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FI ELD The present invention relates to a nmethod of discrimnatin e e

stationary a d non-stationary signals.” This method can for instan *u?ﬁgp\j_g
L -]

to detéet whether a signal representing background sounds in a no ag
communi cation systemis stationary. The inyention also relates to a nethod
and an_apparatus using this nmethod for detecting and encodi ng/ decodi ng

stationary basiguRIMERATING BERASHCRRAE SHARHAND\EONH ST TMONARD (BTGNALS

speech coders belong to a |large class of speech coders known as LPC (Linear
Predictive Coders). Exanples aof coders belonging to this class are: the 4,8
Kbit/s CELP fromthe US Departnent TECBY¥IEASeFIERP RPE-LTP coder of the
European digital cellular nobile tel ephone system GSM the VSELP coder of
the correspondi ng Anerican system ADC, as well as the VSELP coder of the
paci fi c di gfeel REesemtar inyentiepprelptes toda smgthodt iqf s@igeriminating
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par arreters.sg'g@fonégg gégg&*%%gdbgoﬁggggduced Is partially represented by a

set of filter paranme- ters: e net of utilizing a source-filter
conbi nati on as a signal

BACKGROUND OF THE INVENTION

Many' modern speech coders belong to a large class of speech
' coders known as LPC (Linear Predictive Coders). Examples of
coders belonging to this class are: the 4,8 Kbit/s CELP from the
US Department of Defense, the RPE~-LTP coder of the European
- digital cellular mobile telephone system GSM, the VSELP coder of
the corresponding American system ADC, as well as the VSELP coder

of the pacific digital cellular system PDC.

These coders all utilize a source-filter concept in the signal
generation process. The filter is used to model the short-time
spectrum of the signal that is to be reproduced, whereas the
source is assumed to handle all other signal variations.

A common feature of these scurce-filter models is that the signal
to be reproduced is represented by parameters defining the output
signal of the source and filter parameters defining the filter.
The term "linear predictive” refers to the method generally used
for estimating the filter parameters. Thus, the signal to be

- reproduced is partially represented by a set of filter parame-
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The method of utilizing a source-filter combination as a signal
model has proven to work relatively well for speech signals.
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nodel has proven to work relatively well for speech signals. 2 However,’
when the user of a nobile tel ephone is silent and the input signal. ’
conprises the surroundi ng sounds, the presently known coders have
difftculties to cope with this situation, g nce they are optimzed for
speech signals. A listener_on the other side of the comupicajijon |ink may

easily get BEWSYREr WARGN: ThE USeT A% & okl ko (FRke R 19 S e napdthe
si nCe t hey ifwwet bsdgnaili stompat siés bytheh esPtsind 3§ 05ditndst 0 theedpsbespatpt
applicatio g.gcgﬂ | sieSsher. | RCO s, t hj

problemis srg%{/’g y %e?g?tefﬁéﬁ%ﬁgggﬁgsﬁgngg %?8%3'}:9%} ?y‘#&eégsﬁgggf)ﬁ'tﬁznce
si gnal recethey axe t pptivizedaformsaicepmeidnalenl dulldstener emcthe| other

par amet ers d {uCe@r dané e ¥t St £6h N11AKC A Fd edBliNySVEL | A% | {heh
if the signal js, donmi nated by_background sounds. Howevér,  it,k has been found
that differ@RiGA% s dSonags neanngt cbenEeSagRized FinFe fhey have

charact er. gauh tnmistafedttadgrpynehé ogddersuch as car noi se, can be
characterized as stationary. Another type, such as background babble, can

be characterized as being non-stationary. Experinents have shown that the
nentioned Awdorlding i bg aswgstigthnpabekt gl jfcartisat9Dna0ZIOEE, nathich is
non-stati OGHJ%e CEHEBEggréﬁﬁﬁdsb%th%fﬂrﬁ:é,t ¥RYLd oS 2! %ot&.Qred by
di scrimnate between stationary and non-stationary bdckground sounds, so

that the astatesfing nbg gbresemceancofe byckasewnd; rsoundsadingr Shed signal

I s non- st atdeediried BYVWHBYcoBeFHENANNERT F{hhg the calculation of the filter
parameters in accordance with a certain so called anti-swirling
algorithm if the signal is dominated by background sounds.

However, it has been found that different background sounds may
not have the same statistical character. One type of background
sound, such as car noise, can be characterized as stationary.
Another type, such as background babble, can be characterized as
being non-stationary. Experiments have shown that the mentioned
anti-swirling algorithm works well. for stationary but not for
non~-stationary background sounds. Therefore it would be desirable
to discriminate between stationary and non-stationary background
sounds, so that the anti-swirling algorithm can be by-passed if -
the backgroiind sound is non-stationary.

SUMMARY OF THE INVENTION

. Thus, an object of the present invention is a method of discrimi-
nating between stationary and non-stationary signals, such as

- signals representing background sounds in a mobile radio communi-
cation systen.

