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A spectral subtraction noise suppression method in & frame
bated digital commumication system is described. Each frame includes
a ined number N of audio samples, thereby giving eachi
&mwNﬁumsd‘ The method is performed by a spectral

(150) function #(w) which is based on an estimate (140)

w) of the power spectral density of background noise of non-speech
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t he nethods introduce, so called, nusical noise. The above drawbacks
wththe speciral subtraction nethods have been known and, in the
literature, several ad hoc nodifications of the basic al gorithms have
appear ed for“Rﬁ&%L | ar speech-in-noi se scenari os. However, the problem how
to design a spectr subtraction nethod that for geréeral sceﬁEFF&KNQR%iIIs
1-3 has remai ned unsol ved. '

2 In order t SPECTRAI SUBTHACTION NOISEISUPPRESSIONMETHOD r om
noi sy data, note that the spectral subtraction nethods are based on

filtering using estimted nodels of t ' 1.0 I f those estimated
nodel s are close to the underlying tﬁg}'}ﬂﬁﬁ@"&'}gﬂghﬁs s a well working
approach. Howeve rThéj%I%é_nQ ilveRtish fildred o Moiselsapprefian id dighl fdife 5288 eointBicadith
ms) as well as the physical reality surrounding a nobile tel ephony )

appl i cation (8epBems.santhin partiquiarent gpearal snbeyaction: reiserpunpressionfmethed in such
noi se, etc.) t stg)ﬁ;i mated nodels are likely to significantly differ from
the underlying teality and, thus, result in a filtered output with | ow

audi bl e quality. EP, Al, 0 588 526 describes a nmethod in which spectral
anal ysis is perforned either BACKGROUND Oft THEINVENRTION (FFT) or _
Li near Predictive, Codi n L . - .. SUMVAR THE, .
INVENTION  An %Bj"é‘&"%oémg% P weasth ign) BrRGeEG '8 "P%e'b‘f%'ﬂ%“taf’?gp%&#‘eﬂ@"
subtraction NOiffpeh $td s nasiteneR! Ol afirésth for Wpbéchr enh@hédinent Baséd 81 single
wi thout sacrificing audible quality. This object is solved by the

char act er i zi ng chaupel(mistqphope)-measurements is filtering in the fregpercy domsrapplyivssmrtral

THE DRAW NGS i NV, R t hery w ] vant.anes

Chor cof oy bafiifetlod Edialhs, 9 WGlactbld bibbOSL phltl RS biaind hoila'iFite:

description t akine stageidie (inWoinpatibeh with ehexpeych) g ntideVbfitlie badkgrodndGidise is usually
estimated during time intervals with non-speech activity. Then, during data frames with

speech activity, this estimated noise model is used together with an estimated model of
the noisy speech in order to enhance the speech. For the spectral subtraction techniques
these models are traditionally given .in terms of the Power Spectral Density (PSD), that
is estimated using classical FFT methods. _

None of the abovementioned" tééhniques give in their basic form an output signal with

satisfactory audible quality in mobile telephony applications, that is
1. non distorted speech output
2. sufficient reduction of the noise level
3. remaining noise without annoying artifacts

In particular, the spectral subtraction methods are known to violate 1 when 2 is fulfilled
or violate 2 when 1 is fulfilled. In addii;ion, in most cases 3 is more .oi less violated since
the methods introduce, so called, musical noise. '

The above drawbacks with the spectral subtraction methods have been known and,
in the literature, several ad hoc modifications of the basic algorithms have appeared
for particular speech-in-noise scenarios. However, the problem how to design a spectral

subtraction method that for general scenarios fulfills 1-3 has remained unsolved.



system sui t abl e for perfornmg—the nethoed of the—present i nvestoen—
IFIGURE 2 is a state diagramof a Voice Activity tector (VAD) that may be
lused in the systWooa#t® g. 1; FIGURE 3 is a diagram of two dpEr/sE9600024
|Power Spectrum Density estimtes of a speech frame, FIGURE 4 is a tine

|di agram of a sanpl ed. audj o, Si |, caont ai.ni speech _and,back- ground .noi.se;

FIGURE 5 is a time dPhariehghieight (s diaclifies sh speech Snpancoment Siom ppisy data. note
isubtraction in accyhatltivapestiallsublisctivhiméthods dre based|on #iierifig using ebiiiBted nbeR 3 the
of the signal in Fig. 3 after spectral noise subtraction in accordance with
the present inventipegmingdata. If hosepatimated models afe elasg to the underlying Ptyuehmodels, this

PRERERRED ENBCD! NEH Sl Ve o, ey, dus o el JsntiRachl B uidopdld o
[a fr??ﬁ) of ?E)eei h %gs)gutaghlltay thelphysicabrealityssurrounding amobille telephongraéap::t(:atgon (8000Hz
err =s Vv k=.1,. ., N . ,

s(k) and v(k) den%@%l’“f’éé’ffs&?'}@vgl?éjz-q R &tationatity, al the, noise, et} ‘ﬁ?@s@iﬂé@gﬁmﬂs are
the speech and tiyelyagskighifieaitfy aiffer doeh bhelandériing baality zha! cifs, $&R! BSa iftered
a frane. The speech I's assuned stationary over the franeg, while the

noi se i s assumed |owtput with loyeaudibleiqualityy, that is stationary over several
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FIGURE 1 is a block diagramof a spectral subtraction noise suppression

SUMMARY OF THE INVENTION
Anob jeét of the present invention is t.d provide a spectral subtraction noise suppresion
method that gives a better noise reduction without sacrificing audible quality.
This object is solved by the characterizing features of claim 1.

BRIEF DESCRIPTION OF THE DRAWIN-CS

The invention, together with further objects and advantages thereof, may best be
understood by making reference to the following description taken together with the
accompanying drawings, in which: - ¥

FIGURE 1 is a block diagram of a spectral subtrgction noise suppression system
suitable for performing the method of the present invention;

FIGURE 2 is a state diagram of a ‘Voice Activity Detector (VAD) that may be used
in the system of Fig. 1; _

FIGURE 3 is a diagram 6f two different Power Spectrum Density estimates of a speech
frame; |

FIGURE 4 is a time diagram of a sampled audio signal containing speech and back-
ground noise; _

FIGURE 5 is a time diagram of the signal in Fig. 3 after spectral noise subtraction
in accordance with the prior art; _ .

FIGURE 6 is a time d_ia.gram of the sjgx__lal in Fig. 3 after spectral noise subtraction
in accordance with the present invention; and

FIGURE 7 is a flow chart i.llﬁstrating the method of the present invention.



activity. Denote the power spectral densities (PSDs) of, respectively,

~the npeasurenent, the __speech and _the noise by [err](w), [err](w and
[err](w), where [err] Knowing [err](w) and [err](w), the quantities

[err] (Wwa ?gﬁ#) can be estimated using standard spe&m@r action

met hods, shortly reviewed bel ow Let [err]( an -

estimate.of s(k). Then, [err] (k) = [err]

(H([err]) X(lpsmljr.)ED DESCRIPTION OF THE PREFERRED EMBODIMENTS

(3) - X([err]) = F([err](k)) where F(-)

denotes s crete Fourier Transform
oFf SPARCT AL OB TR L SO PR e

(DFT) and real -val tlon inwl[err] (0,2[err])
and such thaConsidhrﬁirimbokspbechThegriddd(hy‘:ﬂihﬂﬂ(em)oxséepends on [err](w and

[err](w). Since Hw) is real- val ued, the phase of' S(w)y = Hw X(w)
equal s the phase of the degr ee he ,use real -val ued H( S
notivated by the human ears aﬁseﬁ@it"'?/a‘? 0|J‘ ph'a’ge d| stortion,. \a)n

general, [err](w) and [err](w) are unknovvn and have to be replaced in H(w

by esti- winé ECE)Q?(&DIHIIH i) deﬁbte][, tespectively] ﬂrerdoﬁsy)med&mcxiﬂe?t bfithe spee<:hI 1'.11ef
non- statlonarlty O th speec err est | te rom.a Sl ngl e rane
of data, the adgitive nege,lmtf&cﬂe&gzeﬁghﬂwabqr samples i, a frame.

frames. For méeen &/ asshin Hssti’cﬁﬁﬁﬂeﬂvég%&f o Rle A%k InbliseYis ReuAei Abong- VAD)

S avallable In "~ order to |st|nQU|s etween franmes containing nois
speech andirhe stationargthat is stationary ever sem&lfranhes The anmberof frives yhere p(k)) s

estinat ed 19 gtra.ltngga.ryog dseggteg qua'l(': t>|>v I1t ymr¥hez%v&rlg n?ne% %at the speech activity is
sufficiently low, so that a model of the noise can be accurately estimated during non-speech

activity. - | - i
Denote the power spectral densmes (PSDs) of respectwely, the measurement, the

speech and the noise by &.(w), <I>,(w) and <I>.,(w) where

Ba(w) = B, (w) + Bu(w) __ @

Knowing ®,(w) and &,(w), the quaﬁtities ®,(w) and s(k) can be estimated using standard
spectral subtraction methods, cf [2], shortly reviewed below
Let (k) denote an estimate of s{k). Then,

k) = FUHW) XW)
(3)
X@) = Fla®)

where F(-) denotes some linear transform, for example the Discrete Fourier Transform
(DFT) and where H(w) is a real-valued even function in w € (0,27) and such that
0 < H(w) < 1. The function H(w) depends on &,(w) and ¥,(w). Since H(w) is real-
‘valued, the phase of §(w) = H(w) X {w) equals the phase of the degraded speech. The use
of real-valued H (w) is motivated by the human ears unsensitivity for phase distortion.
In general, ®,(w) and ®,(w) are unknown and have to be replaced in H(w) by esti-
mated quantities ®.(w) and $,(w). Due to the non-stationarity of the speech, ®.(w) is

estimated from a single frame of data, while ®,(w) is estimated using data in r speech free



several frames, for exanple, using [err] ,Jgn (4), [err](w][err] is the
(running) averaged PSD estimate based on—data up-—to—and i ncl uttrg—— frane
nunber [err] and [err](w) is the estimate based on the current frame. The
scalar p [err] (WO%2§24128 i s tned in relation ?o ‘?h;ei.assurred st apCTSEvsiobugs Of
Jerr] (k). An average over r franmes roughly corresponds to p inmplicitly

gi ven by c o ae el o 2 - . .
(5) A sui t abl eﬁﬂgﬁs'e%olr .%‘8;*( ok éﬁjﬁ%‘ﬂ%&h"‘éﬁ rY%?ﬁ A%‘?WﬂBW§ (XﬁDl) I'Ise""'_aulable "_‘
spectral shape of bider to distifgsiobigtoreinframes ecntghingmoldy spedchlanil framesltoniRinifig noise
denotes the conpl ex copjugate and where V(w) = F(v(k)). Wth F(-) = )
FFT(.) (Fast Fouri @rl}'-ﬂtaﬁgasamwvn%(wg &5 9stimpped quringnqnssneeeh aptiyity hygpveraging over

