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(57) Abstract

A residual error based compensator for the frequency domain bias of an autoregressive spectral estimator is disclosed. LPC analysis
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of the residual signal multiplies (20) the PSD estimate of the input signal.




in general, due to nodel errors, there appears sone bias in the spectral
val  eys of the paranetric power spectral density estimate. |In the output
froma spectral subtraction based noise 25 cancel er this bias gives
Tise to an undesirable "l evel punping"” in the background noi se. SUWARY OF
THE |1 NVENTI ON An object of the present invention is a nethod and apparatus
that elim nat¥@9¥P1Pbduces this "l evel punping" of the backBFEERIFNS3 o
97/ 01101 PCT/ SE96/ 00753 2 noise with
relatively | ow conplexity and without nunerjcal stability problens. This
object is achieved by a nethod and apparatus in accordance with the

encl osed clains. 5 A Poeekeypédierm1oidenity B¥€NhaOlon mdthodSand dat a
dependent (or adapti veppdynénsc range expansion for the parametric spectrum
nodel in order to inprove the audible speech quality in a spectral

subt racti on based noi se cancel er. BRTE@QIE@@RI ‘BLON OF THE DRAW NGS 10

The invention, together with further objects and advantages

The present invention relates to a bias compensated spectral
estimation method and apparatus based on a parametric auto-
5 regressive model. '

BACKGROUND OF THE INVENTION

The present invention may be applied, for example, to noise
suppression [1, 2] in telephony systems, conventional as well as
cellular, where adaptive algorithms are used in order to model

10 and enhance noisy speech based on a single microphone measure-
ment .

Speech enhancement by spectral subtraction relies on, explicitly
or implicitly, accurate power spectral density estimates
calculated from the noisy speech. The classical wmethod for

15 obtaining such estimates is periodogram based on the Fast Fourier
Transform (FFT). However, lately another approach has been
suggested, namely parametric power spectral demnsity estimation,
wliich gives a less distorted speech output, a better reduction of
the noise level and remaining noise without annoying artifacts

20 {("musical noise"). For details on parametric power spectral
density estimation in general, see [3, 4].

In general, due to model errors, there appears some bias in the
spectral valleys of the parametric power spectral density
estimate. In the output from a spectral subtraction based noise

25 canceler this bias gives rise to an undesirable "level pumping”
in the background noise.

SUMMARY OF THE INVENTION

An object of the present invention is a method and apparatus that
eliminates or reduces this "level pumping" of the background



st hereof, may best be understood by meking reference to the foll ow ng
description taken together with the acconpanying draw ngs, in which:

FI GURE 1 is a block diagramillustrating an enbodi rent of an 15
‘apparatus in accordance with the present invention; FIGJRE 2 is a bl ock

di agram of anot her enbodi ment of an apparatus in accordance ﬁw
present inveWQ ¥ GURE 3 is adiagramillustrating t gsower

spectral density, a paranmetric estimate of the true power 20
spectral density and a bias conpensated esjimate of the true power spectral
density; FIGURE 4 I's another diagramiTlustrating the true power

spectral densjdjbe awﬁéﬁa@élrat(ivéﬁv' TRle EhmplisilthtCaR@WelitAERE hdmed@Rs1L LY
and a bias co nslﬁ;te 1 estimate of the true power
spectral dens?r%?‘ RI’:“’B ®MS-is a flow chart illustrating the method
performed by the enbodi nent of Fig. 1; and WO 97/01101

PCT/ SE96/ 00758ni% Idjddc Gs achiever fblyou/ R88hbd | dddi sipparaegs tie amaidiadnce
per for med with the enclosed claims.

5 The key idea of this invention is to use a data dependent (or
adaptive) dynamic range expansion for the parametric spectrum
model in order to iwmprove the audible speech quality in a
spectral subtraction based noise canceler.

BRIEF DESCRIPTION OF THE DRAWINGS

10 The invention, together with further objects and .advantages
thereof, wmay best be -understood by making reference to the

following description taken - together with the accompanying
drawings, in which:

FIGURE 1 _ is a block diagram illustrating an embodiment of an
15 apparatus in accordance with the present invention;
FIGURE 2 is a block diagram of another embodiment of an

apparatus in accordance with the present invention;

FIGURE 3 is a diagram illustrating the true power spectral

density, a parametric estimate of the true power

20 spectral density and a bias compensated estimate of
the true power spectral density;

FIGURE 4 is another diagram illustrating the true power
sp_ect:ral- density, a parametric estimate of the true
power spectral density and a bias compensated

25 : estimate of the true power spectral -density;