In accordance with the invention such'a method is characterized
by: ’

.4

(a) estimating one of the statistical moments of a signal in
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Thus, an object of the present invention is a nethod of discrim- nating
bet ween stationary and non-stationary signals, such as signals representing
background sounds in a nobile radi o conmuni- cation system In accordance
with £ he invention such a nethod is charactérized by: (a) " estimating
one of the statistical nonents of a signal in each of N tine sub w ndows
T[err], where N>2, ofaghtofe Ni kdeg BuR vibdever Finedhed®gtir2(pPf a time
estimating the vari akingoef Tt 8¢ ppbasbbeminbiialengthn step (a) as a measure
of the stationarity of said signal; and (c) det erm ni ng whet her the
estimatedivariation obtained in step (b) exceeds a predeterm ned
stationarity(B)nit [estimatinghsheobjagritatufon hefi thenestimates mhtedhest in
detecting and encodi age@nd/fr gﬁcogi ahittd 082 YeREChAAURhaYAWIASoEN Saia
digital frame based speech encoder and/or decoder 1ncluding a signal source
connected to a filtefl982ty 3Mdter being defined by a set of filter :
paraneters for each franme, for reproducing the signal that is to be encoded
and/ or decoded. Accordjn 0.t he Jinventi such.a hod _conprises, the . .
Sreps of - (0T Coetormitipdmetict SRy arifafen Sar iRty ‘Fealfe in
encoder/ decoder reprstsept tbprexceedy appredeterbinégd staticnavitylsligit y.
when said signal directed to said encoder/decoder repre- sents primarily
background sounds, detecting whet her

another object of the invention is a method of detecting and
encoding and/or decoding stationary background sounds in a
digital frame based speech encoder and/or decoder including a
signal source connected to a filter, said filter being defined by
a set of filﬁer parameters for each frame, for reproducing the
signal that is to be encoded and/or decoded.

.According to the invention such a method comprises the steps of:

(a) detecting whether the signal that is directed to said
encoder/decoder represents primarily speech or back-
ground sounds;

(b) when said signal directed to said encoder/decoder repre-
sents primarily background sounds, detecting whether
said background sound is stationary; and

(c) when said signal is stationary, restricting the temporal
; variation between consecutive frames and/or the domain
j of at least some filter parameters in said set.

A further object of the invention is an apparatus for encoding
and/or decoding stationary background sounds in a digital frame
based speech coder and/or decoder including a signal source
connected to a filter, said filter being defined by a set of
filter parameters for each frame, for reproducing the signal that
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sai d background sound is stationary; and (c) when said signal is
stationary, restricting the tenporal variation between consecutive franes
and/or the domain of at |east sone filter parameters in said set. A further
obj ect. of the invention is an apparatus forg encodi ng and/or decodi ng
stationary background sounds in a digital frane based speech coder and/or
decoder i nclisditny tee Enpaleds andforcatemstatl to a filter, said filter being
defined by a set of filter paraneters for each franme, for reproducing the
si gnal that 4 is to be encoded and/or decoded. According to the

i nvent i on ‘t AESCXPIATa S endnventiomthis apparatus cPMPEASEeRS whet her t he
signal that is directed to said encoder/decoder represents primarily speech

or background,sounds; (b ans for detecti when sai i gnal .
di rect ed torzgéi d ené‘{ﬁ?&# (fé’crodgter‘%p‘r'k%éﬂ}%éﬁ’f 3&“ I*V‘%??kd&‘tﬁ?n 5 S\irgsted
whet her sai d backgr dundsasislinencedet fdecodey ; rapde§ehts primarilfospeech or

restricti rjg t he terr%%rcqg ddatéoQﬂxcﬁf-t ween consecutive frames and/or the
domai n of ‘at | east some filter paraneters in said set when said signal

directed to said encoder/decoder represents stationary background sounds.

BRI EF DESCR{BY! ON Opelils HRAVWAEStind NVeehéh 0§ai&09§gh§i WikBctel! k9 said
obj ects and advant ages thereof, may best be understood by naki n% reference
to the ncoder/decoder represents primarily background sounds,

whether said background sound is stationary; and

(c) means for restricting the temporal variation between
consecutive frames arid/or the domain of at least some
filter parameters in said set when said signal directed
to said encoder/decoder represehts stationary background -
sounds.

BRIEF DESCRIPTION OF THE DRAWINGS

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

FIGURE 1 is a block diagram of a speech encoder provid-
ed with means for performing the method in
accordance with the present invention;

FIGURE 2 is a block diagram of a speech decoder provid-
ed with means for performing the method in
accordance with the present invention:

FIGURE 3 is a klock diagram of a signal discriminator
that can be used in the speech encoder of
Figure 1; and
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foll owi ng description taken together wth the acconpanying draw ngs, in

whi ch: FIL.GURE 1 is a.block diagram of a speech encoder provid- ed
with-means for performng the nethod in accordance with the present

i nvention; FlIGURE 2 is a block diagram of a speech decoder provid-
ed with neans for performng the method i 8 accordance with the present

I nvention; FIGURE 3 I's a block diagram of a signal discrimnator
that can b&IGYEF #n the speedls eacdeerchi dHiagiham 10fam PrefeqradREsignal

s a bl ock diagram of a pr ef gised isiAto:isterd Wiy 4664 £ANCHE wpadchn
t he speech encoder of Figure -1. DETAI LED DESCRI.PTI ON OF THE PREFERRE