[err](w) in (4) is Nedi gram both leading to

asynptotically (N >> %frﬁﬁ%%/’gé’g%&gggg’edgﬁgmt es - with approxi mative

vari ances . . . Varcél[ err](wy)[err] [err](w _
(7) . Rudw) (BB ) € r]p)Peled)] A (4)
simlar expression to (7) holds true for [err](w) .during speech activity
(replacing [err] ([Br(4))®,(w)¥is tHe (rehiifg] SerdgedPSD estimaté*bw%ﬂﬁhu to and including
subtracti on noi se suppression systemsuitable for performng the n%tﬂéﬁ

of the present i nvisame oumber §dndif{whisdbe ¢stinistebased on the qurnyfrahe. Thescalar o € (0, 1)

m crophone 10 t he . audi.0o _signal lLerrl(t), is,.forwar tp an A/ D conyerter
12. A;) D converter %ﬁuﬂ‘ ! s‘ag‘-’“ Lod{b@l?%‘é'é% s&ﬁd‘?%"&?ﬁﬁgg JiQ’t’\ BYSTASROVED T james roughly
{[err](k)} to a trm@&p&m-hbgqiﬁpﬁémyfmn@yarrpl e a FFT (Fast Fourier

Transform bl ock, which transfornms each frame into a corresponding

2
1-p T (5)

A suitable PSD estimate (assuming no apriori assumptions on the spectral shape of the
background noise) is given by
3(w) = FV @IV (W) (6)

where “+” denotes the complex conjugate and where V(w) = F(v(k)). With F(-) =

'FFT(-) (Fast Fourier Transformation), $,(w) is the Periodigram and &,(w) in (4) is the
. g o AR RN : ;

averaged Periodigrain; both leading to asymptotically (I >» 1) unbiased PSD estimates

with approximative variances

Var(d,(w)) =~ ®5(w)
Var(d,(w)) = = &i(w)

A similar éxf;ession to (7) holds true for & (w) during speech activity (replacing ®2(w)

~in (7) with ®2(w)). -
A spectral subtraction noise suppression system suitable for performing the method
of the present invg;@ﬁon is illustrated in block form m Fig. 1. From a microphone 10
the audio signal ::.(ti‘.is forv‘iarded to an A/D converter 12. A/D coﬁverter 12 forwards
digitized audio samples in frame form {z(k)} to a tfa.nsfo‘rm block 14, for example a

FFT (Fast Fourier Transform) block, which transforms each frame into a corresponding



frequency transformed frame (X(w)). The transformed frame is filtered by-

~Hw)in block 16. This _step perforns the actual spectral subtraction. The
resulting signal {S(w)} is transforned back to the tinme domain by an

I nverse ; m bl ock 18. The result i% a frame {S(k)} _in which the noise
has been sa ssed. This frane may be forwarded to an ler 20 and ”
thereafter to a speech encoder 22, The speech encoded signal is then 3
f orwar ded freqencharansfornteddedine { ¥ (w) }nTthe ltrinsforhed frama isfitered by H (i) &5block

el t t shown). The actual A f of [¢ V), .in bl . ]
eponds. onlé nbbis AR Hpbime e [Rotyal pesrie] surrocions Ths SR siEnah Sl i
estimat or gdusternbdt iRk 30 Thy timfeddonsaiR b§ el MVersd trafi&ishin BRdck ML erhel faalit isSa

used. Exa_rFEI es of different expressions are given in Table 2 of the next

section. THemedpG)} pmmhichs theinoisedias beem gupnsessed. pThisifrage may drecforwardedton

o e 5 Wl L BRI £l b 7450 e ST Bt
Det ect or ({eR)fors@rdedtioGchanfél enbguer ahd anlu{atokior tiansaiRbion (tlivee vbMbMeard he

frame contains speech (S) or background noise (B). A suitable VAD is _
descri bed ¥ sE’S‘]"{')~[6]. The VAD may be inplenented as a state nachi ne having

e 4 53 S Bl ) R 98 SO A E A

and 22, PSiedetnedainoPSD estiakorf 24; imnfl ahe Japalyticnexphession of thése redtimates thMAD 26

I ndi cat non- h.act] Vit B), state 2Q, PS t.i.ngt 24 wi || f

ety A SERGRE ikl vt S v BT TRkt e B e

speech fr aggjop L (f&lﬂﬂﬁié‘ﬂéscﬁ?ﬁcﬁh WA Edrlcéltrate oacdillereht fnbfholis 3FToimilg t Nat
i gpal | so

sequence) . S[Bis a orwarded to spectral subtraction ock

16. | n t hiestimatestPdwk DLwirfrpmathelipputi frsrae §ugk)}i [ ters during speech and

e Soeen LPEPE AR 5P urBRRed 5 TRoEARNL e PR SorE B R
frames H(vhpoBitaine {a(E))notdebérnlihd Fhethbt thelfrainb abntafidepascht (3) o daligroutad
sound level to_the sane_ |l evel as the background sound |level that remains in

speech friise @)t & sytable VAL js deseribed in 3]t 6] s Tha VAR engse be dmplementadses
level will, Q‘aaté Qﬁcﬁﬁg‘fmgi'ﬂ&itﬂg 40Rh{s illustrated in Fig. 2. The resulting control signal
S/B is forwarded to PSD estimator 24. When VAD' 26 indicates speech (S), states 21
and 22, PSD estimator 24 will form &.(w). On 'the'ot'he'_r'hand; when VAD 26 indicates
: xion-spéech activity (B)’,'staté 20, PSD estimator .24 will forin.@,,(w). ‘The latter estimate

will be used to form H(w) during the next speech frame sequence (together with $,(w)
of each of the frames of that sequence).

Signal S/B is also forwarded to spéctral subtraction block 16. In this way block 16
may apply different filters during speech and non-speech flja.m&s. During speech frames -
H{w) is the above mentioned expression of $.(w), <i>.,(w).' On the other hand, during
non-speech frames H (w) may be a constant H (0 £ H £ 1) that reduces the background
sound level to the same level as the background sound level that remains in speech frames
after noise suppression. In this way the perceived noise level will be the same during both
speech and nbx_x-speech frames. - B

Before the output signal 5(k) in (3) is calculated, #(w) may, in a preferred embodi-

ment, be post filtered according to

Hpw)=max (0., WW)A(w)) Vo (8)



speech and non-speech franes. Before the output signal [err](k) in (3)
[erTi(w) may, i1 a preferred enbodi—rent, be-post—+i tered

is calcul ated,
according to

%functions.

H[err](W) —?WX (0.1. Wwl[err](w)

WO 96/24128( 3) ab¥e 1: The po
STATE (st) [err](w) COMMVENT
5 1([err]w [err] (k) =[err] (k) 20 .
0.316 ([err]w) nuting -Tael@l: The postfiltering functions. 27 0.7 [err](w
ccautios filtering (-3dB) 22 [err](w)

where [err](w is calcul ated acepird (39 tg([,!f?bl e lgcoMmenscalar 0.1 inplies

t hat the noise floor is -20dB. Fur

hernore, siagnal S/ B is al so

forwarded to speech encoder 22.3This enap )dl ff_gy:gatz(k) encodl ng of

speech and background sounds. PSD E ANALY

i s obvi ous

that the stationarity assunpti ope i nposepl316)(Va4)K)mating VIOEB g| ve rise to

21 0.7 H(w) cautios filtering (-3dB)
22 A(w)

where A (w) is calculated according to Table 1. The scalar 0.1 implies that the noise fioor
is -20dB. I |

Furthermore, signal S/B is also forwarded t_o. speech encoder 22. This enables different
encoding of speech and background sounds.' |

PSD ERROR ANALYSIS

It is obvious that the stationarity assumptions imposed on s(k) and v(k) give rise to
bounds on how acéurate the estimate §(k) is in comparison with the noise free speech signal
s(k). In this Section, an analysis technique for spectral subtraction methods is introduced.
It is based on first order approximations of the PSD estimates &.(w) and, respectively,
®,(w) (see (11) below), in combination with approximative (zero order approximations)
expressions for the accuracy of the introduced deviations. Explicitly, in the following an
expression is derived for the frequency domain error of the estimated signal 5(k), due to
the method used (fhe choice of transfer function H(w)) and due to the accuracy of the
involved PSD estimators. Due to the human ears unsensitivity for phase distortion it is

 relevant to consider the PSD error, defined by

b,(w) = &,(w) — Ds(w) | (9)
where

By(w) = H¥(w) ®x(w) B (10)

Note that &,{w) by construction is an error term describing the difference (in the frequency

domain) between the magnitude of the filtered noisy measurement and the magnitude of



bounds on how accurate the estimate [err] (k) isin conparison with the
noi se free speech signal s(k)._ln this Section, an analysis technique

for spectral subtraction nethods is introduced. It Ts based on first
order approxi mati ons of the PSD estimat&s [err](w) and, |vely,
[err] (WVAMBAI2811) below), in conbination with approxi m&?&@ro order
appr oxi mat i ons) expressions for the accuracy of the introduced

devi at i onshe Eepéh (,’l‘hétyfpre, ri’,(ch)ecdmtallce\bloﬂgpemtwe mme oraluies anid is natcthé or

the frequ in error .of .t ted si du t he
net hod usggﬁy‘{f %d@@aﬂﬂ 'ﬁ”é‘n{;“r‘éﬁ)sf%@ ?ﬁ-@bﬁk ﬁ‘ﬁ ‘]déé")tt&s?‘ﬁ@gt(b’elracy
of the ahmmtwpdlnDﬁﬁ% S6dtioRR LRy BnaljdiCist restrioted iemhe @3¢ of POwESkBtiackion f or
phase distortion it is rel evant to consjder the PSD error, defined by

[err]  wiR$k(2): Péhqr]chowquéi () san beenalyzed inia simiarsway see AFFENRIX ArGhr
term descy Q&opﬁ PS-fef ehdi S%??Ri‘/’() 'afb in%d&éeﬁ%ﬁrhgﬂyﬁeé’g%@h%@%bfﬁ‘GS hg

magni t ude o ere measur enent  an ni't
7 t hsuramancot différentéuitable dheices Of\ (@pis giveeinable osi ti ve and negative
val ues and i s not the PSD of any tine domain signal. In (10) [err](w)

denotes an esti f !erbu)):v%l ased on %“ Hw% nd In this
Section, the a spgetral f"eﬁb’ak P P ctlon ,

(PS), [2]. Qher chOI Geuetiod (BS)/(kthhdird PS)APS(D rlala/é , Magiltude Sub-ar way (see
APPENDI X A-C). In addltlon novel choi ces of (w) are introduced and

anal yzed (see APPENDI rackiet) (M3), spectsy]subirartion “'G?‘\"S%Pﬂ!?ﬂ°%ﬁ"‘f”&b?'& choi ces of
[err](w is given in Tafe(Wr) and Maxigum Tabinsod (MEY aidhloasiogts &idf f er ent

spectral subt ract | on net hods Power
Improved Power Subtractxon (IPS) in accordanoe with a preferred

embodiment of the pment invention.