FIGURE 5 is a flow chart illustrating the method performed
by the embodiment of Fig. 1; and .



by the enbodi nent of Fig. 2. DETAI LED DESCRI PTI ON OF THE PREFERRED
EMBODI MENTS Thr oughout the drawi ngs the sane reference designations wll
5 used for corresponding or simlar elenments. Furthernore, in order to
‘sinmplify the description of the present invention, the nathenmati cal
background of the present invention has been transferred to the encl osed
| n WO/ owi ng description nunerals within par EFIRENTE | |
refer to c¢orrespon- 10 di ng equations in this appendi x. Figure 1 shows
a bl ock diagram of an enbodi ment of the aqparatus i n accordance with the
present invention. A frame of speech {x(k)”} is forwarded to a LPC anal yzer

(LPC anal ysi spiep@egCri bedgi B, £i% W&@M&L&ﬁ%@ﬁ@%&% 8rformed

appendi X.

be

determines a set of filter 15 - coefficiepts. ( paraneters) that are
forwarded to a PSD estina%grtﬁﬁ HEPﬁvggs 91 4°er 14. PSD estimator 12
determ - nes a paranetric power spectral density estimate of the input
frameé {x(k)} from tperhPCepapesminnofisor ftHE PREHERREBPBABODIMENTSN Fig. 1
the variance of the input signal is not used as an 20 i nput to PSD
estimator 12. Instead a unit signal "1" is forwarded to PSD estimator 12.

The reason fofhroughaus §hapfyavings thessawe | IREYranng deshggaionse vijd PapD

esti mats,

10

15

20

25°

anduséd Gt ioxrrespbhdindg ant simbisrteldmemtancel ed in the final
result (se (9) in the appendix), it is sinpler to elimnate it fromthe PSD

Furthermore, in order to simplify the description of the present-
invention, the mathematical background of the present invention
has been transferred to the enclosed appendix. In the following
description numerals within parentheses will refer to correspon-.-
ding equations in this appendix.

.. Figure 1 shows a block diagram of an embodiment of the apparatus"

in accordance with the present invention. A frame of speech
{x{k)} is forwarded to a LPC analyzer (LPC analysis is described
in, for example, [5]). LPC analyzer 10 determines a set of.filter
coefficients (LPC parameters) that are £forwarded to a PSD
estimator 12 and an inverse filter 14. PSD estimator 12 determi-
nes a parametric power spectral density estimate of the input
frame {x(k)} from the LPC parameters (see (1) in the appendix).
In Fig. 1 the wvariance of the input signai is not used as an
input to PSD estimator 12. Instead a unit signal "1" is forwarded
to PSD estimator 12. The reason for this is simply that this
variance would only scale the PSD estimate, and since this
scaling factor has to be canceled in the final result (se (9) in

the appendix), it is simpler to eliminate it from the PSD"

calculation. The estimate from PSD estimator 12 will contain the
"level pumping" bias mentioned above.

In order to corﬁpensate for the "level pumping® bias the input
frame {x(k)} is also forwarded to inverse filter 14 for forming
a residual signal (see (7) in the appendix), which is forwarded
to another LPC analyzer 16. LPC analyzer 16 analyses the residual
signal and forwards corresponding LPC parameters (variance and
filter coefficients) to a residual PSD estimator 18, which forms



25 cal culation. The estimate from PSD estimator 12 will contain the

"l evel punping” bias nentioned above. In order to conpensate for the "l evel
punpi ng" bias the input frame {x(k)} is also forwarded to inverse filter 14
for formng .a residual signal (see (7) in the appendix), which is forwarded
30 to anot her LPC anal yzer 16. LPC anal yzer 16 anal yses the resi dual
signal and foVRE7AYOorrespondi ng LPC paraneters (vari ance BRESEISOED
coefficients) to a residual PSD estinmator 18, which forns WO 97/01101
PCT/ SE96/ 00753 4 a paranetric power spectril density estinmate of the
residual signal (see (8) in the appendix). Finally the two paranmetric power

spectral densig Y, f3nd¥aies giweth@pebbidl Sahd t 2 Nds¢ Asdilliabs Sintalesidual
respectively, are

gulti- ?) . gged bé/ ach other in a multiplier 20 for
obt ai ni ng a biSAFPEInPERG Al Bl FarBRefPy cn% sr spectral density estimate of
I nput signal frame {x(k)} (this corresponds to equation (9) in the
appendi x) . Exaphe1}Othe t¥bepirimersiegponenaspect fal angisieyedst ierds e
length N=1024 t%%d input signal and residual signal, respectively, are multi-
5 plied by each other in a multiplier 20 for obtaining a bias
compensated parametric power spectral density estimate of input

signal frame {x(k)} (this corresponds to equation (9) 'in the
appendix) . ' :

Example _
10 The following scenario is considered: The frame length N=1024 and .
the AR (AR=AutoRegressive) model order p=10. The underlying true

system is modeled by the ARMA (ARMA=AutoRegressive-Moving
Average) process

x(k) = . 1—2-1""0.92-2 )
1-3.0z"1+4.6422-4.442z73+2.622z74-0.772°

el{k)

where e(k) is white noise.

