needs to be computed for each codevector from a
codebook of innovation sequences. Typically a compromise

10 between the control afforded by and the complexity due to the
spectral noise weighting filter needs to be reached. A techmque
which would allow an increased control of the frequency
shaping introduced by the spectral noise weighting filter,
without a corresponding increase in weighting filter complexity,

15 would be a useful advance in the state of the art of speech

coding.
Brief Descripti f the Drawi
20 FIG. 1 is a block diagram of a speech coder in which the

present invention may be employed.

FIG. 2 is a process flow chart illustrating the general
sequence of speech coding operations performed in accordance
with an embodiment of the present invention.

L 25 FIG. 3 is a process flow chart illustrating the sequence of
' generating combined spectral noise filter coefficients in
accordance with the present invention.

FIG. 4 is a block diagram of an embodiment of a speech
coder in accordance with the present invention.

30 FIG. 5 is a process flow chart illustrating the general
sequence of speech coding operations performed in accordance
with an embodiment of the present invention. '

FIG. 6 is a block diagram of particular spectral noise
weighting filter configurations in accordance with the present

35 invention.



filter® can constitute a si gnificant portion of a speech coder's overall
corrput ational conplexity, since a spectrally weighted error signal needs to
be conmputed for each codevector from a codebook of innovation sequences.
Typically a conprom se 10 bet ween the comtrol afforded by and the
conplexity due to the spectral noise weighting filter needs to be reached.
A techni que which would allow an increased control of the frequency shaping
i ntroduced by the EH8ct# ds alcblsekvéiaghamngffpamicmlalwispbmal amximrespondi ng

I ncrease in wei diieh & i ce in
t he state of thgggﬁl‘pgn H&E gﬁﬁﬁ& sr| e glriig%tlon of tﬁe aw ngs 20
FIG 1 is a bl om{VQﬂtagﬂam of a speech coder in which the present invention
may be enployed. FIG 2 is a process flow chart illustrating the general

sequence of speech codj operati o) d i n_accor dance W th an
enbodi ment Sof the prem&-ﬁ@‘ o1 4 lroleireg LmBOCURERL s f| ow
chart illustrating the sequence of generatl ng conbl ned spect raI noi se

filter coefﬂmentsrié%%q(j@dance Wi t h g pre&ien [ enth Uy FIG 4 1is a
: n Ure_ encomnpasses eec coding

bl ock di agram of a ¢
method. This method includes modeling the frequency

response of multiple filters by an Rth-order filter, thereby

10 providing a filter which offers the control of multiple filters
without the complexity of multiple filters. The Rth-order
filter can be used as a spectral noise weighting filter or a
combination of a short-term predictor filter and a spectral
noise weighting filter, depending on which embodiment is

15 employed. The combination of the short-term predictor filter
and the spectral noise weighting filter is referred to as the
spectrally noise weighted synthesis filter. In general, the
method models the frequency response of L P-th order filters

by a single R-th order filter, where R<LxP. In the preferred

20 embodiment, L equals 2. The following equation illustrates

the method employed in the present invention.

ReE =
Az B
-3 a
" i=1 .whcrg
1zaz2az20
25 FIG. 1 is a block diagram of a first embodiment of a speech
coder employing the present invention. An acoustic input
signal to be analyzed is applied to speech coder 100 at
microphone 102. The input signal, typically a speech signal, is
then applied to filter 104. Filter 104 generally will exhibit
30 bandpass filter characteristics. However, if the speech
bandwidth is already adequate, filter 104 may comprise a
direct wire connection.

(Z \ 1

an P .,
1-Y ajohz?
i= and



coder i'n accordance with the present invention. 30 FIG 5is a
process flow chart illustrating the general sequence of speech coding
operatlons performed in accordance with an enbodi nent of the present
invention. FIG 6 is a block diagram of pamtd cul ar spectral noise wei ghting
filter configurations in accordance with the present 35 I nventi on. 3
FIG 7 is a block diagramof particular spectral noise weighting filter
configurations in atnoanalogetordigitaiha AYDYs eonvienterntiO8n converts the

a digital specchiplly Mpefch Sisial thF BRbETRbe el U Sl % % he frequency
response of mul seghendsg [afeNs pilsersamplesy the ampligne etﬂﬁr@?@ pulse provi di ng
a filter which g prlé ishﬁmétp%bpéscﬁicm%§ il dgithl (de, Vis fi@t{&n&bﬁ in
conpl exity of uﬁ eI TR TG LSl e DS HReT 2 3
spectral nol %rc gc t pl1 ¢ o
. the A/D converter 108. In the preferred embodimient, SC is
run at 8 kHz. The sample clock SC is generated along with the
frame clock FC in the clock module 112.
The digital output of A/D 108, referred to as input speech
10 vector, s(n) 158, is applied to coefficient analyzer 110. This
input speech vector s(n) 158 is repetitively obtained in
separate frames, i.e., lengths of time, the length of which is
determined by the frame clock FC.
For each block of speech, a set of linear predictive coding
15 (LPC) parameters is produced by coefficient analyzer 110.
The short term predictor coefficients 160 (STP), long term
predictor coefficients 162 (LTP), and excitation gain factor 166
g are applied to multiplexer 150 and sent over the channel for
use by the speech synthesizer. The input speech vector, s(n),
20 158 is also applied to subtracter 130, the function of which
will subsequently be described.

Basis vector storage block 114 contains a set of M basis
vectors Vm(n), wherein 1 <m<M, each comprised of N samples,

wherein 1<n<N. These basis vectors are used by codebook

\_ 25 generator 120 to generate a set of 2M pseudo-random
excitation vectors uj(n), wherein 0§i=<__2M'1. Each of the M
basis vectors are comprised of a series of random white
Guassian samples,' although other types of basis vectors may
be used.