H(w)

Haps(w) = /1 = 6dy(w)/$=(w)
fius(w) = 1= &) oat)
Hwrlw) = Hps(w)

Haanlo) = §1+ Fpse)

A1ps(w) = \fG(w)Hps(w)

By’ définition, H(w) belongs to the interval 0 < H{(w) < 1, which not necesarilly
holds true for the corresponding estimated quantities in Table 2 and, therfore, in practice
half-wave or full-wave rectification, [1], is used. . ;

In order to perform the analysis, assume that the frame length N is sufficiently large
(N>»1)s0 that &.(w) and &,(w) are approximately unbiased. Introduce the first order

deviations

do(w) = Dr(w)+ Arlw)
: (11)



traction (PS) (standard PS, [err]ps(w) for [err] = 1), Magnitude Sub-
trdction (M5), speetral subtraetion met+hkeds based—en~W ener H4+——m—-

itering (W) and Maxi mum Li kel i hood (M) met'hodolé)gi es and _
|| mpr oved Power Wdbeeaatasi on (I'PS) in accordance w tih a pref err edPCI/SE96/00024

‘.embodi ment of the present invention.

[err](w [err] By Qg@gniéiaﬁhﬁ)?g&wgel ongs to the

interval O [err] Hw [err] # which not cesar | ds true for the

!correspondi ng estinmated 1glijgantmir.-ties in Table 2 and, therfore, in practice
‘hal f-wave or full - where Hde) phd dafw)osre sproimednsstachagtic variablésrsuch teat t o

performthe. snal vsbmn GRRTEY 13 MPIARETAGRE X g s ! 8 Braion
I ntroduce the firsg[pdeotes statittichlodxpedtation. Ferthidr, if the correlation time of the noise is short
. compared to the frame length, Ef(®,(w)? - &y(w)) (&, (w)* = ,(w))] = 0 for € # k, where
@;(w)' is the estimate based on the data in the é-th frame. This implies that A, (w)
and A,(w) are approximately independent. Otherwise, if the noise is strongly correlated,
assume that $,(w) bas a limited (& N) number of (strong) peaks located at frequencies '
Wi, - -y wn. Then, E[($y(w)’~Bo(w)) (Bo(w)* ~ ®,(w))] ~ 0 holds forw # w; j = 1,...,n
and £ # k and the analysis still holds true forw #w; j=1,...,n.

Equation (li’a)'ié»implies that asymptotical {N > 1) unbiased PSD estimators such as
the Periodogram or the averaged Periodogram are used. However, using asymptotically -
biased PSD estimators, such as the Blackmaﬁ-‘I‘urkey PSD estimator, a similar analysis
holds true replacing (11) with

Ba(w) = Bofo) + Bel) + Bafw)

and
H E ) = Bw) + By(w) + Bulw)
where, respectively, B.(w) and B,{w) are deterministic terms describing the asymptotic
bias in the PSD estimators.

Further, equation (11) implies that &,(w) in (9) is (in the first order approximation)
a linear function in A.(w) and A,(w). In the following, the performance of the different
methods in terms of the bias error (E[®,(w)]) and the error variance (Var(®,(w))) are
considered. A complete derivation will be given for Hpg(w) in the next section. Similar
derivations for the other spectral subtraction methods of Table 1 are given in APPENDIX
A-G.

ANALYSIS OF Hps(w) (Hspsw) for 6 = 1)
Inserting (10) and Hps(w) from Table 2 into (9), using the Taylor series expansion

(1+z)~! =~ 1 - z and neglecting higher than first order deviations, a straightforward



o

8 [err] where [err]=(w) and [err](w) are zero-nean stochastic

variables such that E[ferr](W/[err](wl]ferr] << 1 and

E[[err](vv)/[err](['err])][err] << 1. Here and in the sequel, the notat.ion

E[[err]]l denotes statistical expectation® Further, if tWtion time
~of the V2B short ~conpared to the frame |ength, [err}-
s Jerr](w)) ([errj(w[err] - [err](w))[err] O for [err] [err] k, where

[ err] (w) [ ecaldulation givesest i mat e ‘based on the data in the [err]-th frame. This
inplies that [err](w) and [err](w), are approxi mately i ndependent.

O herwse, if the noise is st;cw J_._,y?;g“gﬁr ek-
alimted (<< N) nunber of (stto g)tb,p(eéeé' ocat at frequencies

werr]..... Werr]. Then, E[[err](wW[err]- [err](w) én[lgrmi]éé\/)p[err]

--[err] (w Yhemer'sy" is used b denote an ppproximate jequality in why \npng tarmE K

d th i i, | f =1
Rt on ( pyetatetl The diahfified Afon/dls AL (o akd sefbGidah sedchotf vaviables " Thus,

such as t he Peri odogram or the averaged Periodogram are used. However,
usi ng asynptotically bi ased PSDE@ulunhed?? s, such as the Bl acknan-{1d) key
PSD estimator, a simlar analysis hol ds true replacing (11) with [err]
and [errdpq Where, respectively, Blerr](w) and Bferr](w are
determnistic ternms describing the asynptotic =~ bi.as in the PSD estimators.
Further, equation (11) inplLies thq.g(u[)err (W in. (9. is (in the first order
approxi mation)  a |i neXar{@sledi Fogs Lot YA Pped | (W) . In the (14)

a : _

foll owi ng, the perfornmance of the ferent _
In order to continue we use the-general result that, for an asymptotically unbiased spectral

estimator é(w), cf (7)
Ver((w)) = 7(w) $(w) | (15)

for some (possibly frequency dependent) variable 4(w). For example, the Periodogram
imrresbondé to y(w) = 1+ (sinwN /N sinw)?, which for N 3» 1 reduces to v =~ 1.
Combining (14) and (15) gives

Var(®,(w)) = 7 &(w) - (16)

RESULTS FOR flu's(w) |
Similar calculations for Hs(w) give (details are given in APPENDIX A):

= . ‘I’z(w)
Emwzmwﬁ—am)

and

2
z ~ l ®5(w) ' 2
. RESULTS FOR Hwr(w) | |
Calculations for Hwr(w) give (details are given in APPENDIX B):

r

E%”é,a,) assune that [err]él\y) has



methods in ternms of the bias error (E[[err](w)]) and the error variance
(var([err](w))yyare considered. A—conpl ete derwat+on w | |—be—gven for
‘Herr](w) in the next section. Simlar derlvatklons for the other spectral
subt racti on net WeRe2¢4128Tabl e.+1 are given in APP DI X A- G PEYSES6H00240F
lerr](w) (Herr](w for [err] = 1) ‘ Inserting (10) and Herr](w from
Table 2 into (9). using the Tayl or “series expansion (1 .+ x)[err][err] 1-x
and negl ecting higher than firm order devi ations a straightforward

9 calcul ation gives [err].a* where ' [er Jwps€t to denote an
approxi mate equality in which only tHi®s4 Wrgev(ax)e retai ned. The
quantities [err](w) and [err](w) are zero- rrean stcfé'ﬁ stic variables. Thus,
[err] and [err] andn order to continue we use the general result that,
for an asynptotically unbi ased spectral estimator [err](w), cf (7)

. . ) 2
 Var(By(w)) > 4 (l—f—:—%) 782(w)

RESULTS FOR Api(w) _
‘Calculations for & ML(w) give (details are given in APPENDIX C)

o

rogger.,
$ -~

BB = 32) - § (vosle) - t;/@,_(u))z

and

2

q’t(w ) QQ( w)

Va_r(é,(w)).zflé'(1+ v

RESULTS FOR: ,ﬁqps(w) -

Calculations fof--H}ps(w) give (H ]ps(w) is derived in APPENDIX D and analyzed in
APPENDIX E): '

E[®,w)] = (G(w) - 1)®.(w)

and

Var(®,(w)) ~ G*(w)

. o(w) + 205(w)\?
'l x (G(w)+'r<l’v( )q,z((:; Iv@ﬁz::;) 7®3(w)

COMMON FEATURES -



[err] for sone (possibly frequency dependent) vari ablé [err](w). For
exanple, the Periodogram corresponds to [err](w) [err] 1 + (sinwN /N

sinw[err], WhICh for N>> 1 reduces to [err] [err] 1. Conbining (14) and
(15) gi RESULTS FOR HMS(W 1 Sinmilar calcu

H[err](\§8 ?{detalls are given in APPENDI X A): [err Wd

[err] RESULTS FOR H err] (w) Calculations for Herr](w) give (details
are given i n BeppriE\Binxidgied methods it i®notied that the bias error only depends on the choice

of H(w), while the error variance depends both on the choice of H{w) and the variance of
the PSD estimators used. For example, for the averaged Periodogram estimate of &,(w)
one has, from (7), that 4, = 1/7. On the other hand, using a single frame Periodogram
for the estimation of ®.(w), one has v, = 1. Thus, for r » 1 the dominant term in
¥ = vz + v, appearing m the above vriance equations, is 7, and thus the main error
source is the single frame PSD estimate based on the the noisy speech. _
From the above remarks, it follows that in order to improve the spectral subtraction
techniques, it is desirable to decrease the value of 7, (select an appropriate PSD estimator,
that is an approximately unbiased estimator with as good performance as possible) and
select a “good” spectral subtraction technique (select H(w)). A key idea of the present
invention is that the value of v, can be reduced using physical modeling (reducing the
number of degrees of freedom from N (the number of samples in a ﬁame) to a value less
than N) of the vocal tract. It is well known that s(k) can be accurately described by an
autoregressive (AR) model (typically of order p & 10). This is the topic of the next two
sections. _ :
In addition, the accuracy of &,(w) (and, implicitly, the accuracy of 3(k)) depends
on the choice of H(w). New, preferred choices of A(w) are derived and analyzed in
APPENDIX D-G. :

SPEECH AR MODELING

In a preferred embodiment of the present invention s{k) is modeled as an autoregressive
(AR) process

1
Alg™

where A(g~?) is a monic (the leading coefficient equals one) p-th order polynomial in the
backward shift operator (¢~ 'w(k) = w(k — 1), etc.) .

sk) = gropwlk) k=l...N (17)

AlgT) =1+a1g7 4+ -+ +oag™? (18)

and w(k) is white zero-mean noise with variance ¢2. At a first glance, it may seem re-
strictive to consider AR models only. However, the use of AR models for speech modeling

is xziotivated both from physical modeling of the vocal tract and, which is more important



*

~ for this is fourfold. ~

and [err] RESULTS FOR H[err](w) Cal cul ations for Herr](w) give
(details are gi vermrin APPENDHX C): - apg———er’]| RESUIS-ECR
Herr](w Calculations for H[err][err] glve(H[qr](vv) is derived in
APRENDI X D and . aWQi9¢/24128 i n APPENDI X E): [errf sand [err] PCI/SES6/00024

here, from physxcﬁjxmxtatlons from the noisy speec!ﬁm the accuracy of the estimated
models. . - _ o

In speech signal processing, the frame length N may not be large enough to allow
application of averaging techniques inside the frame in order to reduce the variance and,
still, preserve the unbiasness of the PSD estimator. Thus, in order to decrease the effect
of the first term in for example equation (12) physical modeling of the vocal tract has to
be used. The AR structure (17) is imposed onto s(k). Explicitly,

2
: . O .
| ¢ (w) = TAlc)p + &y(w) (19)
In addition, ®,{w) may be described with .a..paramétric -model
o =g (20)

where B(g™!), and C(g™?) are, respectively, ¢-th and r-th order polynomials, defined
similarly to A(g~') in (18). For simplicity a parametric noise model in (20) is used in
the discussion below where the order of the parametric model is estimated. However, it
is appreciated that other models of background noise are also possible. Combining (19)
and (20), one can show that

e - D(g*Y) | B =
%&z(k) TG Syrk) k=N (21)

where 5(k) is zéro mean white noise with variance 0,2, and where D(g™?) is given by the

identity

a3 D) = a2 [C(*)? + 02| B )PJA(e)? (22)

SPEECH PARAMETER ESTIMATION

Estimating the parameters in (17)-(18) is straightforward when no additional noise is
present. Note that in the noise free case, the second term on the right hand side of (22)
vanishes and, thus, (21) reduces to (17) after pole-zero cancellations.