15 Figure 3 shows the true power spectral density of the above
process (solid line), the biased power spectral density estimate
from PSD estimator 12 (dash-dotted line) and the bias compensated
power spectral density estimate in accordance with the present
invention (@Qashed line). From Fig. 3 it is clear that the bias

20 compensated power spectral density estimate in general is closer
to the underlying true power spectral density. Especially in the
deep valleys (for example for w/(2m)=0.17) the bias compensated

estimate is much closer (by 5 dB) to the true power spectral
density.

25 In a preferred embodiment of the present invention a design
parameter <Y may be used to multiply the bias compensated
estimate. In Fig. 3 parameter y was assumed to be equal to 1.
Generally vy is a positive number near 1. In the preferred
embodiment ¥ has the value indicated in the algorithm section of

30 the appendix. Thus, in this case v differs from frame to frame.
Fig. 4 is a diagram similar to the diagram in Fig. 3, in which



the AR (AR=Aut oRegressive) nodel order p=10. The underlying true system is
nodel ed by the ARVA (ARMA=Aut oRegressive-Mving Average) process [err]
where e(k) is white noise. 15 Figure 3 shows the true power spectral
‘density of the above process (solid line), the biased power spectral
density estimate from PSD estimator 12 (dash-dotted |ine) an Egﬁyp'as
conpensat ed MO Nectral density estimate in accordance WP resent
i nvention (dashed line). FromFig. 3 it is clear that the bias 20
conpensat ed power spectral density esti e in general is closer to the
underlying true power spectral density. pecially in the deep valleys (for

exanpl e for [ef cl(LEPCIILS) Godidec 5ol 58 GERSBRELP LtB!yaieb ooy CH

cl oser (by 5 rue power spectral density. 2 In a preferred
enbodi ment of the present invention a design paraneter [err] may be used to
mul tiply therhé atbcvapessaiibell estiodivent |of Fiig. 3 WY NrerBArIHST 23S
assuned to b§ &% #g domd B ebRpeNsdtdion], sSnée R atvEal¢oimeensmaonlis|n :
the preferred € (ﬁn nt [err]_has the v eini ng'tc (iqi' f%ixﬁe @J:&O?kﬁz@i?‘
section of 3performed éﬁpetﬁ’tﬁ XEESFRY; S o eqf"er r? ITfers fromframe
to frage. Fi gpedtisl ademnsimanestinares mdthheamhafdtdifs-n Howgves, BRCRhPBN
operation corresponds toO convolution in the time domain. Thus,
there is an eguivalent time domain implementation of the
invention. Such an embodiment is shown in Fig. 2.

In Fig. 2 the input signal frame is forwarded to LPC analyzer 10
10 as in Fig. 1. However, no power spectral density estimation is
performed with the obtained LPC parameters. Instead the filter
parameters from LPC analysis of the input éignal and residual
signal are forwarded to-a convolution circuit 22, which forwards
the convoluted parameters to a PSD estimator 12’, which forms the
15 bias compensated estimate, which may be multiplied by 7y. The
convolution step may be viewed as a polynomial multiplication, in
which a polynomial defined by the filter parameters of the input
signal is multiplied by the polynomial defined by the filter
parameters of the residual signal. The coefficients of the
20 resulting polynomial represent the bias compensated LPC-parame-
ters. The polynomial multiplication will result in a polynomial
of higher order, that is, in more coefficients. However, this is
no problem, since it is customary to "zero pad" the input to a
PSD estimatoxr -to obtain a sufficient number of samples of the PSD
25 estimate. The result of the higher degree of the polynomial
obtained by the convolution will only be fewer zeroes.

Flow charts corresponding to the embodiments of Figs. 1 and 2 are

given in Figs. 5 and 6, respectively. Furthermore, the correspon-

ding frequency and time domain algorithms are given in the
» 30 appendix.