EMBODI MENTS Al t hough t he pr e&BFOALR, 8%t FIFUESn e general |y used to
discrim- nate between stationary and non-stationary signals, the invention

W Il be described, 'k.*ﬂd:gf Eﬁéegfp&?oﬂeb?%i&”pﬁgrﬁkﬁbboﬁﬁbbbguﬁhr%i gnal s
that represent background sounds 1nh a nobile radio conmunication system
Referring to the speech coder of fig. 1, on an input line 10 an input

signal s(njA1tRchghVeé §hddert finklepit idH CHRLBE denedll £ dd Y @istPimi-

filter paraneterS in accordance with standardized progcedures .
(Levi nson- PRESi RELeRR iSERNLoNIEYRARY BPRorFRhAPNeRE $AgRA ke dhisodnveption
(Rabi ner, . oghafpe déedtgibed Hticaxfdieriie to detection of stationarity of

signals that represent backgrcund sounds in a mobile radio
communication system.

Referring to the speech éoder of fig. 1, on an input line 10 an
input signal s(n) is forwarded to a filter estimator 12, which
estimates the filter parameters in accordance with standardized
procedures (Levinson-Durbin algorithm, the Burg algorithm,
' Cholesky decomposition (Rabiner,.Schafer: "Digital Processing of
Speech Signals"™, cChapter 8, Prentice#l{all, 1973), the Schur
algorithm (Strobach: "New Forms of Levinson and Schur Algo-
rithms", IEEE SF Magazine, Jan 1991, pp 12-36), the Le Roux-
Gueguen algorithm (Le Roux, Gueguen: "A Fixed Point Computation
of Partial Correlation Coefficients", IEEE Transactions of
Acoustics, Speech and Signal Processing", Vol ASSP-26, No 3, pp
257-259, 1977), the so called FLAT-algorithm described in US
patent 4- 544 919 assigned to Motorola Inc.). Filter estimator 12
outputs the filter parameters for each frame. These filter
parameters are forwarded to an excitation analyzer 14, which also
receives the input signal on line 10. Excitation analyzer 14
determines the best source or excitation parameters in accordance
with standard procedures. Examples of such procedures are VSELP
(Gerson, Jasiuk: "Vector Sum Excited Linear Prediction (VSELP)",
in Atal et al, eds, “Advances in Speech Coding", Kluwer Academnic
Publishers, 1991, pp 69-79), TBPE (Salami, "Binary Pulse
Excitation: A Novel Approach to Low Complexity CELP Coding", pp
145-156 of previous reference), Stochastic Code Book (Cam;;bell et
al: "The DoD4.8 KBPS Standard (Proposed Federal Standard 1016)"%,
PP 121-134 of previous reference), ACELP (Adoul, Lamblin: “A
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Speech Signals", Chapter 8, Prentice-Hall, 1978), the Schur algorithm
(Strobach: "New Forns of Levinson and Schur Al go- rithnms", | EEE SP

Magazi ne, Jan 1991, pp 12-36), the Le Roux- Gueguen al gorithm (Le Roux,
Guegudn: "A Fi xed Point Conmputation of Partial Correlation -
Coefficients"”, |EEE Transactions of Acousgics, Speech and Signal

Processi ng", Vol ASSP-26, No 3, pp 257-259, 1977), the so called

FLAT-"al gori tdompaasisorbedfi rSaiR: pallgebrait4sfitGctasegnetbrt 0CELPOreddingc of
Filter esti [ b2 ut b ls p f L5t : Q@Tw
filter paraff {e%rcg ar g%%r’wg‘r‘ﬁggntggkgﬁséxé{’?gg%gﬁégn‘g{'yzer 1%{@&\,%8& a sciimd
recei ves t h€igngdt Fafessidy |33 1 PP EX858alPBR) aRhr§eeeXecitatiopniPacamere

best ZOWCet%(i-se;xtﬁhbatf}im&eﬁﬁbaﬂh%t%ﬂﬁ' a@ws RGfHud tdlgsmgw dine \170 tare
procedures. anpl.e suc rqcedur es, ar e . rson asiuk: egt or
B Bl + ufEraagnen, B & eheaciidet St af s thiboRetagton” is, Sesaripes
Speech Codi whéthkrutire Agadesigradbicopparises] pEimapplgospéech TBPbacigiraund
"Bi nary Pul I tgt O e s L exXhLy Qi:0Q

op 145 156 SPupiy; B pRE= e BRONED FOr SHECAABEhE) viRLE REM ey
"The DoD4. 8drkBpsSterafedidedrrivposhe Co¥ersystmmn¥piceodckivigy Detection,

previ ous reggiepeebmmAhEhibNdQy. 32, 2MBtER/PTA12) .6 L OSRREASS QetSEEBr is
Al gebraic Structyres for CELP Coding of S’Feech" Proc._Internatiognal

Conf erence BRSEEdREH; EE,E%p%e%?lsa%%i%Sf% ISH GTRLECON Plgd» Speericdetestor
These excit a6i progacese-an esutputiesighbdr Sy® aimibsstiang vilethawputhei ¢oder
on line 10 ."{‘LSuEOH“@ﬁQf dcérﬂ:aair%) %e!piqnac{eitle}p ts ree%:%‘ o;hhgtgeflgfst Oorut%%t signal

det erm nes .
together with the filter parameters is fcrwarded to a parameter

modifier 18 over signal discriminator 24.