30 Codebook generator 120 utilizes the M basis vectors Vim(n)
and a set of 2M excitation codewords Ij, where Ogi_<__2M-1, to
generate the 2M excitation vectors uj(n). In the present
embodiment, each codeword Ij is equal to its index i, that is,
Ii=i. If the excitation signal were coded at a rate of 0.25 bits



conbi mati on of a short-termpredictor filter and a spectral noise weighting
fi‘l'_'ter, dependi ng on whi ch enbodi nent is 15 enpl oyed. The conbi nation of
the short-termpredictor filter and the spectral noise weighting filter is
referred to as the spectrally noise weighfed synthesis filter. In general,
t he nethod nodel s the frequency response of L P-th order filters by a
single Rth order filter, where R<LXP. In the preferred 20 enbodi nent, L
equals 2. Th é10|shmplagfcﬁqeathoof|thbu40rsampldshésmﬂt itbat MgA1®)edhen t he

pr esent '”Ve”tgl%gseg%@@ o8, 19, Basif! Fectbrl udhd (B kelARERO 1004 | | St

enbodi ment  of oy| n present “1 nvention. An acoustic
i nput si gnal tex¢itatianl y@@dol‘ss appl i ed to speech coder 100 at m crophone

102. The input sipoal eadl/ Andddidnah aaﬁeﬁiblsl‘@mﬁbr wj$n),hen repphserdcted filter
104. Filter _104eqeec{£§rall wi,l | exhi bit nd sf'Ite e input
char act er Pst i c¥P ¥ §HD) IS &fAs 8Pﬁ zoé*réa&@ AP at e,
filter 104 mayspeuel veeter d(d)yctGald Ebloel@nm wales the excitation vector
ui(n) by the excitation gain factor gj, which is constant for the
frame. The scaled excitation signal gjuj(n) 168 is then filtered
by long term predictor filter 124 and short term predictor
10 filter 126 to generate the recomstructed speech vector s'i(n)
170. Long term predictor filter 124 utilizes the long term
predictor coefficients 162 to introduce voice periodicity, and’
short term predictor filter 126 utilizes the short term
predictor coefficients 160 to introduce the spectral envelope.
15 Note that blocks 124 and 126 are actually recursive filters
which contain the long term predictor and short term
predictor in their respective feedback paths.
The reconstructed speech vector s'i(n) 170 for the i-th
excitation codevector is compared to the same block of the
20 input speech vector s(n) 158 by subtracting these two signals
in subtracter 130. The difference vector ej(n) 172 represents
the difference between the original and the reconmstructed
blocks of speech. The difference vector ej(n) 172 is weighted
by the spectral noise weighting filter 132, utilizing the
W 25 spectral noise weighting filter coefficients 164 generated by
coefficient analyzer 110. Spectral noise weighting accentuates
those frequencies where the error is perceptually ‘more
important to the human ear, and attenuates other frequencies.
A more efficient method of performing the spectral noise
30 weighting is the subject of this invention.

Energy calculator 134 computes the emergy of the
spectrally noise weighted difference vector e'i(n) 174, and
applies this error signal Ej 176 to codebook search controller
140. The codebook search controller 140 compares the i-th

35 error signal for the present excitation vector uj(n) against
previous error signals to determine the excitation vector




4 An anal og-to-digital (A/D) converter 108 converts the anal og speech
signal 152 output fromfilter 104 into a sequence of N pul se sanples, the
anplitude of each pulse sanple is then represented by a digital code, as is
known in 5 the art. The sanple clock, SCg determ nes the 'sanpling rate of
the A/D converter 108. In the preferred enbodinent, SCis run at 8 kHz. The
sanple clock SCis generated along with the frane clock FC in the clock

nmodul e 112. The éji'bﬁ’uéﬁig QHé PHiinithuf vdighted adreor.edThe esdenpfithepeahh 10
vector, s(n) 15

Ls. A tq coeffici ent qal er Thi s |nput speech
vector s(n) 1589 %‘[Sﬁfl‘ﬁcg%q 3‘%’6?& AcHp l"“s’ % llsrﬁﬁfe‘% Pt "OY¥h gt hs
of time, the Iertbehclminndila:hthe Mecmxlmmmwddeelf 178z dhothe FC. For each
bl ock of speech, f r C g Iﬂﬁ’{ £r's S
produced by coe |&c:rlﬁg{nltvg<’;1ng aﬂlgﬂgr c?&ﬁ%ﬁ% %ggo?ﬂhfeg‘%?epr eg‘kctgz) coe CI ents
160 (STP), $ong codemqrde avhi rmomcaenpgorealg&atphavmgi $OW¢t ati on gain

factor 166 g ar reaeiér nk@ Eﬂtéﬂﬁ'%h la%O:ﬁeﬁuﬁg aeﬁhsciCEﬁrmel for
use by the spee Gﬁggﬁ Sl zer e i nput speec cto s(n), 20 158 is

al so applied tot er 130, the function of which
FIG. 2 contains process flow chart 200 illustrating the

general sequence of speech coding operations performed in
10 accordance with the first embodiment of the present invention
illustrated in FIG. 1. The process begins at 201. Function
block 203, receives speech data in accordance with the
description of FIG. 1. Function block 205 determines the short
term and the long term predictor coefficients. This is carried
15 out in the coefficient analyzer 110 of FIG. 1. Methods for
determining the short term and long term predictor
coefficients are contained in the article entitled, 'Predictive
Coding of Speech at Low Bit Rates," IEEE Trans. Commun. Vol.
Com-30, pp. 600-14, April 1982, by B. S. Atal. The short term
20 predictor, A(z), is defined by the coefficients of the equation
A(z)=_§J___
1-3 ajzd
i=1 .
Function block 207 generates a set of interim spectral
noise weighting filter coefficients which characterize at least a
first and second set of filters. The filters can be any-order
25 filters, i.e. the first filter is F-order and the second filter is Jth-
order, where R< F + J. The preferred embodiment uses two
Jth-order filters, wherein J is equal to P. The filters using
these coefficients are of the form

H(z)= —L-<A[-Z
“ A[—Of;]A[aa] where 12020320

H(z), which is a cascade of at least a first and second set of Jth-
order filters, is defined as the interim spectral noise weighting
filter. Note that the coefficients of the interim spectral noise

30

g



wil | subsequently be described. Basis vector storage block 114 contains a
set of Mbasis vectors Vnm(n), wherein 1 [err], each conprised of N sanples,
wherein [err]. These basis vectors are used by codebook 25 generator 120
to generate a set of 2M pseudo-random excitation vectors ui(n), wherein
[err]. Each of the M basis vectors are conprised of a series of random

whi te GQuassi an sanpl es, although other types of basis vectors nmay be used.
30 Codebowlelgmi@g afitter 1 age udépemientt bpok! ithei shoricterm pnédictand a
set of 2M excit r ne

excitation vect%ﬁ5 ﬂ{bé \g?ﬁgﬁ%& at"‘"fﬁﬁ?u{;ﬁ B%PCE C%&eeag?\ﬁgo V\ogdc\i/l lerr] is
equal to its inspectral nbme |vs¢1gpelzng] filter, tH® o hast heewrusadyslireatl dncoded

at a rate of 0. t%oder5 lerﬁ y1isO in € & ﬁstt he 40 sanpl es (such
that M=10), the ere vvoul asl.s z\(lectors ed& generate ihe 1024
excitationSvect or s To reduce the computaﬂon complexity due %o spectra