. A rough estimation of the numerical complexity may be obtained as.
follows. The residual filtering (7) requires =Np operations (sum
+ add). The LPC analysis of e(k) requires ~Np operations to form



WO 97/ 01101 PCT/ SE96/ 00753 5 t he bi as
conpensated estimate has been scaled by this value of [err]. The above
descri bed enbodi nent of Fig. 1 may be characterized as a frequency donain
*conpensation, since the actual conpensation is perfornmed in the frequency
domain by nmultiplying two power 5 spectral density estimates with each
ot her. HowevMO9T8I8h an operation corresponds to convol uti SRR time
domai n. Thus, there is an equivalent tine domain inplenentation of the

i nvention. Such an enbodinment is shown in Fig. 2. In Fig. 2 the input
signal franme is forwarded to LPC anal yzer 10 10 as in Fig. 1. However,

no powter SpefEﬁ%'ccﬂﬁ?ﬁEﬁ?@ e;e‘iéxﬁaiﬂ@raﬂds @ra‘,ﬁ&fmw dMd hed fy,uqa]g a%lﬁeégﬂ%c
paraneters. |nste e filter par S anal ysi s e in
signal and r e@%ﬁ%ﬁ‘gsfﬁ'ﬁa? are 3?\%%?3_%21' t%{ %%oﬁgaf’ﬁ%#%'ﬁs cﬁ&@ﬂ“@%,%i ch
forwards the ebmeclaneds) phhansinescrpain Pyt tis the mogs effieient .t he
15 I bi as ceimendat edgebiesbliy?, opbtﬁhidf&)gd&fap&u:fbmux@dtﬁy donvblutidie.
convol ytion s Vi . gc% i D a
pol ynoLn% al de*ﬁ?ﬁseg é)’f???fe tﬁ%?’é?épar I%gegl(r&ré'?bgfct er;él %Letajt%g%l:mg&lnaald f"ém“%
mul tiplied byCPHALIORFAETATE - FO5 REAMBYL ¢ FE L Pr?6 PEterand 505 Erame
resi dual si gneverlafhetbecbiaziampenshtibe algorithm requires approximately
0,5x10° instructions/s. :

In this specification the invention has been described with
10 reference to speech signals. However, the same idea is also-

applicable in other applications that rely on parametric spectral

estimation of measured signals. Such applications can be found,

for example, in the areas of radar and sonar, economics, optical

. interferometry, biomedicine, vibration analysis, image pro-
15 cessing, radio astronomy, oceanography, etc.

It will be understood by those skilled in the art that various
modifications and changes wmay be made to the present invention
without departure from the spirit and scope thereof, which is '
defined by the appended claims.



20 resul ting polynom al represent the bias conpensated LPC-parane-
ters. The polynomal multiplication will result in a polynom al of higher
order, that is, in nore coefficients. However, this is no problem since it
is’customary to "zero pad" the input to a PSD estimator to obtain a
sufficient nunber of sanples of the PSD 25 estimate. The r uhﬁﬁ f the
hi gher degr ee W98 ho| ynoni al obtai ned by the convol ution Wﬁ?‘“ % be
fewer zeroes. Flow charts corresponding to the enbodinents of Figs. 1 and 2
are given in Figs. 5 and 6, respectively.7Furthernnre, t he correspon- ding
frequency and tinme dormain algorithnms are given in the 30 appendi x. A
rough estimation of the nunerical conprexkRéycemy be obtained as foll ows.
The residual filtering (7) requires [err]Np operations (sum+ add). The LPC
anal ysis of e(k) requires [err]Np operations to form WO 97/01101
PCT/ §E96/ 00753 6 the covariance elenents and [err]p[err] operations to
sol ve the corrg sposdrng s, of»®ppressicn ( 3f. AdousidcalNpdset Hms Speech
(frequency and tine Gagmin) shgetdime LRRehBe 200! | HHild S fiGelBSions on
efficient, since it requrres errjpﬁgﬂr operation for performng_ the
convol uti on. Acoustics, Speée and Signal Processing, Vol. ASSP-27,

5 April 1979, pp 113-120. '

[2] J.S. Lim and A.V. Oppenheim, "Enhancement and Bandwidth
Compression of Noisy Speech", Proceedings of the IEEE,
Vol. 67, No. 12, December 1979, pp. 1586-1604.

[31] S.M. Kay, Modern Spectral estimation: Theory and Appli-

10 cation, Prentice Hall, Englewood Cliffs, NJ, 1988, pp
237-240.

[4) J.G. Proakis et al, Advanced Digital Signal Processing,

Macmillam Publishing Company, 1992, pp. 498-510.