In accordance with the above swedish patent application parametef
modifier 18 modifies the determined filter parameters in the case
where there is no speech signal present in the input signal to
the encoder. If a speech signal is present the filter parameters
pass through parameter modifier 18 without change. The possibly
changed filter parameters and the excitation parameters are
forwarded to a channel coder 20, which produces the bit-stream
tkat is sent over the channel on line 22.

The parameter modification by parameter modifier 18 can be
performed in several ways.

One possible modification is a bandwidth expansion of the filter.
This means that the poles of the filter are moved towards the
origin of the complex plane. Assume that the original filter
H(z)=1/A(z) is given by the expression

M
Alz) =1+ ) az"
ol

When the poles are moved with a factor r, 0 < r £ 1, the
bandwidth expunded version is defined by A(z/r), or:
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whet her the input signal.conprises primarily speech or background sounds. A
possi bl e detector is for instance the voice activity detector defined in
the GSM system (Voice Activity Detection, GSMrecomendation 06.32, ETSI/PT
12) .- A suitabl e detector is described in EP, A 335 521 (BRI TI SH TELECOM
PLC). Speech detector 16 produces an output signal S/ B indicating whetther
the coder input signal contains prinmarily 3peech or not. This output signal
togét.her with the filter paraneters is forwarded to a parameter nodifier 18
over signal discrimnator 24. In accordance,w th the above swedi sh patent
application paraneter nodifier 18¢d#ndifpes gaderezwined filter parameters
In the case where there is no- speeéh si gnala=present in the input signal to
the encoder. If a speech signal is present the filter paraneters pass

000 P B0 Mt 0oy R O

paraneters I on par arre ers are annel” coder
20, whi ch paxameterscimithetemporahtdenatent Thatris herapithieaarbations of,

The par ametgfe fﬂiﬁ‘ézc Hal riiindtie A B Gfrramailtfd %ain% aee Q@téﬁﬁ&eég}?ﬂ{' Tow-

several ways. OSSIb|e nDdlflcatlon is a ndw d eannS|on

filter. Thlpsasr% texing Rt p’cﬁ%t o?°’??|e°¥|$?€ %?’éa% t MeFRRC1AL case
origin of t&uatmamphethﬁhams a#éﬁuqﬁnghaf the filitgimparbhinetersHieerléd¢éyrals

gi ven by tqf e res 4? cé _'t%@ es are noved with a factor r, O

[err] r [er ﬁa“fp 2% A exg%n JRJ%rS|on Is defined by A(z/r), or:
Parameter modifier 18 can also use a combination of these two
methods, for instance perform a bandwidth expansion followed by

low-pass filtering. It is also possible to start vith low-pass
filtering and then add the bandwidth expansion.

In the above description signal discriminator 24 has been
ignored. However, it has been found that it is not sufficient to
divide signals into signals representing speech and background
sounds, since the background sounds may not have the same
statistical character, as explained above. Thus, the signals
representing background sounds are divided into stationary and
non-stationary signals in signal discriminator 24, which will be
further described with reference to Fig. 3 and 4. Thus, the
output signal on line 26 from signal discriminator 24 indicates
whether the frame to be coded contains stationary background
sounds, in which case parameter modifier 18 performs the above
parameter modification, or speech/non-stationary background
sounds, in which case no modification is performed.

Ir the above explanation it has been assumed that the parameter
modification is performed in the coder in the transmitter.
However, it is appreciated that a similar procedure can also be
performed in the decoder of the receiver. This is illustrated by

the embodiment shown in Figure 2.

In Figure 2 a bit-stream from the channel is received on input
line 30. This bit-stream is decoded by channel decoder 32.

L)
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7 [err] Another possible nodification is |lowpass filtering of the filter
paraneters in the tenporal domain. That is, rapid variations of the filter
paraneters fromframe to frame are attenuated by | ow pass filtering at -

| east, some of said paraneters. A special case of this nethod is averaging
of the filter parameters over several franes, for instance 4-5 frames.”
Parameter nodifier 18 can al so use a conbigation of these two nethods, for
i nstance perform a bandw dth expansion followed by |owpass filtering. It

i s al so pos€hahmelo dacoden B2 |lantmatss fiilteri nopcametexs asd texcitation
bandwi dth expagskedrs! ned i@%‘é@edﬁéci%pi%%éd Gt Ehese Phiahetesd R&ve
been ignored. However, It has .been found that 1t I's not suf |C|eng to

di vi de” si graP% hern maddfied ispthecaeday abdhes transpibtgtourbestitfer and
Si nce t hg baaeckﬂt@yrih@nsﬁuﬁéﬁeﬁarslmxr&aferﬁae@aamosL@t Epbechl dutasctieraq as
expl ai ned ahove. t he, ,si gnal s _representin r r