noise weighting, the frequency response of HE) is modeled by

a single Rth-order filter Hs(z) which is the combined spectral
noise weighting filter, of the form:
s(Z) = —'—R———
1-¥ ajzt
=1
10  Note that although Hs(2) is shown as a pole filter, Hs(2) may "
also be designed to be a zero filter. Function block 209

generates the Hs(2) filter coefficients. The process of
generating the coefficients for the combined spectral noise
weighting filter is illustrated in detail in FIG. 3. Note that the
15 Rth-order all-pole model is of a lower order than the interim
spectral noise weighting filter, which leads to computational
savings.
Function block 211 prov1des excitation vectors in response
to receiving speech data in accordance with the description of
20 FIG. 1. Function block 213 filters the excitation vectors
through the long term 124 and short term 126 predictor
filters.
o/ _ Function block 215 compares the filtered excitation vectors
output from function block 213 and in accordance with the
25 description of FIG. 1 forming a difference vector. Function
block 217 filters the difference vector, using the combined
spectral noise weighting filter coefficients generated at
function block 209, to form a spectral noise weighted
difference vector. Function block 219 calculates the energy of
30 the spectral noise weighted difference vector in accordance
with the description of FIG. 1 and forms an error signal.
Function block 221 chooses an excitation code, I, using the
error signal in accordance with the description of FIG. 1. The
process ends at 223.



For each individual excitation vector [err], a reconstructed 5 speech
vector [err] is generated for conparison to the input speech vector s(n).
Gai'n bl ock 122 scales the excitation vector.[err] by the excitation gain
factor [err], which is constant for the fB8anme. The scal ed excitation signal
giui(n) 168 is then filtered by long termpredictor filter 124 and short
term predictor 10 filter 126 to generate the recongtructed speech vector
s'i(n) 170. Long t &IG.p3eisi enoillustiation of sthet precess flew |chagt ¢ predi ctor

coefficients 1 s QLI i i odioci : _
filter 126 uti F(?%sgglﬂtlﬁ% S GReiids CRLRA |AdyCbeY engyldyedont term predictor

rt ter dj ' 160 LNk
the spectral emléﬂ?&n% %“n%?’é%lﬁ’éﬁ gﬁ%ﬁé@% gheﬁé‘% Bpge %tqf%#@duce
o Shue 11! e 308 CGRRA! the ibbiospetmaimupiscl weighting fiber 7
ir respectjve feedbac at hs. h
vector [erf] 17inncgion hlock (302 xgeneraf a@o?} g%?l?q%%%%’gﬁ@g Sﬁﬁ?ﬁe same

bl ock of the 20gyr mgghgﬂeg,ewhetector s(n) 158 by subtracting these two
signals in subtracter 1

_ 0. The difference vector eA n) 172 rlepresents the
di fference bet \t/\eﬁ?@t% p2) ?én [az_gnd t he reconstruct bl ofks of speech. The
o) [ k__l]‘S{
Q.

di fference vec s i ght ed by .the tral 1nd Ssok&l ghti
1 pectral ingl &ka ghti ng
where 0SSt , j=1 and

filter 132, utilizing the
there are at least two non-cancelling terms; i.e., that is ajza?2
with a;>0 and a2>0, or a2za3 with a2>0 and a3>0. Function

10 block 305 auto-correlates the impulse response h{n) forming’
N~ an auto-cor:*(qlation of the form
Rhh(i) = i h(n)h(n+i), O< i<R; R<K
n=1
Function block 307 computes, using thcAauto—correlation and
Levinson's recursion, the coefficients of Hs(z), which is the
15 combined spectralAnoise weighting filter, of the form:
Hs(2) =
1-¥ ajzi
i=1
FIG. 4 is a generic block diagram of a second embodiment
of a speech coder in accordance with the present invention.
Speech coder 400 is similar to speech coder 100 except for the
20 differences explained below. First, the spectral noise
weighting filter 132 of FIG. 1 is replaced by two filters which
precede the subtracter 430 in FIG. 4. Those two filters are the
spectrally noise weighted synthesis filterl 468 and spectrally
noise weighted synthesis filter2 426. Hereinafter, these filters
25 are referred to as filter] and filter2 respectively. Filterl 468
and filter2 426 differ from the spectral noise weighting filter
132 of FIG. 1 in that each includes a short term synthesis filter
or a weighted short term synthesis filter, in addition to a
spectral noise weighting filter. The resulting filter is
30 generically referred to as a spectrally noise weighted
synthesis filter. Specifically, it may be implemented as the



25  spectral noise weighting filter coefficients 164 generated by

coefficient anal yzer 110. Spectral noi se wei ghting accentuates those

frequencies where the error is perceptually nore inportant to the human

ear, and attenuates other frequencies. A-fore efficient method of

perform ng the spectral noise 30 wei ghting is the subject of this

i nvention. Energy cal culator 134 conputes the energy of the spectrally

noi se wei ght ed iotdrimr speetrably: moise iweighted symthesis filser to1 ase@ror si gnal

[err] 176 to cC n T ear ntroller
Qgﬁﬁﬁﬁﬁadg gsikﬁﬂ'aﬂ? tfoRsd eﬁvei«égfd anﬂ%ﬁpoﬁfmi arpileid

140 conpares the |-t error sjgnal . th resent citation vector
ui (n) agai nst pt6&iisupresedsd gygﬁaﬁbgﬁotmemﬁ%gtﬁi‘%xf%at i on vector
6 produci ng t heAdditiohallyjetlghishdrenenn. prédictordd 26 of hPIG: th leascibeghi on

£r

vector having a,mni gt oyt pu er, t he channel as the best
excitati ongcodc,;l'fmin)agg&]l n ?ﬁ?‘aﬁt eﬁf’rgﬂte&ie@ﬁ 1 &Sﬁt“%niu&ai FFRly
det ermi ne a parforcthiesr réspectived boaatibnshix [FI63.04i déEwanspeaific si gnal havi ng
Sone configurations of these filters are illustrated in FIG. 6 and FIG.

7.

Coefficient analyzer 410 generates short term predictor

10 coefficients 458, filterl coefficients 460, filter2 coefficients
462, long term predictor coefficients 464 and excitation gain
factor g 466. The method of generating the coefficients for

s filter] and filter2 is illustrated in FIG. 5. Speech coder 400
can produce the same results as speech coder 100 while

15 potentially reducing the number of necessary calculations.
Thus, speech coder 400 may be preferable to speech coder
100. The description of those function blocks identical in both
speech coder 100 and speech coder 400 will not be repeated
for the sake of efficiency.

20 FIG. 5 is a process flowchart illustrating the method of
generating the coefficients for Hs(z)', which is the combined
spectrally noise weighted synthesis filter. The process begins
at 501. Function block 503 generates the coefficients for a
Pth-order short term predictor filter, A(z). Function block 505

L 25 generates coefficients for an interim spectrally noise weighted
' synthesis filter, H(2), of the form

Fit) =A[Z]_L Al S
- [0_1]@ [Ej where ~ 0SOnsl 1-i§1 !