[5] J.G. Proakis, Digital Communications, MacGraw Hill,
15 1989, pp. 101-110.
[6] P. Handel et al, "Asymptotic variance of the AR spectral

estimator for noisy sinusoidal data”, Signal Processing,
Val. 35, No. 2, January 1994, pp. 131-139.



5 To summari ze, the bias conpensation can be performed in [err] 2p(N+p)
operations/franme. For exanple, with n=256 and p=10 and 50% frane overl ap,

t he bi as conpensation algorithmrequires approxi mately 0, 5x10[err]
‘insdtructions/s. In this specification the invention has been described wth

10 reference to speech signals. However, the sane idea_l
appl i cabl e i W@V, ph| j cations that rely on parametric spﬁﬁiﬁ?)"é’gs

estimati-on of neasured signals. Such applé cations can be found, for

exanple, in the areas of radar and son m cs, optical
interferonetry, biomedicine, vibrati or@gﬁﬁlgﬁg | mage pro- 15 cessing,

radi o ast r ono(ymsides eRO egH-apayd &b Gneahtsighial [{z{i9} undenst. oo whgrel Nodenosdsi the ed
in the art that variqus nodjfications agd changes.may be, made to .
present i nven@‘?’ﬁﬁlwgh@ﬁt: b‘l@pé‘}rteﬁ‘?"ﬁqu)r gﬂiet*ﬂ’é“e? Mads ﬁ"d"’é&%ﬁ’é“?%{?%’g%@ 18

which is defi geg, b_@(s&é%% aégpended cl ai ns. WO 97/ 01101

PCT/ SE96/ 00753 7 REFERENCES [ 1] S.F. Boll, "Suppression of Acoustic

Noi se in Speech Using Spectral subt G,a&;)i__gnt %zl EFE Transacti ons on (1)
T AP .

where w is the angular frequency w € (0, 2r). In (1), A(z) is given by
A() =1+ 812+ +8,2° (2)

wheré 0y = (&;-- &,,)T are the estimated AR coefficients {found by LPC analysis, see

I5}) and &2 is the residual error variance. The estimated parameter vector 0 and 62 are
calculated from {z(k)} as follows:

é: = —R-li"
(3)
62 = fo+iThs
where
I".o fp—l ‘F‘
R=| : . i r=|: 4
fp1 7o Tp
and, where
1 N=k
fe=—= S zlt+k)z(t) Foa=f k=0...,p (5)
N =1

The set of linear equations (3) can be solved using the Levinson-Durbin algorithm, see’
{3]. The spectral estimate (1) is known to be smooth and its statistical properties have

been analyzed in [6] for broad-band and noisy narrow-band signals, respectively.

In general, due to model errors there appears some bias in the spectral valleys. Roughly,

this bias can be described as

. s (0 for w such that $,(w) ~ max,, ¥-(w)
P(w) — P2(w) (6)
» 0 for w such that $.(w) < max, &.(w)
where &.(w) is the estimate (1) and &.(w) is the true (and unknown) power spectral
density of z(k).
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PCT/ SE96/ 00753 8 APPENDI X Consi vaI ro mean signal

}, k= 1.... N where N denot e&k rre“‘k )ﬁs&?en ﬁlGO, for exanple) %The

aut oregreSS| ve spectral estimator (ARSPE) is
Performing another LPC analysis on {e(k)}. the residual power spectral density can be

calenlated from. cf. (1)

-

- &
Bufw) = —2t— 8
W= Bemr ®

where. similarly to (2), b, = (b. 3,,)7' denotes the estimated AR coefficients and 62 the
error variance. In general,the model order ¢ # p, but here it seems reasonable to let p = g.

Preferably p = VN, for example N may be chosen around 10.

In the proposed frequency domain algorithm below, the estimate (1) is compensated

according to

62(“)) =

AR

$e(w) - $2(w) (9)

where v (= 1) is a design variable. The frequency domain algorithm is summarized in the -

algorithms section below and in the block diagrams in Fig. 1 and 5.

A corresponding time domain algorithm is also summarized in the algorithms section and
in Fig. 2 and 6. In this case the compensation is performed in a convolution step, in -
which the LPC filter coefficients &, are compensated. This embodiment is more efficient,
since one PSD estimation is replaced by a less complex convolution. In this embodiment
the scaling factor v may simply be set to a constant near or equal to 1. However, it
is also possible tfi) calculate vy for each frame, as in the frequency domain algorithm by
calculating the root of the characteristic polynomial defined by d, that lies closest to the