o ded | nedrien TS ehHEn Rexterars "o (RePEEHing e PRUY (Pu f1apay
24, whi ch vih4at bwotldt her reprodited Wiyt thesee manamaters wortains 44 Speech
t he out put gj lL.he fr ' | SC& iRl Rat I g t her
the frane t%i e cpﬁgdmc)gﬁt g‘?'ﬁs.og{eﬁ%n@iér%ﬁ%%c%g‘oggdg?g%% s?ml n |c\r,1%1‘§a£%
par amet er reXRY i2ional gliseriminakoniRAt forvarded todRfPREAPSEEr prodifier

speech/ non-5¢ aty e Ya As e Qe e S OLREISE 1 1 FehpsPakétérs9 nodification is
perfornmed. In the above explanation it has been assuned that the paraneter

nodi fication is perforned in the coder in the transmtter. However, it is
appr eci at edri hatcerahafickarwitloC ¢tier aldnfe alswediehpepatentd applikatiemdei £

of the recesia/eeééh -q]eitseétsoxi' |2J4u§1tarsa%%%e%ined that there is no speech signal
present in the received signal, parameter modifier 36 performs a
modification similar to the modification performed by parameter
modifier 18 of Figure 2. If a speech signal is present no
modification occurs. The possibly modified filter parameters and
the excitation parameters are forwarded to a speech decoder 38,
which produces a synthetic output signal on line 40. Speech
decoder 38 uses the excitation parameters to generate the above
mentioned source signals and the possibly modified filter
parameters to define the filter in the source-filter model.

As in the coder of Figure 1 signal discriminator 24' discrimi-
nates between stationary and non-stationary background sounds. .
Thus, only frames containing stationary background sounds will
activate parameter modifier 36. However, in this case signal
discriminator 24' does no* have access to the sp.cch signal s(n)

itself, but only to the excitation parameters that define that
signal. The discrimination process will be further described with
reference to Figures 3 and 4.

Figure 3 shows a block diagram of signal discriminator 24 of
Figure 1. Discriminator 24 receives the input signal s(n) and the

output signal S/B from speech detector 16. Signal S/B is

forwarded to a switch SW. If speech detector 16 has determined

that signal s(n) contairs primarily speech, switch SW will assume

the upper position, in which case signal S/B is forwarded



-

t he enbodi nent shown in Figure 2. In Figure 2 a bit-streamfromthe channel
Is received on input line 30. This bit-streami's decoded by channel decoder
32. - 8 Channel decoder 32 outputs filter paraneters and excitation

paraneters. In this case it is assumed that these paraneters have not been

modi fied in the coder of the transmitter. 9The filter and excitation
paraneters are forwarded to a speech det eCtor 34, which anal yzes these

par anet er §3 f Qe el £1 b NEn&NGEE5S %@ %ﬁimﬁhﬂowd be reproduced by
si'g

these paraneters contains a speec not. The output signal S/B of
speech detector 34 is over signal discrimnator 24" forwarded to a
paranmet er NP iigrail &G(n)woeitaaln%opﬁﬁat\my hhexi;rbtma poanndst swStchnsw is

accordance, W t, Qve_ s ish patent a cat S h e

has det er i’ ne(}ri"f;ha‘tE gﬁgr ep?s"ﬂbo'épg sFé%ﬁFipr es}e)ﬁt al'Ind t %3%§ecglg§e§°°
signal , pacamrastechokid f & ecalupatoor meansndeif whdchoestiinates tthe tenergy
modi ficat igoip ?%EOEQEH Pi‘?ﬂér %f&rr‘cur?f B%hoi:% ?jxe':tﬂidées an' $fafft Reecl.

S|gnal is pr sent no nodi f1cation oc er

possi
par anet er $IOHRY e 184 & PREESRrBdr ankedinent Ty 6'1‘%5"39& FBeaséﬁB@eEﬁ ﬂ@c"dd%r
38, whi ch durydass v smﬁwélsnaunw b saeﬁate@ntheneo&el SPReYYy WFE Otitésed

o anal o b AR o ady G R S f st fpg oFeRt Sy Ry et o s
t he sour cerfe Ispeueo)mcfe’lameAsscnthata rbctmntﬁirrs. guvee newsifyame andconei fzane
gg'ungisscr 'fPom RREPrRGiWRE WwShabloRal Al RBY- $4ALLARAEYePRAE 96RE Frame.
" The energy can for instance be estimated in accordance with the
formula:

E(T)) = ) s(m?
£.€T,

where s(n) = s(t)). .

The energy estimates E(T;) are stored in a buffer 52. This buffer
can for instance contain 100-200 energy estimates from 100-200
frames. When a new estimate enters buffer 52 the oldest estimate
is deleted from the buffer. Thus, buffer 52 always contains the
N last energy estimates, where N is the size of the buffer.