Here, a PSD esn t.or based on the aut.ocorrelatlon method is sought. The motivation

e The autocorrelation method is well known. In particular, the estimated parameters

are minimum phase, ensuring the stability of the resulting filter.



COVWON FEATURES For the considered nethods it is noted that

the bias error only depends on the _choice of H(w), while the error
vari ance depends both on the choice of H(w) and the variance of t he PSD

- estimat S’“@ﬁg For exanple for the aviraged Peri odogr L mat e of
[err]( o has, from (7), that [err][err] 1/[err]. her hand,

using a single frame Periodogram  for the estimation of [err](w), one has
[err][err] b UlingsthefIavinsen m]gorithm, tirecmetimidniansasily implemented| sndr has-a[lewr] +
[err], appearing in . the aboye, vriance equations, is [err] and thus the main.
error sour faFIpuati #ngé&’t?"r ame PSD estimate based on the the noisy
speech.- - From the above remarks, it follows that in order to inprove

t he spectrale Avinptimadlippocedure inclndesca eenlirepr pptintizgationixplicitlydrequiciag sombe

value of [err].(select an rapriate PSD.estipator, .  that is an '
appr oxi mat el yJ"b‘ﬁfﬂPaB%P&?ﬁ? _t@Be\ﬂaﬂt%‘?ﬁ "B%’ba“ﬁ%d?ﬁlmc’é‘“ﬁs possi bl e) and
sel ect a "good" spectral subtraction technique (select [err] (w). A key

i dea of t he epFrogeat practi¢ah\pointi afrview, ithiatfavdrable if the sgm¢ estithationnpiesedweuced

usi ng physi cal del i (;reduci the unber of, degrees of freedomfrom
N (1 e nunber o3 & 2 1 the detadsd spéech and Kisbottvely, the clggn dpserh pben O -
vocal tract. istavhfablel In stherirofdsatheSéskimativn Method GHowIH Yeyindfentbdiost thy an
aut oregressive (AR nodel (typi calli/'o.f order p [err] 10). This is the
topi c of the #tnal scepario of pperatignsthat is independentnfithe apeechrto-neise ratioy of
[err](w) (and, inplicitly, the accuracy of [err](k)) depends on the
choi ce of [ gf jsl el kndveythaR 8! SR model (saeh 8 (F19) édrl bd mvdeled Byl AtCHGAINE

anal yzed in N :
order AR process. When a finite number of data are available for parameter estimation,

_ the infinite order AR model has to be truncated. Here, the model used is

z(k) = ;,(—;:1—)71(*) | 23)

where F(g~) is of order . An appropriate model order follows from the discussion below.
The approximative model (23) is close to the speech in noise process if their PSDs are
approximately equal, that is

D 1
[AE)FICEE ~ [FE)P

(24)

~ Based on the physical modeling of the vocal tract, it is common to consider p =
deg(A(g™?)) = 10. From (2d) it also follows that p = deg(F(g™") » deg(A(¢™")) +
deg(C(q~ ) =p+r, wher;e. p+r rbughly equ#ls the number of peaks in ®.(w)}. On the
other hand, modeling noisy narrow band processes using AR models fequires P Nin

order to ensure realible PSD estimates. Summarizing,
" pHrE€pPp&LN

A suitable fule-of-thumb is given' by~ VN . From t'he. above discussion, one can expect
that a parametric approé.ch is fruitful when N >> 100. One can also conclude from (22)
that the flatter the noise spectra is the smaller values of N is allowed. Even if 5 is not
large enough, the parametric approach is expected to give reasonable resuits. The reason

for this is that the parametric approach gives, in terms of error variance, significantly



APPENDI X D- G SPEECH AR MODELI NG In a preferred enbodi nent of the
preésent invention stk) is nodelt-ed as—a1=|—autoreg+ess1—ve ( ARy—proecess

[err] where A(qg[err]) is a nmonic (the |eading coeffici ent equal s one)
p-th order pol ymordemdiisn t he.: backward shift Opegator (q[err]wEdsEsaootdk -
1), etc.) [err] and wW(k) i s white zero-mean noise with variance [err].

At a first glance,_ it. 0B o copnsider AR mmdel s on
However, the use B ﬂ’cﬁ%‘ﬁg@ %‘?’%@se@ﬁ" ggﬂdﬁ? PPach ntﬁ)fyll?‘qal éfﬁmplc
physi cal nodel i ngtiaf ratid detrasedlthé m&mncam.naMts;bed Belét®)! &hicﬁﬁi%ﬂiﬁiﬂitly reduce artifacts
here, fromphysically limtations fromthe noisy speech on the accuracy of

the estimated  niykingl noise in ghg °§ﬁi§éch signal processing, the frame |ength

N may not be large eqg Qrt PSY esti %xj &5 uggﬁgaa\é%ﬂ&v{'g&ggﬂg 'ag%%gxirﬁlgtlon

inside the frame in order to reduce e vari-ance preserve
unbi asness of themeGBdesid aehigh ordéruAR muddr(dmﬁet Orddmﬁr papeaidg of Y/B0tin ordér to

the first termin for exanp ation, {12) npdel i.ng of, the vocal

tract has to betalenlate %ﬁéﬁl?ag’w?}ﬁ?u{r dr ('1'7§ i.a§ ' ﬁf)&g‘?ﬂ Vﬁﬂi‘%es‘{nk‘)“. (623) From the

Explicitly, [err]estimated AR model calculate (in N discrete points corresponding to the frequency bins
of X (w) in (3)) &.(w) according to

az .
| Fer
Then one of the considered spectral subtraction techniques in Table 2 is used in order to

&.(w) = (25)

enhance the speech s(k).

Next a low order approximation for the variaﬁce of the parametric PSD estimator
(similar to (7) for the nohparametric methods considered) and, thus, a Fourier series ex-
pansion of s(k) is used under the assumption that the noise is white. Then the asymptotic
(for both the number of data (N > 1) and the model order (7 > 15) variance of $,(w)

is given by .
Var(q>,(w))~—” ¥ (w) (26)

The above expression also holds true for a pure (high-order) AR process. From (26), it
directly follows that ﬁ, = 2p/N, tha.i according to the aforementi'oned rule-of-thumb,
approximately equals v, >~ 2/V N \/— which should be compared with . = 1 that holds true
for a Periodogram based PSD estimator.

~As an example, in a mobile telephony hands free environment, it is reasonable to
assume that the noise is sta.tnonary for about 0. 5 s (at 8000 Hz sa.mplmg rate and frame
length N = 256) that gives 7 = 15 and, thus, 1, =~ 1/15. Further, for $ = V'N we have
7= 1/8. ' ' '

Fig. 3 illustrates the difference between a periodogram PSD estimate and a parametric
PSD estimate in accordance with the present invention for a typical speech frame. In this
example N=256 (256 samples) and an AR model with 10 parameters has been used. It is
noted that the parametric PSD estimate . (w) is much smoother than the corresponding

periodogram PSD estimate.



In addition, [err](w) may be described with a paranetric nodel [err]

where B(qg[err]), and gg| err]) are, respectively, g-th_and r-th order
- pol'ynom al's, defined S|mlarlyto A(q[err]) in (18). For S|rrpI|C|ty a
parametric noise nodel in (20) is used ¥5n t he di scus where the .
order oVOMB, anetric nodel is estimted. However; ppreci at ed
t hat other nodels of background noi se are al so possi bI e. C0an ning (19)
and (20), OrFg.Ccarnliastrutes bakednds of a sammadeaticho sighkl) consainingospeeckniny noisy n0| se

wi th variance [err] and, where en i.dent i

SPEECH PARealenanrd=Eig: \iniHugyates t DLEE'FFﬂa‘%f I’h %39%%?@%*&%*%*%% ‘5%5‘ i s

straight f géﬁ@dogrm E‘Sm&tﬁﬂﬂé that Bbes HictRy 6 high! SRITHIE qublptye m@a« illugtrates

noi se free cas e second termon.the Tight hand si de of § 22) vani shes

g g d, thusthe(sgnal fdiged after (spaotralfsubtragtinnebased @nce pavemesric ISP estimatpdpe g
D estimat or base the aut oc rrelation method is sought. The notivation

for this W?WFTB’F&"?’Q Bocorrel ation nethod is well known. In

particul ar, A Bsinparisori % Fig. p@hﬁ’dTFigeishows thﬁtesfﬁxtﬁm@m@presﬁsm(d»ma he
stability of the resulting filter. 13
order of 10 dB) is obtained by the method in accordance with the present invention. (As
was noted above in connection with the description of Fxg. 1 the reduced noise levels
are the same in both speecii;and non-speech frames.) Another difference, which is not
apparent from Fig. 6, is that the resulting speech signal is less distorted than the speech
signal of Fig. 5. o | -

The theoretical results, in terms of bias and error vanance of the PSD error, for all
the considered methods are summarized in Table 3. |

It is possible to rank the different methods. One can, at least, d:stmguxsh two criteria
for how to select an appropna.te method.

First, for low instantaneous SNR, it is desirable that the method has low variance in
order to avoid tonal artifacts in (k). This is not possible without an mcreased bias, and
this bias term should, in order to suppress (and not amplify) the frequency regions with
low instantaneous SNR, have a negative sign (thus, forcing $,(w) in (9) towards zero).
The candidates that fulﬁll this criterion are, respectwely, MS, IPS and WF.

| Secondly, for high mst.antaneous SNR a low rate of speech distortion is desirable.
Further if the bias term is dommant it should have a posltwe sign. ML, éPS, PS, IPS
and (possibly) WF fulfill the first statement. The ‘bies term dominates in the MSE
expression only for ML ax.zcll.WF, where the sig'ii of the bias terms are positive for ML

and, respectively, negative for WF. Thus, ML, 3PS, PS and IPS fulfill this criterion.

ALGORITHMIC ASPECTS

In this section preferred embodiments of the spectral subtraction method in accordance

with the present invention are described with reference to Fig. 7.