Given 'I:I'(z), function block 509 generates coefficients for an
Rth-order combined spectrally noise weighted synthesis filter,
30 Hs(z), which models the frequency response of filter H(Z). The
coefficients are generated by autocorrelating the impulse
response,nN(n), of H(Z) and using a recursion method to find the



predeternined criteria, such as neeting a predefined error threshold. FIG

2 contains process flow chart 200 illustrating the general sequence of
speéch codi ng operations perfornmed in 10 accordance with the first
enbodi nent of the present invention illustd@ted in FIG 1. The process

begins at 201. Function block 203, receives speech data in accordance with
the description of FIG 1. Function block 205 determ nes the short term and
the 1 ong term prestifficigntsoef Thei preferrethiembediment cepess Levipsen'sn t he

coefficient analpiegisidaOwhiicl!is plesudiéd oWl bJCbAE ToPi AkraBe S Gint €r m

and long term predictor ,coefficients . are § tainéd in the artrcle entitled,
"Predictive Codi‘ﬁﬁ #ft. s PracessofPas 1atdds » | EEE Trans. Commun. Vol .

Com 30, pp. 600-14,Fipr 6 adQSFIGhY Bhow. thé dirst Tdonfiguratioheand 2the

G ctor! - o \ Iy : ; .
Pincton bi Sokc 2550p coffuRbRP réBEcHivEIT bhich by ' Erhlbydd fin
filter coeffici emeightadchynthesisctfilterk 468| andt weighted symthesisofalter? of

filters. The fil ﬁgf%@}% any-order 25 filters, i.e. the first filter
e second {1

is F-order and t lter is Jth- order, where R< F + J, The
preferred enbodi nentInusenfignsation 1, FIG. 6a, the weighted synthesis filter2

426 contains the interim spectrally noise weighed synthesis
10 filter H(2), which is a cascade of three filters: the short term
synthesis filter weighted by a1, A(z/aj) 611, the short term
inverse filter weighted by a2, 1/A(z/a2) 613, and the short
g term synthesis filter weighted by a3, A(z/a3) 615, where 0O<a3
<az<al<l. Weighted synthesis filterl 468, FIG 6a, is identical
15 to weighted synthesis filter2 426, except that it is preceded by
a short term inverse filter 1/A(z) 603, and is placed in the '
input speech path. H(Z) js in that case a cascade of filters 605,
607, and 609.
In FIG 6b, the interim spectrally noise weighted synthesis
20  filter H(2) 468 and 426, is replaced by a single combined
spectrally poise weighted synthesis filter Hs(z) 619 and 621.
Hs(2) models the frequency response of H(Z), which is a cascade
of filters 605, 607, and 609, or equivalently a cascade of
_ ﬁlteri 611, 613, and 615, FIG. 6a. The details of generating
w 25 the Hs(2) filter coefficients are found in FIG. 5.

Configuration 2, FIG. 7a, is a special case of configuration 1,
where a3=0. The weighted synthesis filter2 426 contains the
interim spectrally noise weighted synthesis filter, H(Z), which
is a cascade of two filters: the short term synthesis filter

30 weighted by a1, A(z/ai1) 729, and the short term inverse filter
weighted by a2, 1/A(z/a2) 731. The weighted synthesis
filterl 468, FIG 7a, is identical to weighted synthesis filter2
426, except that it is preceded by a short term inverse filter
1/A(z) 703, and is placed in the input speech path. H(2) is in

35 that case a cascade of filters 725 and 727.



Jth-order filters, wherein J is equal to P. The filters using these
coefficients are of the form[err] H(z), which is a cascade of at |east a
first and second set of Jth- order filters, is defined as the interim
spectral noise weighting filter. Note thatithe coefficients of the interim
spectral noise 7 weighting filter are dependent upon the short term
predi ctor coefficients generated at function block 205. This interim
spectral noi se weilgh®RIGy 7b,| they ,intéritn, spestratign noisel weighted ysymthepisech

compl exi Ly due Tk pad) Mae Bpaog, ¥1G: 7o, I rESREE B SR O o0 1 2)
i s model ed by xombigied Bpbetrallyr noise ewejghtefl, syhthdsis sfiltee E'@&Si (13"
P hough [ar vy 28 3k Ple) bifger®f el Sreleloy] Shipork of RS i s
a zero filier. argasedden ofl filtero(225 and 727, or equivalently a cascade of
filters 729 and 731, FIG. 7a. The details of generating the
Hs(z) filter coefficients are found in FIG. 5.
Generating the combined spectral noise weighting filter
from the interim spectral noise weighting filter of the form
10 disclosed herein, creates an efficient filter having the control
of 2 or more Jth- order filters with the complexity of one Rth-
order filter. This provides a more efficient filter without a
corresponding increase in the complexity of the speech coder.
Likewise, generating the combined spectrally noise weighted
15 synthesis filter from the interim spectrally noise weighted
synthesis filter of the form disclosed herein, creates an
efficient filter having the control of one Pth-order filter and
one or more Jth- order filters combined into one Rth-order
filter. This provides a more efficient filter without a
20 corresponding increase in the complexity of the speech coder.

(

What is claimed is:



TTe—

generat‘mhe [err] Titter coefficients. The process of generating the

coeffic bi ned spectral noise weighting fi] gk &5
illustr H”MImllﬂﬂbFl G 3. Note that the 15 Rt h- Jﬁé}ﬁ%’m @EEN'
nodel is of a'loflersorder than the interimdpectral noi sd-—wei gﬁ | ter,
whi ch | eads to conputational savings. Function block 211 provides
excitation vectors in response to receiving speech data in accordance wth
the description of 201. Al @ethodrofigenematingc¢ocfiiwientst fors at meightingat i on

vectors through t I %66 : a hggt term 126 predictor filters.
Function bl ock 21 &gorrpar ggi%ﬁ%%f‘ﬁ tg% ed excitati.on éégt&;l)rs out put from

function bl ock 213 an@&engTalingreeefficignisy ToRca oBth-or ek on of FIG 1
formng a di ffe[1 ence \g%ﬁbgdtinfmijfﬁﬁeﬁsoﬁbr%ﬁ fdtéﬁ?’_f leiItBre ﬁicﬂ?@h@ﬁce
vector, using the cqablne ectr i S ting filter cogfficients
gener at ed at gfunc‘f‘? %?f&ék?&og, f’tar5t ;i‘g'ror‘fﬁﬁrm?bg%’f ﬂ\% ﬁoisg‘éo\’éi‘g‘hfg er
di f f erence vect orfilteryneachnfibleocdepetlemt| upbnat saidt ceefficienpys dior3eaid t he
spectral noise \Aﬂf%gﬁg??&lmdiéiftg{:.e%ea vector in accordance with the

I and

description of F orns an _error signal. Function block 221 chooses
an excitation code, | generating reoefficients for a Rth-order model of said

interim filter for use in the weighting filter, where
10 R<F+]

2. A method of generating coefficients for a weighting
s filter in accordance with claim 1, wherein said step of
generating a Rth-order model further comprises the steps of:
15 generating an impulse response of the interim filter;
autocorrelating said -impulse response, forming an
autocorrelation, Rph(i); and
computing the coefficients of the Rth-order filter using a
method of recursion and the autocorrelation.
20 )
3. A method of generating coefficients for a weighting
filter in accordance with claim 1 wherein said recursion
method is Levinson's recursion method.