Next the energy estimates of buffer 52 are forwarded to a
calculator means 54, which calculates a test variable V, in
accordance with the formula:

max E(T;)
TET

T ‘min E(T))
Ti€T

where T is the accumulated time span of all the (possibly
overlapping) time windows T;. T usually is of fixed length, for
example 100-200 speech frames c¢r 2-4 seconds. In words, V,.is the
maximum energy estimate in time period T divided by the minimum
energy estimate within the same period. This test variable V, is
an estimate of the variation of the energy within the last N

.
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Thus, only frames containing stationary background sounds will activate
paranmet er "nodi fi er 36. However, in this case signal discrimnator 24" does
not have access to the speech signal s(n) itself, but only to the
excifation paraneters that define that signal. The discrimmation process
will beYurther described with reference to Figures 3 and 4. Figure 3 shows
a bl ock di agram of signal discrimnator a% of Figure 1. Discrimnator 24
recei,ves the input signal s(n) and the output signal S/B from speech

detect or 16, miHNaphi¥ BstImhtRsdededP Fsaitld Be®WinliheSERE HtAtEL A PIt)1 6

has determ ned t hat S|€nal s(n) contains primarily speech, sw tch.1 W wi ||
assunme t height® HERatontf itheuinahsks Fiatdorgw Lty Fierdedt*+ gary
directly tywede1outpet ©fowli Seane s ofrathe, | fwlsicinameans) it athe test

primarily backgrou sQunRds. _swi,tch SWiss i jts \E L,1d.0, [ S
S/B and s(fF ¥ %o Thwflg:iwz’redé: S S:Océls'curf]oa &t Anégﬁ%tag&%%ﬁghs |1?ra es
the ener gyerrEyerwill ovaxychonsiderably e frpar framey toe forameh@hich means of

frame i. HopRYQihe idsinitd QFfed BURShe R rath B 'dréd2i tifan e, sanpl es of
two consecutive franes and E(T[err]) denotes the total energy of these

frames. In this preferred enbodi nrent next wi ndow T[err] is shifted one
speech fragst s@arimld tv, CO8t poPwapdadntw &resmparatonesé | aim vwhich tite is

previous wi ndow Tle[r]. Thus, .the_w ndaws quverl a ng fr . 31LN€E, ener gy can

f or instarﬁ?é“ﬁ?é’%tf‘ﬂataedsgﬁt%B‘BF%XcéW% ?’hep*gr |§:§EFSF;] ¥ ©4%ndn
stationary signal is indicated on output line 26. This indicates
that the filter parameters should not be modified. A suitable
value for y has been found to be 2-5, especially 3-4.

From the above description it is clear that to detect whether a
frame contains speech it is only necessary to consider that
‘particular frame, which is done in speech detector 16. However,
if it is determined that the frame does not contain speech, it
will be necessary to accumulate energy estimates from frames
surrounding that frame in order to make a stationarity discrimi-
nation. Thus, a buffer with N storage positions, where N > 2 and
usually of the order of 100-200, is needed. This buffer way also

~ store a frame number for each energy estimate.

" When test variable Vv, has been tested and a decision has been
made in comparator 56, the next energy estimate is produced in
calculator means 50 and shifted into buffer 52, whereafter a new
test variable V, is calculated and compared to y in comparator
56. In this way time window T is shifted one frame forward in

time.

In the above description it has been assumed that when speech
detector 16 has detected a frame containing background sounds, it
will continue to detect background sounds in the following frames
in order %to Qccumulate enough energy estimates in buffer 52 to
form a test variable V,. However, there are situatioas in which
speech detector 16 might detect a few frames containing back-
ground sounds and then some frames containing speech, followed by



where s(n) = s(t[err]). The energy estimates E(T[err]) are stored in a
buffer 52. This buffer can for instance contain 100-200 energy estinates
from 100-200 frames. When a new estinmate enters buffer 52 the ol dest
estimate is deleted fromthe buffer. Thus, buffer 52 always contains the N
| ast energy estimates, where Nis the siz f the buffer. Next the energy
estimates of buffer 52 are forwarded to a cal cul at or neans 54, which

S\EI cal <1':1_t es Grhﬂék ltaﬁltaiihiny[ aew] bhakai»eahéa%ﬁnwst hfbbetﬁ%nuéasohebﬁkfer
ere i's accumul a ed ti pQssi h) ver| appi n

W ndove TrePf] SCRTAB, AN VALIGS ol SRECROTRIE Bamo G geantsthat®
frames or 2eﬁesgyomdkue$ramrwahiy\daﬁddlaﬁbdixndnnhdnﬂﬂ inerg;am35|aan9ain-
time period, t r

per od. i 407 EFCREFolNa BEullal. MG e f5h R} pdhich by PedBibeneray
energy w t hestimate may lbe stoger with. it coxxespending frame nymbern,osince
det er m nel Tml§téivééaéllth?cﬁ’$ni§ﬁ ﬁbgaé{:erinfinbhehatgaal ehéré&%b@?é: Isi 8o
energy w vary very little fromf Lame a

vari obi 6 Ve tauie ‘ral ek WHEn i Pavsn BRen ronbAPREGRRR HUNGRFSE
w il vary canbonkgreimg.fromfrane to frane, which neans that the estimate
wi Il be considerably greater than 1. Test variable V[err] is forwarded to a

conparator 56, in which it is conpared to a stationarity limt [err]. If
V[err] excebmt!ye!a sittuation | that can geguy sis wiemithernen mppahortnpeztod

This indi caifSpackground sounds, which results in few calculated energy
values, and there are no more background sounds wi;hin a very
long period of time. In this case buffer 52 may not contain
enough energy values for a valid test variable calculation within
a reasonable time. The solution for such cases is to set a time
out linit, after which it is decided that these frames containing
background sounds should be treated as speech, since there is not
enough basis for a staticaarity decision.