1. Input: x= {z(k)]k =1, .. N}

2. Design variables



Using the Levinson algorithm the net hod i's ea5|ly i npl emented and has a
| ow conmput ati onal conptexity. , * Ar-optiral proceture—incl udes
a nonlinear optimzation, explicitly reqU| ri ng sgne initialization
procedure. The mmﬁllzsel ati-an nmet hod requires nong.: Fr om BCRESSN9024)|
point of view, it is favorable if the sane esti ITB.tI on procedure . can
be used for the degraded speech and, respectively, the clean speech when it
is available. In other words, the estimation nethod should be i ndependent

of 't he actual scenario of operation, that is independent of the
speech-to-noise ratio. It is well known that an ARMA nodel (such as
(21)) can be nodel ed by an infinite order AR process. Wien a finite
nunber of data are available for paraneter estimtion, the infinite order

AR nodel has to be truncated. Here, the nodel used is [-err] wher e
F(a[err]) is of order [err]. An appropriate nodel order follows fromthe

di scussi on bel ow. The approximative nodel (23) is close to the speech in
noi se process if their PSDs are approximately equal, that is [err] :
Based on the physi cal PaRSbn! i.der
p = deg(A([err])) - _Tisid A éi{'z‘i’? ﬁ?%%bﬁtmﬂ fon_ (PSy etk
deg(F(q[err]) >> deg( A(q[ err]) dard PS,dEg((@ d'f{reﬁr #]3)) Nhsptndersubmpe (MS), Y-

roughly equals the nunmber of peaks Hﬁg} t M?n eth-
nodel i ng noi sy narrow band pr o&E8E ?nuy ng )snr%eaﬁ‘lgr es{'T errl << N in
order to ensure realible PSD ests based on Wlenu'arlitzmm(wl“) pud Maximuym dikelibdode
rul e-of -thunb is given by [err]

e_.abgye. dj s ' NeJ?) ect
that a parametric approach is 1%5 ER“ %‘g'%%&%gaégﬁgg %ﬁ%ﬁ_
concl ude from (22) that the fd,@.t)ye;(u) hEornBs She spttimilrsabiractioh dacterod isegiven

values of Nis allowed. Even if [g _ ng,ta(w)lsgwenby(aﬁ) with ®2(w) and 2 (w)
there repla.ced by, respectively, 6,(:._:_) and &, (w).

H(w)  Bias VARIANCE
E{#,(w)}/®vlw) Var(®,(w))/79%(w)
6PS  1-6 - 52
Ms  -2(/I+S8NR-1) (VI+SNR - 1)2
. __.SNR | SNR! 1+SNR
IPS -7 SNR (-SNR‘ poe ) (1 + 213K )
WF - SN +1 4 (SSNNRI}J)

| .,
ML }- {/SRE+1- VBNR? % (1+/1+ giR)




| arge enough, the paranetric approach is expected to give reasonable
results. The reason for this is that the paranetric approach gives, in

terms of error variance, significantly nore accurate PSD
estimates than a Peri odogram based appn®ach (in a typi _exanpl e t he
rati o DEPRRM2 he variances equal s 1:8; see below), wh i cant| y
reduce artifacts as tonal noise in.the output. The paranetric PSD

estimator is %urggéééhzﬁq,&é,ﬁmehgmr Use the autocorrelation nethod and a
hi gh order AR nodel (nodel order [err}» p and [err]>> [err]) in order to -

cal cul at e t he pARuUDRIngAYexage upfatedactor for Fufw) ]} and t he noi se vari ance [err]
in (23). Fromthe estimated AR nodel calculate (in N discrete points
correspondi ng to the frequency bins of X(w) in (3)) [err](w) according to

[err] B9 eRéh Rhmé BEifpRPALGSdRd spectral subtraction techniques in
Table 2 is used 1n order to enhance the speech -s(k). Next a | ow

order appr oxi on_f.or, I an f the paranetric PSD esti mator
(similar to (%ﬂ $B? %ge{fﬁﬁ {ﬁ%‘?ﬁqg?net hods considered) and, thus, a
Fourier series erhevuﬁwl&SﬁHadDiEs&(dﬁ)trh&fWVAMbut&ﬁaE&&Wb10§t$|22t the
noise is white. Then the asynptotic (for. both the nunber of data (N >> 1) .

and the nodel or Seeech jsciet foSalag if of a7 20ndb thy V{‘Pr?‘}w ﬂ“ﬂ%’ﬁﬁ/@ﬁhﬁyﬂ[eerr]

The above expres £ ﬂﬁ: rue for a pure (high-order) AR process.
From (26), it egﬁ ' ’g%g&that [err] that, according to the

af or enent i-onepb)rgi,gétggr zﬁﬁ';ﬁtnon
If Speech estimate & (w):

i. Estimate the coefficients (the polynonual coefficients {fie-.., f5} and the
vanance a,,) of the all-pole model (23) using the autocorrelation method
apphed to zero mean adjusted mput data {z(k)} (step 120).

ii. Calculate &.(w) according to (25) (step 130).
else estimate &,(w) (step 140)

i. Update the background noise spectral model &,(w) using (4), where d,(w)
is the Periodogram based on zero mean adjusted and Hanning/Hamming
windowed input data x. Since windowed data is used here, while $.(w)
is based on unwindowed data, <i>,,(w) has to be properly normalized. A
suitable initial value of &, (w) is:_given by the average (over the frequency
bins) of the Periodogram of the first frame scaled by, for example, a factor
0.25, méaning that, initially, a apriori white noise assumption is imposed
on the background noise.

(c) Spect-ral.su.btraction (step 150) -
i. Calculate the frequency weighting function A (w) according to Table 1.
ii. Possible postfiltering, muting and noise floor adjustment.
iii. Calculate the output using (3) and zero-mean adjusted data {z(k)}. The
data {z(k)} may be windowed or not, depending on the actual frame
" overlap (rectangular wiﬁdow is used for non-overlapping frames, while a .

Hanning window is used with a 50% overlap).



approximately equals [err] which shoul d be corrpared with [err] that holds
true for a Periodogram based PSD esti mat or ———As-an exafple—n-a

imobi | e tel ephony hands free environnment, it is %asonabl e to assune that

t hes noi se is st WO f or about 0.5 s (at 800& Hz sanpling raPer/sEsd/én24ne

| ength N = 256) that gives [err][err] 15 and, thus, [err][err] 1/15.

Further, for [err] r , ib& it S

t he di fference bet Weg‘r‘{&g {)hleer%aggﬁ%p Bé% ]isf Flrfe%{ ghaﬁntgead: h%?%?r%"lte#'%ln R'%gkg in a sig-
'est'imate in accor datﬁcmtvmmie teldectmnewﬁhbuu seerifiting mudible qualigyi This imprewsment may be
franme. In this exa 256 sa and AR nodel wth

par amet ers has beeﬁx %‘5 4?”‘? éﬂpalﬁ{ﬁg FFR%“‘PHE&B ation Heghqgglﬂs%h'ﬁaﬁﬁh and non-
[err](w) is much smm&amhbamhésbenaﬁsdseﬁneadwﬂagemrthemmcﬁmc&% bﬁ?ﬁeech and
Fig. 4 illustrates 5 seconds of a sanpled audio signal containing speech in

a noi sy backgr oundnorFsreects (hackgrondineise)tsignas (prminimize the variance tof the pepeatixe power
subtracti on based B &e{s] q?gr am PSD estimate that gives priority to high
audi bl e quality. FI'g. '8 ustrates the signal of Fig. 4 after spectral
subtraction based on a paranetric PSD estimate in accordance with the

present invention. s Forcosmpspeectoframbs ,(v) & eithatid) by G a6 phrainieblic Power spectrum
significant noise suppression (of tRe order of 1% dB) . is obtained by the

method in accordance vistifatiqe mathed iqdogram eatimatian, which uses

connection with the de [ e: EH&B% 2
sanme in both speech an P%Hc?ﬁﬁss%gl ?%ofr anes Q’ ng er Wéﬁ%ﬁtgﬁé\% M&}E of the
not apparent from Fi g.ndh-spescht feshe hﬂ&gexemiety ofbakgreahd noigeanay be nfieled. Since the

di storted than the speec[;g al, of Fig The theoretical results, in
terms of bias and errot® E%‘s‘b‘PWﬁ%%ﬁF’cﬁPW&%ﬁW@%&@@F‘%@n of the

met hods are summeri zedgiiandtdi & (é% may be ﬂetoﬂtéin&P f 'a@érﬁgxfné’ thePwer Rfecthinh 6&tffite over

nmet hods. One can, at | east, di st uf sh cri
several non-speech frames.

o For speech frames li’,(w) is estimated by a parametric power spectrum estimation
method based on a parametric model of speech. In this case the special character
of speech is used to reduce the number of degrees of freedom (to the number of
parameters in the parametric model) of thie speech frame. A model based on fewer
parametefs reduces the variance of the power spectrum estimate. This approach is
preferred for speech frames, since speech is assumed to be stationary omly over a

frame.

It will be understood by those skilled in the art that various modifications and changes
may be made to the present invention without departure from the spirit and scope thereof,

which is defined by the appended claims.



for how to select an appropriate nethod. First, for |ow instantaneous
SNR, it is desirable that the nethod has | ow variance in order to avoid

tonal artifacts in [err](k). This is not possible wthout an increased '
bias, and this bias termshould, in ort®r to suppress : nplify) the
frequeMQ¥¥IBons with | ow i nstant aneous SNR, have a nwgn (thus, .
forcing [err](w) in (9) towards zero). The candidates that fulfill this
criterion are, respectively, M5, APPENDINA Secondly, for high
instantaneous SNR, a |l ow rate of speech distortion is desirable. Further if-
the bias term. ] it should have a positive sign. M., [err]PS, PS,
| PS and @ﬁ?@%§#%@ q‘"l) the first statenment. The bias term dom nates
in the MSE pai—anaﬁ,gltﬁgcaahmli,ﬁfoww,@g(d)‘gﬁesV\here the sign of the bias terns

are positive for and, respectlvely, negative for WF. Thus, M., [err]PS,
PSandIPSfqu|II this cr 2ALGORI THM C ASPECTS In this section
preferred enbodi rrentqs(‘p)‘-( r@ab Gt @g@s) on et hod in accordance Wi th
the present invention are\des with reference to Fig. 7. Input

x= [err] 2. Design var,iab " Bw) ( 7)
P, (w ol »
| . o (1—1'{’"( )'(2<I>,,( )- B )Az(w)-i-A( ))

where in the second equality, also the Taylor series expansion VIi+z>1+2/2is used.
From (27) it follows that the expected value of ®,(w) is non-zero, given by

E[®,(w)] é 28,(w) (1 - %—% " | (28)
Further,
Var(i;,(w).)z;:
- — 2 . _ (29)
(1- :*E:;) (:gg:;\far(é,(w)) + Var(é,,(w)))

Combining (29) and (15)
2

2:w)) ) 32() (30)

Var(®,(w)) = (1 -J1+ .00)



[err] Table 3: Bias and variance expréési oh§ for Power Subtraction (PS)
(stan-

(M),
net -

Il m

osvio Sesaess on Wener Filtering (W

dard PS, Herritw) for [err]. =—H—Megni t ude stbtraetion

proved Power Subtraction (IPS 0 and spectral subtraction
and Maxi mum Li REI/SE6/00024