—_—
—_—
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i n accordance with the description of FIG 1. The process ends

descri b A

209 of FIG 2 The process begins at 301. .Gaven the interim de
weighting filter, H(z), 5 function bl ock 303 generat SR
response, h(n), of H(z) for K sanples, where [err] there are at |east two
nonhc?ncei i ng terns;4j . e\, mettesd iof ggneﬂa;m'gt I@obﬁicﬂenm(foi'eardombnieﬂr] I

wi t err] an err unctlonl .0C aut o-cor ates the inpul se
response h(n) foﬁﬂ?ﬁlﬁagﬂ‘o&ﬁ’ @%té‘ﬁﬁnoi{p‘?zf)e BSEREn bﬂ?ﬂf bP?ch 307
conput es, using Ppk-orden- simntetea'm dfiltend A@)j rthen nsethedu conuprisinge the

coefficients of -g&&%@ which is the 15 conbi ned spectral noi se weighting
filter, of the f I‘—’FG 4 is a ?enerlc bl ock diagram of a second

at 223 “E’”ﬂlm illustration of the process flow chart 300
ich may be enpl oyed in inpl enentﬁpggsﬂgncﬁi%ﬁg dck

enbodi nent 5 generating coefficients for an interim weighting filter of
the form
A Al
[ J where 0S0aSl
A5
1- 3 apz?
i=1 and there are at least two non-cancelling
terms; R ‘
et 10 generating an impulse response, h(n), of the interim

weighting filter,H(2) for K samples; _
autocorrelating the impulse response, h(n), forming an
autocorrelation ;i _
Rhn(i) = i h(n)h(n+i), 0< i<R; R<K
n=1 ; and
15 computing coefficients of a combined spectral noise
weighting filter, Hs(2), of a form
Helg) =—1—
1- . a |Z"‘
i .
using the autocorrelation, Rmn@) and a recursion method.

_'LM.'..U

20 5. A method in accordance with claim 4 wherein said
recursion method is Levinson's recursion method.
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of a speech coder in accordance with the present invention. Speech coder

400 i s ) coder 100 except for the 20 T S-eRce

exp] ai nmmmlu\l“" g t he spectral noise weighting{fi v & E’B"HASfBEB‘ 1
is replacedebyttwo fsi | +ers which precede t-higt subtracte Bd?EHiABEm 4,
Those two filters are the spectrally noise wei ghted synthesis e 468

and spectrally noise weighted synthesis filter2 426. Hereinafter, these
filters 25 are ref@rr ekl mothod fafl gendraging t:nbfﬂéqzlzntsesfpeca iaashbinedri | ter 1
468 andfilter2 Lfif,e 0 e oi Iter 132 of
tPe 1% that e SpectialtyChotde Wiliheed %Ez%s hggﬁ%‘y’\?u % g Lo oad
short term synt heoefficientsfori a Bthrordenm Sh@“a teprac filter, nA(z)e the gnct

filter. The resuhgﬁﬂ?glh t e | of: generically referred to as a
spectral |y noise weight sy nt éé) filte Specgifically, it my

i mpl ement ed Jas t he g@“’r"ﬁp@& (GOSHEEIaNES | rm?i“sé“ﬁi“@hﬁ?&%‘%‘t)’hé@@"fl | ter
or as a conbi ned“&ﬁgntdcﬁlgymn@slsefmgbfeﬂwe)fai’ﬂmes| s filter. Filterl 468 is

preceded by a short term |mars | Her FZS
“‘A’z;] 0<ons1
_ where = ,
A{Z- 1
(an) P ..
1- Y ajohz?
i=1 and there are at least two non-cancelling
_ terms; _
A 10 generating an impulse response, h(n),~ of the interim

spectrally noise weighted synthesis filter, H(2) , for K samples;

autocorrelating the impulse response, h("), forming an
autocorrelation .
Ki _
Rnn(i) = 2 h(n)h(n+i), 0< isR; R<K
n=1 ; and
15 computing (307) coefficients of a combined spectrally
noise weighted synthesis filter, Hs(2), of the form
Hiz)=—oT1
HS(Z) - R .
1-¥ ajz!
i=1
using the autocorrelation, Rmn() and a recursion method.
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the short term predictor 126 of FIG 1 has been 5

eI | m nat !‘, @w l m,”ﬁl terl and filter2 are identical except for their
respecti |G 4. Two specific configuraptons—ef—t-hese

filters are |IIustrated in FIG 6 and FI G- ¥5 - Coeffi ci eﬁﬂfuawyzﬁASBEEN
generates short termpredictor 10 coefficients 458, filt &EPLACED fici dnts

460, filter2 coefficients 462, long termpredictor coefficlents dod—ard
excitation gain factor g 466. The net hod of generating the coeffici ents for

filterl and filter2 ig il produce
the sane results as s?)ee %u@tgéﬁ&&d?fogwﬁéﬁm% c%@?ﬁ&{}, ?d@r'l y %3% t he
nunber of necessaojse aveightingo fterTior usepinch &Rﬁ@éh goderath f-béW lélgabl e

to speech coder C [ n o] [ ical in
bot h speech codem%go &egffgt b?ﬁﬁcg6%§101%h&s%ﬁ léngitthogmrégpgg?retdq%g? t he

sake of effi |enf’}ter2 °°@R@S‘§8pﬂ&e‘§§l’$l hart illustrating the
met hod of generating Eéﬁe chefﬁt:ie:ftgrféis(am) invérign slpectm fiofsel ned

Flnct | on bl ook S¥F Dy ot et S T SR o PR ReI AR,
predictor filter xeﬂ(:s)deﬁemntompﬂmcﬂheS(Bh -order short term filter;
generating an impulse response of the interim spectral
10 noise weighting filter for K samples;
autocorrelating the impulse response, forming an
autocorrelation; and
o determining coefficients of a spectral noise weighting

filter using the autocorrelation and a recursion method.