Furthermore, in some situations when it has been determined that
a certain frame contains non-stationary background sounds, it is
preferable to lower the stationarity limit y from for example 3.5
to 3.3 to prevent decisions for later frames from switching back
and forth between "“stationary" and "non-stationary”. Thus, if a
non-stationary frame has been found it will be easier for the
following frames to be classified as non-stationary as well. When
a stationary frame eventually is found the stationarity limit y
is raised again. This technique is called "hysteresis"™.

Another preferable technique is "hangover®. Hangover means that
a certain decision by signal discriminator 24 has to persist for
at least a certain number of frames, for example 5 frames, to
become final. Preferably "hysteresis® and “hangover" are

conmbined.

From the above it is clear that the embodiment of Figure 3
requires a buffer 52 of considerable size, 100~200 memory

~
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that the filter paranmeters should not be nodified. A suitable value for y -
has been found to be 2-5, especially 3-4. Fromthe above description it is
clear that to detect whether a frane contains speech it is only necessary
to censider that particular franme, which is done in speech detector 16.
However, if it is determined that the frgge does not contain speech, it

w || be necessary to accunul ate energy eStimates from frames surroundi ng
that™ f rampdditdiodry inDantipidast 84seNEIddY AHGG/E the PRANME Mumbels,is A1Hd er

with N storage Rosikkl.ans,.where > 2 a usual.ly ot_the r - 200,
i s needed i bu #é%grr%}lﬁf%‘bfg?’ér‘és%a BFESAS e?nfors@‘gﬁ‘ g%fgrc;e%%&"
esti mat e. Wikee hegoryaresourcescare Mesybseoarcest it wonld heedesiigabies tiscen

made in couRR-Al ¥hebpukerNeilz£NCF fYu st Mt e otled BitsWs | &
means 50 and shifted into buffer 52, Wwhereafter a pew tgét vari able Vierr]

i s cal cul £P@ddRentoRfar 849paly discadminatsy 3% 1R vhish,the jyse wPRd&dw T
i s shiftegugferf hasebbenvwaodicielli BY. al Bufbér abmvieraikissyr i icontirolldngeen
assumned tg%tffe egzspeech detector 16 has detected a frane contai ning
background sounds,” it will continue to detect background sounds in the
followng frames in order to accunul ate enough energy estimates in buffer

52 10 fOrighg g%%%o\é‘éf A0 i PEEE r&b?é‘P&fi’@{-’s& hfgetarﬁaﬁagaa ugfer B2whijeh
speech detectOr 16 mght detect a few frames contal ni ng ack- ground sounds
and then SHRB f3aWay cbhaki HMRLCPRSRTY @N9rSedesyinates o Bt oA %S nNSF

new backgsespdasOothds appiroalkhS ilsedaded W Hhed dbvedvationcttnty anlss thie

"effective tine", which neans that ' .
most extreme energy estimates are actually relevant for computing
V;. Therefore it should be a good approximation to store only a
few large and a few small energy estimates in buffer 52°'. Buffer
52' is therefore divided into two buffers, MAXBUF and MINBUF.
Since o0ld enerqgy estimates should disappear from the buffers
after a certain time, it is also necessary to store the frame
numbers of the corresponding energy values in MAXBUF and MINBUF.
One possible algorithm for storing values in buffer 52' performed
by buffer controller 58 is described in detail in the Pascal
program in the attached appendix.

The embodiment of Figure 4 is suboptimal as compared to the
embodiment of Figure 3. The reason is e.g. that large frame
energies may not be able to enter MAXBUF when larger, but clder
frame energies reside there. In this case that particular frame
energy is lost even though it could have been in effect later
when the previous large :(but old) frame energies have been

shifted out. Thus what is calculated in practice is not ¥, but v*,
defined as:

max E(T;

min E(T)
T,€MINBUF

However, from a practical point of viewv this embodiment is "“good
enough™ and allows a drastic reduction of the required buffer
size from 100-200 stored energy estimates to approximately 10

~



energy values are only calculated and stored for franes contain- ing -
background sounds. This is also the reason why each energy estimate may be
stored with its corresponding franme nunber, since this gives a mechanismto
determ ne that an energy value is too old3xo be relevant when there have

been no background sounds for a long tinme. Another situation that can occur
i s when t BEFdma§es JBofompdrixRibfabickgfoun¥IdBURds, which results in few
cal cul ated energy values, and there are no nore background sounds within a

very long_period.of tine. In this case huffer 52 may not copta n enouygh
ener gy vaf‘ge@ef”&F?ﬁegaFPchE§?C\F&PF‘aB’Pé*baﬂrteuIdfﬁsr 1 éu &a%?%"e'

time. Thesighuali @idafinfittt$AS2s” | Sdes Sebt ahlaiviee ateds ntod, sdbnarl vé(ch.