unit circle. If the angle of this root is denoted & , then



.given by, see [3, 4] [err] (1) where wis
t he angul ar frequency w [err] (O, 2[err]). In (1), A(z) is given by
A([err]) =1 + [err] + . . . + Jerr] (2) where [err] =
‘[err] are the estimated AR coefficients (found by LPC analysis, see 5 ) and
[err] is the_residual error variance. The estimted paraneter vector [err]
and [err] ar VR IUIN,¢ o from{x(k)} as follows: [err] (3) VHRR264TE  wher e
The set of linear equations (3) can be S | ved using the Levinson-Durbin
algorithm see 3. The spectral estimate (1) isS known to be snoboth and its
statistical properties have been ana¥ ‘RHMS for broad- band and noi sy
narrow band signals, respectively. In general, due to nodel errors there
appears sone P{, in the spectral valleys. Roughly, this bias can be

descri bed as e‘??]r O for [err] such that [err] [err] max[err] [err] [err]

6 err] 0 fgor al el err err] where [err] is the
fas%igmte](l) gnd %#ﬁaég"tﬁgﬁtr]ué%g un{(nE)vm)]power sLect]ra: density of

x(k). r  LPC model order

OUTPUTS

6, signal LPC parameters 6, = (4, - - - )7

Q
His

signal LPC residual variance

&, signal LPC spectrum &, = ($.(1).-- &, (N/2))T

&, compensated LPC spectrum &, = ($.(1)--- & (N/2))T
€ residual € = (g(1)---e(N)T

. residual LPC parameters 8, = (b, -- -bp)T

82 residual LPC error variance

v  design variable (=1/(max; ®.(k)) in preferred en;bodiment)



WO 97/ 01101

PCT/ SE96/ 00753 9 In order to reduce the bias appearing in the spectral
valleys, the residual is calculated according to [err] Perform ng another
"LPC analysis on {[err](k)}, the residual power spectral density can be

calculated from cf. (1) [err] where. simlarly to (2), [erWﬁ"sthe
estimated AR VO ents and [err] the error variance. e nodel
order q [err] p, but here it seens reasopable to let p = gq. Preferably

p[err] for exanple N may b @ﬁﬁ%ﬁf H&F sed frequency
domai n al gorithm bel ow, th?lgg na e‘?ﬁsll\é%:%rrpensa g%ﬁggcor ding to [err]

(9) where [err] ([err] 1) is a design variable. The frequency domain

algorithmis WA@%#MA@AE%q*}m)rommms'rgpsbel ow and in the block
diagrams in Fig. and 5. A corresponding tine domain algorithmis also

sunmgrized in the al gor i t hiBowee Ghectra) adidity Bsilthftiond and 6. In this case the
conpensation is performed in a convolution step, in which the LPC filter

coefficients [qfl h2lacq rodnapRea, 8f. Thisalq/Peosiaint is more efficient,
since one PSD estination is replaced by a | ess corrpl ex convolution. In this

enbodi ment t he gscal sm(@gclt Qyy[err] rmg,{gnm sRbiyaiR8tifRtion, Gxec RSt ant near or
equal to 1. Hovvever it Is also possible to cal cul ate [err] for each frane,
as in the frequency domai n al gorbiabgdpensation)

¢ := FILTER(Y., x) residual filtering

|6, 32} := LPCanalyze( &, p) residual LPC analysis

&, := SPEC(f., 62, N) residual spectral estimation

FOR k=1 TO N/2 DO spectral compensation

Bo(k) = 7- Balk) - belk) 1/(maxpde(k) S¥<1

END FOR

TIME DOMAIN ALGORITHM

FOR EACH FRAME DO THE FOLLOWING STEPS:

|6, 62) := LPCanalyze(x, p) signal LPC analysis

£ = FILTER(@,, x) residual filtering
[6, 82] := LPCanalyze(e, p) residual LPC analysis
] '=CONV(§,,§,) LPC compensation
:= SPEC(d, 82, N) spectral estimation
FOR k=1 TO N/2 DO
$o(k) := v - B(k) scaling

END FOR



.cal culating the root of the | Sl ol ynom al defined by [err] that
lies closest to the unit ci—U mmmm‘mtmﬂm
L *

e of this root is denoted
[err], then [err] WO 97/ moos
"PCT/ US96/ 00753 10 ALGORI THMS | NPUTS x i nput data x =(x(1)...x(N))[err] p

LPC nodel order OUTPUTS [err] signal LPC paraneters [err] 3 ]L.,err]
si gnal LPC r ¥P8UMIO ari ance [err] signal LPC spectrum [errﬁ’d:.Ig i err] [err]

conpensated LPC spectrum[err] = [err] [err] residual [err] = [err] [err]
resi dual LPC parameters [err] = [err] [eri{d residual LPC error variance
[err] design variable (=1/(max[err](k)) in preferred enbodi nent)