15
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25 ents for an interim spectrally noise weighted '
synt hesﬂmml ‘}E"‘W uzm‘ of the formJ[err] Gven H(z), 509

gener ates coe er?ts*for an Rth-order comnbined spectrf ’I“y* Mﬁeiin\&lwmerd
synthesis filter, Hs(z), which nodelsi6he frequency reBRBR&GEDDS
filter H(Z). The coeff|C| ents are generated by autocorrelatin e

response, h(n), of H(Z) and using a recursion nethod to find the - 10 -
coefficients. The pre8er rAdmetimtiofespeache soding romprisingc dies istepsiafch i s

presuned known by one gﬁfga%% 4n the art. The process ends at 511.
FIG 6 and FIG 7 showa{% confd guration and the 5 second :

configuration respect pma\rlsimml@wnm;mbefmwedmsmnépgm espid ystepe of s
filterl 468 and wetefiiag;synthesis filter2 426 of FIG 4. In configuration

1, FIG 6a, the wei ghh int hesi,s filter2 4 61conta| ns th% interim
spectral Iy ndise wei gAEHT Q%}m'h%sﬂ%o" term and long term predictor

coefficients for use by a long term and a Pth-order short term
predictor filter;
filtering said excitation vectors utilizing said long term
predictor filter and said short term predictor filter, forming
10 filtered excitation vectors;
determining coefficients for a spectral noise welghtmg
filter comprising the step of:
generating an interim spectral noise weighting filter
including a first F-order filter and a second Jth-order
15 - filter, dependent upon said Pth-order short term filter
coefficients, and
generating spectral noise weighting coefficients
using a Rth-order all-pole model of said interim spectral
noise weighting filter, where R<F + J;
20 comparing said filtered excitation vectors to said
received speech data, forming a difference vector;
filtering said difference vector using a filter dependent
upon said spectral noise weighting filter coefficients, forming a
filtered difference vector;
\_ 25 calculating energy of said filtered difference vector,
forming an error signal; and
choosing an excitation code, I, using the error signal,
which represents the received speech data.

A
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10 filter H(z), which is a cascade of three filters: the short term
synt hesi I lm ’ by [err] 611, the short terminverse filter
wei ght eclmml["ﬂﬂ' lmm a2) 613, and the short termsymh@ -py B

wei ghted by [etr]® [®rr] 615, where [err] {ere]. Wi gkteé“sgﬁ éés EE’\H erl
468, FIG 6a, is identical 15 to wei ghted synthesis flilter fiy ,Dexcep

that it is preceded by a short terminverse filter [err] 603, and is placed
in the input speech path. [err] is in that case a cascade of filters 605,

607, and 609. In FIG gb, ' Iy t | YT =Y tdyesi s 20
filter [err] 468 and 226,4{1@6?@(?3@ Y aﬁ:glhilﬁ’ ;83&% ?ﬁﬂggms%%ctféyﬂl y noi se
wei ght ed synt hesi s fi I¢ERVIRE r §Peee 621. [err] nodels the frequency

response of [err], V\Ih'pﬁ@vi'(ﬁng easntadonofvectbissr s 605, 607, and 609, or
equi val ently_a cascade of filt 13. .an El details

611 15, 6a. . Th
of generati%ﬁ 25  t h&CpEratng ﬁf‘ﬁ%’? sk ‘F?%‘Pténgg aqecq'BE'Hbeqaﬁ“ﬁr (cgm
Configuration 2, andGspéetral snaisspweighting sfiltef comprisimgt then stepsmoft e a3=0.

el gt ed synthosi o 11 &t or SEREEAHHE PP oRder Mhof Bril" GHER U\ oY 7 R
short termsynthesis filtgengmting &3 gntexdmspiestral, npise |weiglginginfiltene
short term inverse fijddl§ling a first F-order filter and a second Jth-order
10 filter, each filter dependent upon said Pth-order short
term filter, and
generating coefficients for a Rth-order all-pole
combined short term and spectral noise weighting filter
using said Pth-order short term filter and said interim
15 spectral noise weighting filter, where R< P + F+J;
filtering said received speech data;
filtering said excitation vectors utilizing a long term
predictor filter and said combined short term and spectral
noise weighting filter, forming filtered excitation vectors;
20 comparing said filtered excitation vectors to said filtered
received speech data, forming a difference vector;
calculating energy of said difference vector, forming an
error signal; and
choosing, using the error signal, an excitation code, I,
\_ 25 representing the received speech data.
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wei ght ed b wei ghted synthesis filterl 468, FIG 7a, is
| denti cal ' g heS| s filter2 426, except that | t I S preceded by
a short t i 1/A(z) 703, and is placed in {a‘&gﬁ

path. [err] is in 35 that case a cascade’df“filters 725 ’f%
FIG 7b, the interimspectrally noise weighted synthesis f4 {‘&QEQL%

and 426, FIG 7a, is replaced by a single conbined spectrally noise
wei ghted synthesis filter [err] 719 and 721. [err] nodels the frequency
response of [err], which is 5 a cascade of filters 725 and 727, or

equi valently a cascad f filters,7 73 e
generating the [err] ﬁqot e& Sﬁ?ﬁic&zﬁﬁggﬁn &H*Eﬁccj;iq ﬁ%ﬁ?{é‘lmf% i‘,@ﬂb czlﬂ'ﬂg
t he conbi ned spec?rwlhermnssamblsgﬂp i ofyy g‘embrmngromﬂfimemst éor m slbdnbrckbr
noi se wei ghticng f o] r eC

efficient fi ?ter %lg In %Rfe'{bggél?rg} of ngréﬁa gﬁ%ttﬁﬂ (ﬂdé #vl ?éers W th
the conpl exity offibge furtherocomprises dhe steps @fovi des a nore efficient
filter wthout a generating the impulse response of the interim spectral

noise weighting filter;
autocorrelating said impulse response, forming an
10 autocorrelation Rph(i); and
‘computing the coefficients of the Rth-order all-pole fllter
using a method of recursion and the autocorrelation.