(M:) et hodol ogi es. The instantaneous SNR i s defined by SNR=

[err](w)/[err](w
by (58) and for

there repl aced by,

VARI ANCE

[err]
L

| PS
[err]

. For PS, the optimal sub t i's gi
[P, Lerr] (w15 given by CHEENIRCE D) (L ind [err (w

respectively, [err](w) and [err](w) [err](w) Bl AS

[erAi\ﬁﬁ.YSIS OF (A k) [err]2 MB [err]

In thxs }\ppendlx, the [PSD error is derived for speech enhancement[ basetl on VMener
filtering, [2). In this case, H(w) is given by

‘I’s(“’) 72 (0
)+ o) Ps) (3D

Awr(w) =

Here, &,(w) is an estimate of ®,(w) and the second equality follows from &,(w) = Op(w)—
®,(w). Noting that

o = 2209) (c».( )+2{"""“”A=(w) - A.,(w)})

‘1’2( ) ‘I’_z(_”)
(32)
a straightforward calculation gives
oo -38)

: z (33)

(o gganr-so)
From (33), it follows that -

Bl = - [1-552) o) (34)

and

Var(®,(w)) 4( :f“’g) 182(w) _ (35)



17 [err] speech- in noi se nodel order p runni ng average update

factor for [err](w For each frame of input data do: (a) Speech -
detection (step 110) The variable Speech is set to true if the VAD
out put _e uals st = 21 or st = 22. 21 Speech is setW%M st = 20.
If the put equal s st =0 then the . algorit - itialized. -
(b) Spectral estimtion ~ |If Speech estimate [err](w): .
Estimate the coefficients (the poARBPEBNDIX&2fficients {[err]...,[err]} and
t he variance [err]) of the all-pole nodel (23) usr ng t he

aut ocorr applied to zero nean adj usted input data
(Lot (i RARESIE G s |

ii. Calculate [err]pg'vv) according to (25)
‘(step 130).Characterizingehe epmh |bman dei[eanm}th)wqwtfepn @pknown amphtqde apddat e

5 e rbmehageaiPbaCBibhe OSSRty e e o B g

w ndowed i nput data x. Since w ndo dat fs here, while [err] (w)
i s based on unwi ndowed dat aﬁﬁ,gm]:é (ha-s ue- rjoperly normalized. A
suitable initial value of [err](w):" gi vén bP=ln

average (over ”@Sﬁ
frequency bi ns) of the P§5| odogram of the first frane s )ed by,

for exanple, a factor 1 peppy(@Y) that, initially, a apriori
whi te noi se assunption is inposed 2 n the background noi se.

() Spectyfalyisy Ph) Hb' (36) & Sér&RnckoiVard calculation gives

- ®,(w) { Ay(w) Dy(w)Az(w)
HML(W)='2’ (“'\I o (w) \ Q,(w)+<l>,(w) ¢,(w)) )

1 ®,(w) '
1

e (g4 Bute) - A.,(w))
1 §7¢,(w)¢.(w) ®.(w)
where in the first equality the Taylor series expansion (1 + z)~! =~ 1 — z and in the

second v1+z = 1+ z/2 are used. Now, it is straightforward to calculate the PSD
error. Inserting (37) into (9)-(10) gives, neglecting higher than first order deviations in

the expansion of a2 ar(w)

. 2
6,(4)) o~ % (l + M O (w) — Bslw)

b, (w)

' (38)

1 & (w) ®y(w) o

*1 (’ * \_d».(u)) _(«_b,(w)A"“” - A”“‘”)

From (38), it follows that
2
= o1 Qs(w) | - W) —
E(d,()] = (1+ ——q,z(w)) 8. (w) - Bu(w)

(39)

- %@,,(w) - % (\/5,(..;) - \/¢,(w))2

where in the second equality (2) is used. Further,

2
Var(®,(w)) = = - (H”%' &3 (w) (40)



i . Calculate the frequency weighting function [err](w) according to Table
1. - Ii. Pesstble posti+t+tering, -futing andmnot se fl oor—adjust nent.
jii. Calculate the output using (3) and zero-neagp adjusted data {[err](k)}.
The: _ owbosed1zs r] (k)} nmay be wi ndowed or not, dependi nBCHNE68E024
actual frane overlap (rectangular wi ndow i s used for

non-overl appi ng franmes, while a pg igpdow is used with a
50% overl ap) . 18 .%o "From t he ab‘ove deseription it is clear that
t he present invention results in a sig- ni fi cant noi se reduction

wi t hout sacrifici NDERINATEONUOR Hyps(®i s i nprovement may be expl ai ned

by the separate power,,speetyumeesii,mati o u -
s%eech frgmas. Tﬁese%&hﬁﬁ@?t@e‘ié{ﬁgﬁ g’@aregﬁga&tqﬁle)' Qﬁ%?éeﬁt CE%?’&’??%FE&%}' zed by
speech and NONKrppRACThat RAF kel With dLi) ahd i, (replated by i (wi) and W), respectively.
vari ance of the respective | spectrum ﬁ'}s)tl_l’fa

non- speech franes T isrf}qt-v@)uggs%ﬁlﬂsff@ﬂ (Bl and (YN, piz Eﬁi‘t”r Fc[szé%‘;ﬁébéc?f(ﬁm =0,

estimati on net hod, [ . T ' ' t gy AR L tedingdli .
o 1 °F hhe (8138 TBin e sl QARG AL LOATALRE LR H () 8 Qetetildic quan
of freedom of the tity, while i§o) Bpestodhaiticqumntity. Faking the nneertainsy obthelRFTd estinates into
noi ses may be nodel ed. Since the . ack nd noi se j,S assuned, to.b.
stationary over se¥EPEIt f}}’%ﬁ’éb,m ??’éﬂuﬂ? PW%#‘%%%M 2ad fn J’%%‘%ﬁ%@ tl(#a—md%pendent
[err](w) may be Ob%@#ﬁt‘%& BohcBYE i GkrVed il Srd¥? W8 limphcve the! 41tk Of $Fw). Towards
several non-speech anes. * For speech trames [err](w) is

estimated by a parthieend, @ yaciance expression of thet formt i on met hod based on
a paranetric nodel of speech. In this case the special character of

speech is used to reduce the nunber of . Qf om (to the number of ¢4
YRR eoL “

paranmeters in the paranmetric nodel) of . A nodel based on

f ewer paraneters reduces the variance of \t/h_e__somagr spectrum
estimate. This appisceosidéred (£ = 1 for PS and £ = (1 - V1+ NR)* for MS and v = v9; + ;). The

variable v depends only on the PSD estimation method used and cannot be affected by
the choice of transfer function H(w). The first factor £, however, depends on the choice
of H (w). In this sec‘tion; a data independent weighting function G(w) is sought, such that
H(w) = \/—GTJ_) Hps(w) minimizes the eicpe_ctat.ion of the _squaréd PSD error, that is

Gw) = arégx(g; E[®,(w)]
_— | (42)
$,(w) = G(w) Ais(w) Bolw) - Bufw)

In (42), G((uj is a-lgeneric weigthing function. Before we continue, note that if the weight-
ing function G(w) is allowed fo-be data dependent a g_enéral class of spéctral subtraction
techniques results, which includes as special cases many of the commonly used methods,
for example, Magnitude Subtraction using G(w) = f!ﬁ,s(w)/ﬁ %s(w). This observation
is, however, of little interest since the optimization of (42) with a data dependent G(w)
heavily depends on the form of G(w). Thus the methods which use a data-dependent
weighting function should be analyzed one-by-one, since no general results can be derived
in such a case. | |

In order to minimize (42), a straightforward calculatiori gives

$.(w) = (Cw)-1)8.w)



preferred for speech frames, since speech is assuned to be stationary only
over_a frane. -1t wll be understood by those skilled in the .

art that various nodifications and changes may be made to the present

I nvent |d£,n wi { hout departure fromthe sp8rit and scope SEEEER{I which is
define )"‘?‘%@’ appended cl ai ns. A ANALYSI S ,
OF [err](w) Paralleling the calculations for [err] (W gives [err]

(27) where in the second equality, aI so the Tayl or series expand$jon

err is used. From (27) it foII X value of [err](w) is-
Lon-]zero, gi ven by Eerz] Furth%) Pz(w )A]?wf} p&g(b?)i '
Taking expectation of the squared PSD error and using (41) gives |

BB, ) = (Glw) - 178%w) + G¥w) 1 83w) (44

Eq.uation (44) is quadratic in G{w) and can be analytically :m_inimized. The result reads,
_ 9w)
3 (w) + 723 (w) -
B N
; f Syl T
1+ (s58%w)
where in the second equality (2) is used. Not surprisingly, G (w) depends on the (unknown)
PSDs and the variable 4. As noted above, one cannot directly replace the unknown

Glw) =

(45)

PSDs in (45) with the corr&spondmg estimates and claim that the resulting modified PS
method is optlmal that is minimizes (42). However, it can be expected that, taking the
uncertainty of Qz(w) and &,(w) into account in the design proceduie, the modified PS
method wzll perform “better” than standard PS. Due to the above consideration, this
modified PS method is denoted by Improved Power Subtractlon (IPS). Before the IPS
method is analyzed in APPENDIX E, the following remarks are in order. |

For high instantaneous SNR (for w such that &,(w)/®.{w) > 1) it follows from (45)
that G(w) = 1 and, since the normalized error variance Var(®,(w))/®3(w), see (41) is
small in this case, it can be concluded that the performance of IPS is (very) close td the
performance of the standard PS. On t_he_other _hand,' for ldﬁr instantaneous SNR (for w

such that 7$%(w) > #2(w)), G(w) = $3(w)/(783(w)), leading to, cf. (43)
E[d,w))~ ~8,(w) o (e8)

and -

‘P‘(w)

) (47)

Var(Qs(“’)) ST YN

However, in the low SNR it cannot be concluded that (46) (47) are even approximately
valid when G(w) in (45) is replaced by G{w), that is replacmg .(w) and &,(w) in (45)
with their estimated values $,(w) and @,(w), respectively.