CLAIMS

1. A power spectral density estimation method, comprising the
steps of:
performing a LPC analysis on an input signal vector for
5 determining a first set of LPC filter parameters;
determining a first power spectral density estimate of said
input signal vector based on said first set of LPC filter parame-

ters;
filtering said input signal vector through an inverse LPC
10 filter determined by said first set of LPC filter parameters for

obtaining a residual signal vector;
performing a LPC analysis on said residual signal vector for
determining .a second set of LPC filter parameters;
determining a second power spectral density estimate of said
is ‘residual signal vector based on said second set of LPC filter
parameters; and ' '
forming a bias compensated power spectral estimate of said

input signal vector that is proportional to the product of said
first and second power spectral estimates.

20 2. The method of claim 1, wherein said product is multiplied by
a positive scaling factor that is less than or egual to 1.

3. The method of claim 2, wherein said scaling factor is the
inverted value of the maximum value of said second power spectral
density estimate.

25 4. The method of claim 1, 2 or 3, wherein said input signal
vector comprises speech samples.

5. A power spectral density estimation method, comprising the
steps of:
performing a LPC analysis on an input signal vector for
30 determining a first set of LPC filter parameters;
filtering said input signal vector through an inverse LPC
filter determined by said first set of LPC filter parameters for
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11 FREQUENCY DOVAI N ALGORI THM Fﬂ“mmumml H)ml'(l' HE FOLLON NG STEPS: (power
spectral density estimation) [e (X, p) signal LPC
analysis [err] := SPEC([err], 1*Nf t+ ® S *jgnal spectral estinmation,

[err] set to 1 (bias conpensation) [err] := FILTER([err], X

resi dual fiIt"EPig’HQ;"["err] : = LPCanal yze( [err], p) residuah’?—%"aw&? ysi s
[err] resi dual spectral estimation FOR k=1 TO N2 DO

spectral conpensation [err] := [err]) 1/(gax[err](k)) [err] END FOR TI ME

DOVAI N ALGORI THM FOR EACH FRAME DO THE FOLEON NG STEPS: [err] D=
Ir_gscfgﬁg?lzfi(ﬁ%%anig I r%l rég’%‘f‘gasﬁafﬁ%ﬁ?g A L-r!-EsRi([gﬁgllr] i_P)C(Z) anal ysi s
Larr]  Sao( [ erPeyiommih a LEC anadvksfnencstibRepsirpL: SEPEEEEPY 19F
specty al est i deteonmioR k—ded@d\s@tDOf LPC filter parameters;
convolving said first set of LPC filter parameters with said -
« > second set of LPC filter parameters for forming a compensated set
of LPC filter parameters;
determining a bias compensated power spectral density estimate
of said input signal vector based on said compensated set of LPC
filter parameters.

10 6. The method of claim 5, wherein said bias compensated power
spectral density estimate is multiplied by a positive scaling
factor that is less than or egual to 1.

7. The method of claim 6, wherein said scaling factor is the
inverted value of the maximum value of a power spectral density
15 estimate of said residual signal vector.

8. The method of claim 5, 6 or 7, wherein said input sigmal
vector comprises speech samples. ' '

9. A power spectral density estimation apparatus, comprising:
means (10) for performing a LPC analysis on an input sigmal
20 vector for determining a £irst set of LPC parameters;
means (12) for determining a first power spectral density
estimate of said input signal vector basé@ on said first set of
LPC parameters;
means (14) for filtering said input signal vector through an
25 inverse LPC filter determined by said first set of LPC parameters
for obtaining a residual signal vector;
means (16) for performing a LPC analysis on said residual
signal vector for determining a second set of LPC parameters;

- means (18) for determining a second power spectral density
30 estimate of said residual signal vector based on said second set
- of LPC parameters; and

weans (20) for forming a bias compensated power spectral
estimate of said input signal vector that is proportional to the



[err] (k) :=[err] scaling END FOR WO 97/071101

PCT/ SE96/ 00753 12 CLAIMS 1. A povmluﬁmmm"m mLty estimation nethod,
conprising the steps of: perform ﬂ on an input signal

vector f or 5 deternmining a first® sét 8f tPCfilter parameters;

determ ni ng avhg&ﬁﬁgﬁomer spectral density estimate of said input signal
vector based on sald first set of LPC filter parane- ters; fROT/SESSMZIsaid

i nput signal vector through an inverse LPC 10 filter determ ned by said

first set of LPCfilter paraneters for obtgining'a resi dual signal vector;
perform ng a LPC anal ysis on said residual “Signal vector for determning a

second set Of ddddubt! b€rsaidl IRERN Snd ISd&rl Pohieras é&@{)&ﬁ%&% ctral
density estimate of said 15 resi dual sig%gl Sec or base oﬁaggga second

set of LPC filter paraneters; and .
10. A power spectral density estimation apparatus, comprising:

means (10) for performing a LPC analysis on an input signal
vector for determining a first set of LPC filter parameters;