This Sheet Has Been R

I III

!ill



correspondi ng increase in the conplexity of the speech coder. Likew
generating the conbined spectrally noi se weighted 15 synthesis fi
from the interim spectrally noise weighted synthesis filter of the form
di scl osed herein, creates an efficient til®ter having the control of

Pth-order filter and one or nore Jth- order filters conbined into on
Rt h-order filter. This provides a nore efficient filter wthout a 20
correspondi ng increase in the conplexity of the speech coder. Wat i

clained is:

12 1. A nethod of speech coding conprising the ste

recei ving speech d%’gﬁ(ﬁﬁw@ﬁng&mﬁw meg&?ﬂ%m

filters coefficient

se,
| ter

one
e

S
ps of:
ating
I ghting

filter conprising WRIGHAING! FIDTERaFOR USE HNrAeSPEBCH t€EODER ter;

generat i n%
order filte

10

15

20

an interimspectral noise weighing filter including a fir
r and a second Jth-order filter, each filter

Abstract of the Disclosure

A digital speech coding method uses an Rth-order filter to
model the frequency response of multiple filters, thereby,
providing a filter which offers the control of multiple filters
without the complexity of multiple filters. The Rth-order
filter can be used as a spectral noise weighting filter (132) or
a combination of a short-term predictor filter and a spectral
noise weighting filter, referred to as the spectrally noise
weighted synthesis filter (426), depending on which
embodiment is employed. In general, the method models the
frequency response of L Pth-order filters by a single Rth-
order filter, where the order R < LxP. Thus, this method
increases the control of a speech coder filter without a
corresponding increase in the complexity of the speech coder.

FIG. 1 accompanies this abstract.
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10 dependent upon said Pth-order short termfilter; and generating
coefficients for a Rth-order all-pole conbined - short termand spectral
noi se:weighting filter using said Pth order short termfilter and said
interimspectral noise weighting filter, where R<'P + F =J; 15
filtering said received speech.data; filtering said excitation factors
utilizing a long termpreéedictor filter and said conbine short term and
spectral noise weighing filter, formng fllfgfga excitation vectors;
conparing said filtered. eXC|tathn\vectoE§ to said flLLered recei ved 20
speech data, forming a dlfferencefhector of sai d

di fference vector, fopmng j the error
signal, an ex0|tatjon Tal data. 25 2.
A nethod of speech cofijng conpr13|ng the St & "Ispeech dat a;

iJing: R

provi ding excitation Je toraabﬁwﬂeﬁponggalgL; 1 X ep
Ictorlcdefficients flog 30 use by

determ ning short termijnd m prg

a long termand a Pth}ofder sﬁpéi predlctor filjter;
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13 Lt filtering said excitation vectors
uti-lizing said | ong tern1pred|ctor filter and said short term predictor
fitter, formng filtered excitation vectors; detern1n|ng coefficients for a
epectral noi se wejghting filter 5 conprising the steps of: generating an .
interimspectral noise weighting filter including a first F-order filter
and a second Jth-order filter, dependent upon said Pth-order short term
filter coefficient; and generating spectra poyse wei ghting coefficients
using a Rth- 10 order all-pol e nodel of | d” i ntgyyi m spectral noi se

Nd Jiltered citation

wei ghting filter , conp 2
vectors tq said receFd?goh ata, f ﬂs\i- 01 f f erence™vect ors;

filtering said difference vector u5|ng a f|| er dependent upon sald 903
spectral noise \ 3G e . mviD

vector; calculau

GENERATE INTERIM SPECTRAL NOISE WEIGHTING COEFFICIENTS, INCLUDING
A FIRST AND A SECOND SET OF JTH-ORDER FILTER COEFFICIENTS AND
DEPENDANT UPON SAID SHORT TERM PREDICTOR- COEFFICIENTS

GENERATE COMBINED SPECTRAL NOISE WEIGHTING COEFFICIENTS USING AN
: RTH-ORDER MODEL OF THE INTERIM. NOISE WEIGHTING FILTER
COEFFICIENTS WHERE R < J X 2

FILTER THE-EXCITATIdN VECTORS USING THE LONG TERM AND
SHORT TERM PREDICTOR FILTERS

" COMPARING THE FILTERED EXCITATION VECTORS TO THE RECIEVED SPEECH'
DATA, FORMING DIFFERENT VECTORS

FILTERING THE DIFFERENCE VECTORS USING THE COMBINED SPECTRAL NOISE
'WEIGHTING FILTER COEFFICIENTS, FORMING FILTERED DIFFERENCE VECTOR

CALCULATING THE ENERGY OF THE FILTERED DIFFERENCE VECTORS
-~ FORMING ERROR SIGNALS :

CHOOSING AN EXCITATION CODE, 1 USING THE ERROR SIGNAL



error-signal; and choosing an excitation code, |, using the error signal,
whi'ch 20 represents the received speech data. 3. A net hod of speech
coding in accordance with either claim1l or _claim2, wherein. said step of
generating coefficients for a Rth-order all - pol e conblned short term and
spectral noise.weighing filter further 25 conpri ses the steps of:

gener at-i ng the i npul se response of the interimspectral noise melghtlng
filter; autocorrelating said i npul se response, form.ng an autocorrelation -
[err]; :and 30 conputing the cqghéﬁzlent of the Rth-order all pole-
filter using a nethod of recursion and ut ocorrel ation. 14 6. A

nmet hod of generating coefficients for a conbined spectrally noise wei ghted
synthesis filter, [err], using coefficients for a Pth-order short term
filter, A(z), the nethod ‘conprising the steps of: .

FIG.3

"

300
' 301 .
_ |
_ ,»303
- - GENERATE AN IMPULSE RESPONSE OF THE INTERIM SPECTRAL NOISE

WEIGHTING FILTER FOR K SAMPLES

UTOCORRELATE THE IMPULSE RESPONSE FORMING AN AUTOCORRELATION

COMPUTE COEFFICIENTS OF A COMBINED SPECTRAL NOISE WEIGHTING
FILTER USING THE AUTOCORRELATION AND A RECURSION METHOD




5 ’ generatlng coefficients for an interim spectrally noise
wei ghted synthesis filter of the form[err] and. there are at |east two
non-cancetling terns; 10 generating an inpul se response, ‘[err], of"
thelnterlmspectrally noi se wei ghted synthesis filter, [err] , for K
sanpl €s; aut.ocorrelating the inpul se response, [err], formng an

autocorrelation 15 conmputing (307) coefficients of a conbined
spectral ly noi se weighted synthesis filtgr/¥®err], of the form/[err] using
the autocorrelation, [err] and.a recursion methog 15

REPLACED 7.- A method of generating coe-ffi-ci en
weighting filter for . use in a speech-
Pt h- or der short te

fNor a speﬁiral noi se
: wei ght | Km filter depends

upon coefficients of fil"rr=r,_'r_n net hod
conpr i si ng the steps generati.ng coef ¥ ts for an intgrj msgectral
noi se S o B ' :

FIG.4
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wei ghti-ng filter having at |east two Jth-order non-cancelling terns
dependent upon the Pth-order short termfilter; generating an inpul se
response.of the-interimspectral 10 noi se melghtlng filter for K

sanpl es; autocorrel ating the inpul se response, forming an autocorrel ation;
and determ ning coefficients of a spectral noise wei ghting filter-using the_
autocorrelation and a recursion nethod. 15 - 16. - 8. A nethod of speech .
codi ng conprising t he st eps of:: rece|V|ngb ch data; providing excitation
vectors in response to said step of rece /pgﬁ - deternini ng short
term and long term predictor.coefficients for use by a long termand a

Pt h-order short termpredictor filter; filtering said excitation vectors
utilizing said long term : v

FIG.5

500
501

( START |
. 503

' o GENERATE COEFFICIENTS FOR A PTH-ORDER SHORT TERM
" ' o _ PREDICTOR. FILTER.