[err]

(29) '_ Conbi ni ng (29) and (15)

[err] — - 28 —_— ——APPENDI X B
ANALYSISCF [err](w) In this Appendlx the PSD error is derived for
Speéch enhancenewo9saei2sl on Wener filtering, [Z]. In this casepcr&W)
I's given by [err](w) = [err]

(31) Her e,

' ~estimte of th d lit
flO| I ows from [[e(ra;]r](\(/v)W) I[Se?p]((a\?v)lm Fe(r)r] E\%{’]P%&Pﬁ t Terrl qua 'ty

hat [err]

ANALYSIS OF Hips(w)

In this APPENDIX, the IPS method is analyzed. In view of (45), let G(w) be defined
by (45), with ®,(w) 'h.nd ib,;(w) there replaced by the corresponding estimated quantities.
It may be shown that

uw) = (G(w) - 1)2,(w)
+66) (A 0. ) - 8 (48)

&, (w) + 20, (w)’
x (G“'” 1) o ) )

which can be compared with (43). Explicitly,

E[®,(w)] = (Glw) - 1)B,(w) (49)
and

Var(®,(w)) =~ G*w)
(50)

2
(Gt + 1. g 22l o)

For high SNR, such that ®,(w)/®,(w) > 1,.some insight can be gained into (49)-(50). In

this case, one can show that

E[®,(w)] =0 (51)
and .
Var(d,(w)) ~ (1 +47:"£"’;) y02(w) : (52)

The neglected terms in (51) and (52) are of order O((®,(w)/®4(w)}?). Thus, as al-
ready claimed, the performance of IPS is similar to the performance of the PS at high
SNR. On the other hand, for low SNR (for w such that &3(w)/(v®3(w)) < 1), G{w) ~
&3(w)/ (v®3(w)), and

E(®s(w)] = —®4(w) (53)



(32) a straightforward cal culation gives [err] From (33), it
[err]l__and [err] 2
APPENDI X C  ANALYSIS OF [err](w) Characterizing the speech by a
deternlqhga?%a¥pve form of unknown anpl pgude and phase, a nmaxi num

i kel i hood spectral subtraction nethod is defined
a.n
Var(®s(w)) = 9 ““” - (54

Comparing (53)-(54) with the corresponding PS results (13) and (16), it is seen that
for low instantaneous SNR the IPS method significantly decrease the variance of &,(w)
compared to the standard PS method by forcing ®,(w) in (9) towards zero. Explicitly,
the ratio between the IPS and PS variances are of order O(®}(w)/®3(w)). One may also PR
compare (53)-(54) with the approximative expression (47), noting that the ratio between -
them equals 9.

xmm



Inserting (11) into (36) a straightforward cal cul ation gives [err]
where-in the first—equality the—fayl or—series expanston (1 +—=agfer+ [err]
1 - x and in the second [err][err] 1 + x/2 ar b.used. Now, it is

strai ght f or war dwom®62a128ul ate the PSD error. Inserting (37) int®CISESE0034
gi ves, neglecting higher than first order deviations in the expansion of

Herr](w [err]

(39) where in the second equality (2)

From (38), it foll Ovﬁl’y}ﬁ“?”‘[pﬁ‘”]
'S "used.

urt her,

PS WITH OPTIMAL SUBTRACTION FACTOR § |
An often considered modif_ication of the Power Subtraction method is to consider

H;sps(w) = \[1 ~ 5(“)%’% | (55)

where & (w) is a possibly frequency dependent function. In particular, with §(w) = & for
some constant § > 1, the meth_od is often referred as Power Subtraction with oversub-
traction. This modification significantly decreases the noiée level and reduces the tonal
artifacts. In addition, it significantly distorts the speech, which makes this modification
useless for high quality speech enhancement. This fact is easily seen from (55) when & > 1.
Thus, for moderate and low speech to noise ratios (in the w-domain) the expression under’
the root-sign is very often negative and the rectifying device will therefore set it to zero
(half-wave rectification), which implies that only frequency bands where the SNR is high
will appear in the output signal §(k) in (3). Due to the non-linear rectifying device the
present analysis technique is not directly applicable in this case, and since § > 1 leads to
an output with poor audible 'q'ualiﬁy this modification is not further studied.

However, an interesting case is when §(w) < 1, which is seen from the following
heuristical discussion. As stated previously, when ®.(w) and ®,(w) are e:.:a.ctly known,
(55) with §(w) = 1 is optimal in the sence of minimizing the squared PSD error. On the
other hand, when ®.(w) and &,(w’) are completely unknown, that is no estimates of them
are available, the best one can do is to estimate the speech by the noisy' measurement.
itself, that is (k) = z(k), correéponding to the use of (55) with § = 0. Due the above
two extremes, one can expect that when the unknown &.(w) and ®,{(w) are replaced by,
respectively, ®.(w) and &,(w), the error E[®,(w)]? is minimized for some &(w) in the
interval 0 < §(w) < 1. |

In addition, in an empirical quantity, the averaged spectral distortion improvement,
similar to the PSD error was experimentally studied with respect to the subtraction factor
for MS. Based on several experiments; it was concluded that the optimal subtraction factor
preferably should be in the interval that span from 0.5 to 0.9.

Explicitly, calculating the PSD error in this case gives

B) = (1 = H)Bu(0) + 80) (G Au00) - Bul0))




[err] 22 | APPENDI X D

DERIVATION OF Terr] (w Wien Jerr]l(w) and [err](w) are exactly known,
the squared PSD error is mnimzed by Hps(w), that is [err](w) wth

[err]( rr](w) replaced by [err]emn) and [err](w) spectively.
o8 pehfERRsL: ©! V.

This fa directly from(9) and (10), viz. [err
[Herr](w[err](w -[err](w][err] =0, where (2) is used in the | ast
equality. Note that in this case Hw) is a determnistic quan- t i(66),

while [err](w) is a stochastic quantlty Taki ng the uncertainty of the PSD
esti mates acc neral, no | onger holds true and
inthis Sé]t’?‘f"&fhﬁeﬁ gtﬁ"f{h‘é‘t@’ﬁ& e&*’s%'g‘ﬁ Y8 functi onis derived in
order to inprove the perfornance of [err](w). Towards " this end, a
variance expression of t Bpb f0)) (1[-e6(ru]))2d>’(w);+053ryﬂ>ﬁ(ie)r ed ( [err] = %sf)or PS
and [err] ([err] )[err] for M5 and [err] [err] + [err]). The

vari abl e rr end he PS st od u and.cannot be .
af f ect ed Bﬁ‘"g ('ﬂﬁg i %P"RP&E ﬁlﬁ?@h EPHW l?'ﬁ@“q* Y pinimpzed o -
[err], howsuting SRO6BE sisanommmaesammms[errl(m In this section, a
dat a mdepende% wei ghting function [err](w) is sought, such that

[err](w) = [err] m ni m zes the expegtation of the squared PSD error,
that is [err] 6= 1+7<1 (38)

Note. that since 7 in (58) is approximately frequency mdependent (at least for N >» 1)
also § is independent of the frequency. In particular, 5is independent of <I>,(w) and ®,(w),
which implies that the variance and the bias of &,(w) directly follows from (57).

The value of § may be considerably smaller than one in som; (realistic) cases. For
example, once again considering v, = 1/ and 7z =1 Thex_; 5is given by

1 1

o= 21+ 1/27

which, clearly, for all T is smaller then 0.5.. In this case, the fact that § < 1 indicates
that the uncertainty in the PSD estimators (and, in particular, the uncertainty in $.(w))
have a large impact on the quality (in" terms of PSD error) of the output. Especially, the
‘use of § <1 implies that the speech to noise ratio improvement, from input to output
signals, is small.

An arising question is that if there, similarly to the weighting function for the IPS
method in APPENDIX D, exists a data independent weigﬁtin_g function G{w). In AP-
PENDIX G, such a method is derived (and denoted 5IPS).



In (42), Qw) is a generic weigthing function. Before we continue, note
that if the weight=— i ng—fumet+on G(w—+s al | ewed—to0 be data—dependent a
rgeneral class of spectral subtraction techn%es results, which includes
-as.speci al casewowsrsr2ef the commonly used net S, for exannuIrsES600024
Magni t ude Subtraction using Gw = [err](w)/[err](w). This observation

is, however, of little interest since the ‘8?%%6 jon of (42) with a data
idependent G(w) heavi |y depends on the f X Thus the net hods

whi ch use a dat a-dependent - weighting function should be anal yzed

one- by-one, si nce DERJVAIGN r@Fullj;ps(@)n be derived in such a case.

In order to mnimze (42), a straightforward cal cul ati on gi

_ . 23.
[err] Taking expect Anithi§ aepelt%‘msalfedaﬁaésdwé?mmh&@s%\égrzqsw)@%shat H(w) =
err] Equation 44{- | o a@ bR L1
£I'he ]resﬂrt Ireadg, %‘“’?]’ﬂggw)% &e,?d grﬁogctﬂﬁteﬁgg%gﬁ% lzgltja |te§tt %%%taﬁgggm}%gsguued
surprisingly, [erPSDurralepi{a) Amstmightforwird calchlafiGbgivesnd t he variable [err]
As not ed above, one cannot directly replace the unknown
8,(w) = (Gw) — 1)B,(w) + Gw)(1 - 8)2y(w)

(59)
a(w)s.(%g%a,(u) - A,(w))
The expectation of the sﬁuaréd PSD error is given by
Eldy(w)=(Cw) — 183w+ G3w)(1 - 6/¥3(w)
(60)

G (W) — D(W)G(w)1 - 6)8y(w)+C?(w)8 18(w)

The right hand side of (60) is quadratic in G(w) and can be analytically minimized. The
result G(w) is given by ' :

Gw) =

' B2 (w) + By (w)Pp(w)(1 —8)

D2(w) +20,(w)Pu{w)(1—8)+ (1~ 5)2D2(w)+62yD2(w)
1

- ey (61)
1+ 8 (saiem)
where 8 in the second equality is given by
~ A2 82 - (.
— (1 : 6) + & Yy + (1 — 8)P,(w)/Pu(w) (62)

A= T - ) )
For § = 1, (61)-(62) above reduce to the IPS method, (45), and for § = 0 we end up
with the standard PS. Replacing @,(w) and ®,(w) in (61)-(62) with their corresponding
estimated quaniities &, (w) - &._,(w) and &,(w), respectively, give rise to a2 method, which
in view of the IPS method, is denoted §IPS. The analysis of the 5IPS method is similar to
the analysis of the IPS method, but requires a lot of efforts and tedious straightforward
calculations, and is therefore omitted.



PSDs in (45) with the corresponding estimtes and claimthat the resulting
modified PS nmethod _is optinmal, that is mnimzes (42). However, it can be

expected that, taking the uncertainty of [err](w) and [err](w into account
in the | rocedure, the nodified PQomethod will ter"” than
standargﬁig&} e to the above consideration, this nodi f%&%%hod s
denot ed by | nproved Power Subtraction (IPS). Before the IPS nethod is

anal yzed | Referghees err] the following remarks are in order. For

hi gh i nstantaneous SNR (for w such that [err] it foIIovvs from (45) that .
€} W|)| [er r% h[l | 8. Ball, "Gaphessic bmhbmﬂ N6is@n rwn Sf:édtral Subf@cticht) s
smal | in i's e

(very) close {%‘i’?}ﬁﬂé’m}acf r%aﬁgog'g% % ﬁs’{.bgltr‘f a “%#Hfi Atgﬁplﬁs h’dﬂ

| ow i nstant and¥{h 7&'_ w such that [err] , leading to, cf. (43)

err \Y; n, t ow SNR it _ ot; .be concl uded. that
(96) " (a7 b3S, Lﬁnaﬂw Glbsgin ol itraneny bhd BRI BaBprests SENGBEG by
[err](w), thaSpeesht.cftoaeilings plthe JERE, Xob 6[1eNp]1( emberI979 pih 16861604
estimated val ues Jerr] %W%( and [err](w, respectlvel

24 [3] J.D. Gibson, B. Kopppd &P Gray, “RilteringpfC o!weﬁéﬂqqe(iﬂy Speech Enhpgce-
APPENDI X, t he nleRfaiid Coding? SIEBR: Tyatctions oni Aovustics( Speech, |lantl Sigrial Proidessem,

def i ned Vol. ASSP-39, No. 8, August 1991, pp. 1732-1742.