5 means (14) for filtering said input signal vector through an
inverse LPC filter determined by said first set of LPC filter
parameters for obtaining a residual signal vector;

means (16) for performing a LPC analysis on said residual
signal vector for determining a second set of LPC filter
10 parameters;
means (22) for convolving said first set of LPC filter
parameters with said second set of LPC filter parameters for
forming a compensated set of LPC filter parameters;
means (12’) for determining a bias compensated power spectral
15 density estimate of said input signal vector based on said
compensated set of LPC filter parameters. '

[\

(4.4



form ng a bias conpensated power spectral estimte of said input signal
vector that is proportional to the product of said first and second power
spectral estimtes. 20 2. The nethod of claim11, wherein said product
is multiplied by a positive scaling factor that is |less than or equal to 1.
3. The met hod gﬂlﬂlm 2, wherein said scaling factor is the inverted val ue
of -the nmaxi mum val'ue of said second power spectral density cRET/SES6R075)5

4. The method of claiml1l, 2 or 3, wherein said input signal vector
conprises speech sanples. 5. A power spegfifl density estimation method,
conprising the steps of: performng a L anal ysis on an input signal
vector for 30 determning a first set of LPC filter paraneters;
filtering said input signal vector through an inverse LPC filter determ ned
by said first set of LPC filter paraneters fo* WO 97/01101

PCT/ SE96/ 00753 13 obtai ning a residual signal [vector; perform¥Yg a LPC

anal ysis on said residual signal vector for—s, '
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determ ning a second set of LPC filter paraneters; convolving said first
set of LPC filter paraneters with said 5 second set of LPC filter
paraneters for form ng a conpensated set of LPC filter parameters;

determ ning a bias conpensated power spectral density estinmate of said

i nput si gnal ng%? @i\sed on sajd conpensated set of LPC filter paraneters.
10 6. The merBa of cl ai m 5, wherein said bias conpensaPCU/SERSQETS3
spectral density estimate is nmultiplied, by a positive scaling factor that
is less than or equal to 1. 7. The rg{m{ of claim®6, wherein said scaling
factor is the inverted value of the xi mum val ue of a power spectral
density 15 estimate of said residual signal vector. 8. The nethod of
claim5, 6 or 7, wherein said input signal vector conprises speech sanples.
9. A power spectral density esti rratigg apparatus, conprising: neans (10)
for pérformng a LPC anal ysis on an i@pgut si gne& 20 vector for
determning a first set of LPC para grs; nmeans (12) for determning a
first power spectral density estimtee ¥d i nput signal vector based on
said first set of LPC params;\ers; A {4) for filtering said input
signal vector through an 25 [ PC filter determ ned by said
first set of LPC paraneters
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f'or obtaining a residual signal vector; nmeans (16) for performng a LPC
anal ysis on said residual signal vector for determning a second set of LPC
paraneters; neans (18) for determ ning a second power spectral density 30
estimate of said residual signal vector based on said second set of LPC
paraneters; a (20) for formng a bias conpensated power spectral
esti mate of sawodg?ﬁlgﬁlt signal vector that is proportional tJPGHENTF

97/ 01101 PCT/ SE96/ 00753 14 product
of said first and second power spectral396/t4rrat es. 10. A power spectral
density estination apparatus, conprising: neans (10) for performng a LPC
anal ysis on an |nput signal vector for determning a first set of LPC

filter paranggess reahs—I)—torfiltering.said i nput signal
vector through &n |nver LPC filter -determ néd by: said fifst set of LPC
filter parametegs--fgr- oh{ia r esi-dua] ---si-gnal -iveector-freans (16) for
performng a LP resi dual signal vector fpr determning a
Secong set O'Ea_ ..:..p.ar.a.n:et.efS,...:......:...... cerem
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means (22) for convolving said first set of LPC filter paraneters with said
second set of LPC filter paraneters for formng a conpensated set of LPC
filter paranmeters; nmeans (12') for determning a bias conpensated power
spectral 15 density estimate of said input signal vector based on said

co[rpensat ed s%,g}‘oulofc filter paraneters. PCT/SESG/00753
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