GENERATE COEFFICIENTS FOR AN INTERIM SPECTRALLY NOISE WEIGHTED
. SYNTHESIS FILTER, INCLUDING A FIRST AND A SECOND SET OF
JTH-ORDER FILTER COEFFICIENTS, AND DEPENDANT UPON THE PTH-ORDER
SHORT TERM PREDICTOR.

GENERATE COEFFICIENTS FOR A RTH-ORDER COMBINED SPECTRALLY NOISE
WEIGHTED SYNTHESIS FILTER, MODELING THE FREQUENCY RESPONSE
OF THE INTERIM SPECTRALLY NOISE WEIGHTED SYNTHESIS FILTER.




predi ctor filter and said short termpredictor filter, formng 10

filtered excitation vectors; determning coefficients for a spectral noi-se
wei ghting filter conprising the step of: generating an interimspectral

noi se weighting filter including a first F-order filter and a second

Jt h-order 15 filter, dependent upon said. Pth-order short term
filter coefficients, and generating spectral noiseée weighting coefficients
using a Rth-order all-pole nodel of sai ‘i('m7eri m spectral noi se wei ghting
filter, where <j-€+ei-é0 conmparfng:-said filtered excitation
vectors to said Lecdv s;@cA.data,CO OHGURATION di f f er enge vector;
filtering said difference vector using a filter depﬁyd'g} updaai gngo
spectral noise weighting ffiter TtoeffTciems,~formng a Tittered difference’
vector; 25 Ca|653'| t rmg~—en of ™ 54g] ‘?}‘f‘i‘rt‘e'ré ?g‘—difi:erence vect or,
formng an error sj - exclt‘ati on(c e'l1_ using the
error signal, whic vell speec l
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17 9. -A nmethod of speech coding conprising the steps of: receiving speech
dat'a; providing excitation vectors; 5 generating .filter
coefficients for a conbined short termand spectral noise weighting filter
conprising the steps of: generating a Pth-order short termfilter;
generating an interimspectral noise weighting filter including a first
F-order filter and a second Jth-order 10 ' filter, each filter.
dependent upon said Pth-order short terW?rer, and gener.ating )

coefficients for RT—&de a;&-jpol e coni ned short term and spéctral

noi se wei ghting 1 t&r Wsiand s Pt HOWEGYRAIEON t2 t er m f 'éet @f%ﬁ&pﬁ‘s"g‘r‘-ﬁ
interim 15 spectral noise weighting filter, é¢ [err[ filtering
sai d received speech dat a; ;'fT_I'tEr—l ng Sard excitation vecforg. utilizing a

| ong term predictor fi Iyﬁ laqa_s%FTGO—fbeﬂ‘sﬁ(ﬂ 25{’ €r“m—a'|;1d :spect ral noise
weighting filter, foring fiiltered exciftatio £CI OrS; |

- tuo |

S’
FIG.7 B  conIcuration 2,
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20 | corrpaummm excitation vectors to said._filter ed

recei ved speech di mmﬂ‘mumﬂfference vector; calcul ati

said différence veétof, ¥orm 8g an error125| gnhal ; and choosin '

error signal, an eXC|tat|on code, I, representing thejrecei 3
e %%v al81 9 ;
5 all-pole i

speech dat a. 18 10. A nethod of speech codi ng in accordan
her conprises

wherein said step of generati ng coefficients for a Rth-order

The steps of v geravRptho: FEHRR o EoErile PR berb B, ;'

wei ghting filter ,re@ywmg)sp@é@idm,sal d i rrpul se response, formng an 10
autocorrelation [err] and conputing the coefficients of the Rth-order
all-pole filter wpHovidingexcitadioss veetets:si on and the autocorrel ati on.

5 generating filters coefficients for a combined short term and

spectral noise weighting filter comprising the steps of:
generating a Pth-order short term filter;
generating an interim spectral noise weighing filter
including a first F- order filter and a second Jth-order filter, each filter
10 dependent upon said Pth-order short term filter; and
generating coefficients for a Rth-order all-pole combined
\_J - short term and spectral noise weighting filter using said Pth order short
term filter and said interim spectral noise weighting filter, where R < P +
F=J; - |
15 filtering said received speech data;
filtering said excitation factors utilizing a long term predictor filter
and said .combine short term and spectral noise weighing filter, forming
filtered excitation vectors;
comparing said filtered excitation vectors to said filtered received
20 speech data, forming a differencewvector;
calculating energy of said difference vector, forming an error
signal; and |
NS choosing, using the error signal, an excitation code, I, representing

the received speech data.

2. A method of speech coding comprising the steps of:
receiving speech data; .
providing excitation vectors in response to said step of receiving:
determining short term and long term predictor coefficients for

30 use by a long term and a Pth-order short predictor filter;
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filtering said excitation vectors utilizing said long term predictor
filter and said short term predictor filter, forming filtered excitation
vectors;
determining coefficients for a spectral noise weighting filter
comprising the steps of :
generating an interim spectral noise weighting filter
including a first F-order filter and a second Jth-order filter, dependent
upon said Pth-order short term filter coefficient; and
generating spectral noise weighting coefficients using a Rth-
order all-pole model of said interim sfectral noise weighting filter,
where R<FE + J;
comparing said filtered excitation vectors to said received speech
data, forming a difference vectors;
filtering said difference vector using a filter depeﬁdent upon said
spectral noise weighting filter coefficierits, forming a filtered difference
vector; |
calculating energy of said filtered difference vector, forming an
error signal; and
choosing an excitation code, 1, using the error signal, which

represents the received speech data.

3. A method of speech coding in accordance with either claim 1 or
claim 2, wherein said step of generating coefficients for a Rth-order all-
pole combined short term and spectral noise weighing filter further
comprises the steps of:

generating the impulse response of the interim spectral noise
weightihg filter; . o

autoc'o'rrelating. said .-'i"mP:ulse response, forming an autocorrelation
Ry (i); and ' | |

computing the coefficient of the Rth-order all pole filter using a

method of recursion and the autocorrelation.