[4] J.H.L Hansen and M.A. Clements, “Constrained lterative Speech Enhancement with
Application to Speech Recognition”, JEEE Transactions on Signal Processing, Vol.
39, No. 4, April 1991, pp. 795-805.

[5) D.K. Freeman, G. Cosier, C.B. Southcott and 1. Boid, “The Voice Activity Detector
for the Pan-European Digital Cellular Mobile Telephone Service”, 1989 IEEE In-
ternational Conference Acoustics, Speech and Signal Processing, Glasgow, Scotland,
23-26 March 1989, pp 369-372.

[6] PCT application WO 89/08910 British Telecommumcatxons PLC



by (45), with [err](w) antl—re'rT‘]'(‘TTlTe_—e—r—é_pl aced by t he correspondi ng

gim)g?tegdvmq?ﬁnz L:51.)_55—Exp| | Cmmml\mnmlmnmd[ e Wn;:or hi gh (;NR

such that [err]wossm41280me nskght ctan *be”gai ne |nto (49) - ( 50)PCISEEH0034
.case, one can show t hat [err] and [err] The neglected terns in (51)
‘and (52) are of order [err] . Thus, a&L"ﬂIMS

1. A spectral subtraction noise suppression method in a frame based digital commu-
nication system, each frame including a predermined number N of audio samples, thereby
giving each frame N degrées of freedom, wherein a spectral subtraction function & (w)is
based on an estimate $,(w) of the power spectral density of background noise of non-
speech frames and an estimate <I>z(w) of the power spectral density of speech frames.

characterized by:’

approximating each speech frame by a parametric model that reduces the number of
degrees of freedom to less than N; and

estimating said estimate ‘i’,(w)_ of the power spectral density of each speech frame by
a parametric power spectrum estimation method based on the approximative parametric

model
estimating said estimate <I>,,(w) of the power spectral density of each non-speech frame
by a non-parametric power spectrum estimation method.

2. The method of claim 1, characterized by said approximative parametric model
being an autoregressive (AR) model.

3. The method of claim 2, characterized by said autoregressive (AR) model being
approximately of order VN.

4. The method of claim 3, characterized by said autoregressive (AR) model being
approximately of order 10.

5. The method of claim 3, characterized by a spectral subtraction function H (w) in
accordance with the formula:

= o - 03]

where G(w) is a weighting function and §(w) is a subtraction factor.

6. The method of claim 5, characterized by G(w) = 1.
7. The method of claim 5 or 6, characterized by §(w) being a constant < 1.

8. The method of claim 3, characterized by a spectral subtraction function {(w) in
accordance with the formula:

‘i’v (w)

Bl)=1- ‘i:'z(’-")



ready clainmed, th erfori neo IPSis simlar to the performance of the
PS at_high SNR ‘!ﬂ 'H l I'for | ow SNR (for w such that [err]
[err] and L : and [EerTT

Corrpangg,ﬁ@(%) W th the correspondung PSresults (13) and (16), it is
seen th | ow i nstant aneous SNR the I PS net hod sﬂﬁ‘%"ﬁ’ffm y decrease
the variance of [err](w) conpared to the standard PS nethod by forcing ]
[err](w) in ¢.9Théamutkatsozeaim 3 olpractérided by a speetrabsibtrdativnenctioh &f (WHSnand

PS vari anGesoaifee MitlP (it forhe! | . One'may also conpare (53)-(54) with.
t he appr oxi matlve expression (47), noti ng that the ratio between t hem
equal s 9. Bw) = ( (w))

3.(0),

- 10. The method of claim 3, characterized by a spectral subtraction function A (w) in
‘accordance with the formula: :

=3 (14(1- 22))




APPENDI X F PS W TH OPTI MAL SUBTRACTI ON FACTOR [err] ___An often
consi dered mmdi fi cati ap—ef-—t-hRe—Power—StbTTacti on nethod i s S to consider

[err] (55) - where 6(w) is a e@klfoo
frequency dg{@fgjﬁ function. In particular, with [err](w)pﬂé'[% H)r
'sorre const an er > 1, the nethod is often referred as Power Subtraction
wi th oversub- traction. This nodification significantly decreases the
noi se | evel and reduces the tonal arti fact,g;i, In addition, it

significantly distorts the speech, which this nodification usel ess
for high quality speech enhancenent. This Tact is easily seen from (55)

when [err] >> 1. ZHus, tor [noderate and | ow speech to npise ratios (in

t he wdonai n) the &dression}u r t he root - si is very often negative
and the rectifying@gdvi ce willl Thoxejse it eLa oo f - WavVe
rectification), why inplieq that oply & ‘ efthe SNR i s

hi gh w | appear = e outlput si ghal i . o the

non- | i near r e i'fyl nesddi ce |t he pie @ : i q Queli s not
directly appllcl'gf_lt i s dase. 34 5 e n output wth

poor audi bl e qual |
However, an |nteret|th ase i s whent[err s seen from
the fol I ow ng he al discussiqn. i when [err] (w)
and [err](w) are exac#ly known, (54 i optimal in the
sence of mnimzin e squared PSD err@gr. On the hand, when
[err](w) and [err]@ are conpletely unkgown, that is no gstimtes of them
are avail able, the ¢t one can do is tofestimate the spegch by the noi sy
measur enent itselT, lthat is [err] (k) = corresnd| ng to the use
of (55) with &: 0. he above AD e expect that when
t he unknown [@&r ( err](w) are repl aced by respegtively, [err] (W
and [err](w), the\d +=wterr—TS"Ti ni m zed for ponme 6(w) in the
interval 0 < [err] w}# : In addition, in an enpiricphl quantity, the
averaged spectral di storffon 1 nprovenesan j=sijmlar to the PSD error was
experimental |y studFegrwith respect to®h bt raction facfor for .

9

Based on several exger ment s, it was cq ydad that the oplimal sub®action
factor preferably sfiquld be in the it 2 fthat span frojn 0.5 to O.
Explicitly, calcula ) g the PSD error i ke ase gives [err]
s g
A SN
‘
. \| = ~ EN
th B~ N
2 2
<31
=2
N
i)
o
T
A S
2 :
8 D
)
(=]
Y

/
MIC




27 ..

(56)——$akrng—rhe—expectatroﬂ‘uf*The-squareﬂ‘?ffrerror gi ves—ferTi—where
(41) is used. Equation (57) is quadratic in 6(w) and can be analytically
m nim zed. DSWO®6ZMI28 he optimal value by [err] the result reRCUSESONG24
hbte that since [err] in (58) is approxi mtely frequency independent (at

| east for N >> 1) also [err] .is independent of the frequency. In

particular, [err] is independent of [err]( [err](w), which inplies
that the variance and the bias of [err](w réctly follows from (57).

The value of [err] may be considerably smaller than one in sone (realistic)
cases. For exanple, once again considering [err]=[err] and [err . Then

[err] is given by [err] whi ch
0.5. In this case - . 2
in the PSD estiphtors (and in particular, the uncertainty in
have a |l arge i agoon the quality (i nms of PSD error) of tthe out put.
Especially, thg u of [err]<< 1 inpkf hat the speech to noifse ratio

i nprovenent, fr§minput to output signals is snall. An arisihg question

is that if there, & | PS

for all

[err]

clearly,

HIGH NOISE LEVEL
NO SPEECH

20

HIGH NOISE LEVEL

21 LOW SPEECH/NOISE RATIO

HIGH NOISE LEVEL

22 wicH SPEECH/NOISE RATIO
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met hod in APPENDI X D, exists a data independent wei ghting function
[erL]_@\qu-—Ln—AP——PENDIQ(—G;—s-ue-Iﬁ- a nmettotTSOertTved (and denoted [err] IPS).

28 APPENDI X G - DERI VATI ON OF HI err | ‘%
In this appeqdionsiss seek a data i ndependent weighting fact &CT such
t hat [err](w) = [err] for sone constant [err] (0 < Jerr] < 1)

Im nim zes the expectation of the squared PSD error, cf (42). A
strai ghtforward cal cul ation gives [err] The expectation of the
squared PSD error is given by [err] 3 tz right hand side of (60) is

gquadratic in Qw and can be analytically nnimzed. The result [err](w
Is given by [err]
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where [err] in the second equality is given by [err] For [err] =1
(61) 62r—=bove—reduce t-o—the—+PS net rot——{t45)—and—For [er+}=

with the standard PS. Replacing [err](w) and [err](w) in (61)-(62) with
thei ¥ correspwodéngazs esti mted quantities [err](w) - [err] (\BCTSES/00024
[err](w), respectively, give rise to a nmethod, which in view of the IPS
net hod, is denoted [err]IPS. The anal ysis of the [err]IPS nethod is simlar

to .the analysis of the IPS method, but reguiyes a |lot of efforts and
t'edi ous straightforward calculations qg{é; herefore omtted. 29
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CLAI M5 1. A spectral subtraction noise suppression nethod in a frame

based digital conmu- nication system each frane including a prederm ned
nunber N of audi‘o sanples, thereby giving each frame N degrees of freedom
wherein a spectral subtractlon function [err](w) is based on an_esti

[err](w) of the Heue-h—s-p-evt.u. cerrsTty 0T JEKQr ound nol se of non- spé¢ech
frames and an estjmate [err](w) of the ponwiespectral density of speeg¢h
frames. character} zed by: approxi mati nggech speech frame by a
parametric nodel fhat reduces the nunber ojgEegrees of freedomto | esg§ than
N, and estimat] ng said estimate [err]( t he power_ spectral qity
of each speech frane by a paranetric power Jagectrum est¥dation net hagl jbased
on the approxinat}ve paranetric 3 _ < -
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nodel estimti ng said estimate [err](w) of the power spectral density of

each -mmom=speeciTframe by —<amompar a estt+matton net hod. -
2. The nethod of claim1l1, characterized by said approxi nmative paranetric h

node] bei ng amwoeesasi28gr essi ve (AR) nodel . 3. The nethod OPCR:SEeMN024
characterized by said autoregressive (AR) nodel being approxi mately of
order [err]. 4. The method of claim 3, characterized by said

aut oregressi ve (AR) nodel being appr oxi mat%y order 10. 5. The -
met hod of claim 3, characterized by a spec ﬁubtraction function
[err](w) in accordance with the fornula: [err] where [err](w) is a
wei ghting function and [err](w) is a subtraction factor. 6. The net hod
of claimb5, characterized by [err](w) = 1. 7. The nethod of claimb5 or
6, characterized by [err](w) being a constant < 1. 8. The met hod of

claim 3, characterized by a spectral subtraction function [err](w) in
accordance with the fornula: [err]
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9. The nethod of claim 3, characterized by a spectral subtraction function

H(wWy_in -accordance w t h—hre—formul a—ferT] TO. The me'tﬁpd of claim 3,
[err](w) |Prl_r<;;1scn(’:orggpce .

characterized by a spectral subtraction function
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