it is decj haf .t hese.franes, contai_ni_ng _backar,

treated aé‘gg’%‘e’%c h%lgFﬁcﬁlH‘}SFegf? E&rattgﬁog’drh Vs |tgal$'g°rl§ %%%%laér H.té;/{?ally
deci si on. cputaher soparamateonthekt vepresentethe fivandanexiy ertthamahetey
2 cert el NeLEafR-LORLA! B8 BORashal 90RkY hACk YN dipud | oo dral A abbe
to lower the stationarity I'rmt [err] fromfor exanple 3.5 to 3.3 to
prevent déBpsilhsstandpiferI$1ohesber obFaWet @RGKEDadR HRPTIFAIH-¥dt Werpnt

"stationagycitBdon"parsinateen2(p} . [h¥SwolldrofOBotitaki A1386Ybé 'Fo@s I8Ee hesn

found it wll l?(é easi er, for g}e follown fégme% &o b(é classified as .

non- st at i A § (33 481 FohAdn O SEARERRE 97  PABTe % daly 7% SHRRRY (951 -

st ati onarmayel ) M taorhidr iapprxoasek wgald bEtsotwmokhei gigniad dHldeardiminator

"hyst eresiLg,. o] e +6 sl ' Ls." vels' . OV

that a ce?tiai ﬁégeégg%gl%%%% é?’gir%a leg:ldslgér ?%Sng Sr Qg§£¥f€.’as|"‘5t OSPE%% sfféc%éc;&;éagaﬁs

| east a céntBig- nrinbr Wilg wepsignel ddeprimbnatane2s’ twowkd drave iacdess

Pref erabl ¥o" 8yghat 656 5 "wit{eh "N\ EpraE8nt8™PhBedecoded signal, i. e. it
is in the same form as signal s(n) in Fig. 1. This approach,
however, would require another speech decoder after parameter -

modifier 36 to reproduce the modified signal.

In the above description of signal discriminator 24, 24‘ it has
been assumed that the stationarity decisions are based on energy .
calculations. However, energy is only one of statistical moment's: '
of different orders that can be used for stationarity detection.
Thus, it is within the scope of the present invention to use
other statistical moments than the moment of second order (which
corresponds' to the energy or variance of the signal). It is also
possible to test several statisticéi‘t moments of different orders
for stationarity and to base a final stationarity decision on the
results from these tests.

Furthermore, the defined test variable V, is not the only
possible test variable. Another test variable could for example
be defined as:

‘where the expression <dE(T;)/dt> is an estimate of the rate of
change of the energy from frame to frame. For example a Kalman

B dE(T,)
VT - T‘,GT dt >

B
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Fromthe above it is clear that the enbodi nent of Figure 3 requires a
buffer 52 of considerable size, 100-200 nenory 12 positions in a

typi cal case (200- 400 if the frame nunber is also stored). Since this
buffer usually resides in a signal processor, where nmenory resources are
very scarce, it would be desirable to reduce the buffer size. Figure &
therefore shows a preferred enbodi ment of signal discrimnator 24, in which
t he use of a buffer has been nodified bg4a buffer controller 58 controlling
a buffer 52'. The purpose of buffer controller 58 is to nanage buffer 52

in such & iiden heay bmecapkieq baccgppute fheeestimpges| jimtdhe,FomElad.

Thi's apprﬂﬂChekémPﬁéch%@»rhﬂﬁgObé@r %ati gledhatrenhy nIola%lfTD(Sée@XN ermemer ay
estimates are actually relevant for co utln rr# gp fore it ggo

be a goodARRkied RRtimRl cestipatinny a *?’é *lg%' 38 OFFEE ven %i'y
esti mat evaridplid ev, 505 . dBfihed SRirlier hénefuris dsyednﬂmmtbomv\balsufﬂm s,
B an e ] abiteobd BATHEYsE31LEAEEOR HAGLEhIARER AN LR TS

buffers arter a certaln t SO necessary to store frame
numbers dhet hsxgonaesgengmglen@pgy wasgasitivenxbor the Magek. @he the

possi bl eb%"?,%&?gﬁ?efﬁmw” ng values in buffer 52' performed by buffer

controller scribed in detail in the Pascal programin the attached
appendi x. The enbodi ment of Figure 4 is suboptinmal as conpared to the
enbodi nentt GfilAi B arleddtodsdaspnthese. gkillhed liar ghef raarte et grasiowy

not be alljnlodxf%.cara:tl%rns an%u%ﬁ’aw\qr?qnesl anrl rbebﬁgdgl Q%r the present invention
without departure from the spirit and scope thereof, which is
defined by the appended claims.
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frame energies reside there. In this case that particular frane energy is °
| ost even though it could have been in effect |ater when the previous |arge
(but old) frame energies have been shifted out. Thus what is calculated in
practice is not Vferr] but V[err] definequgs: [err] However,*froma
practical point of viewthis enbodinent i's" "good enough” and allows a
drastic reduction of the required buffgipsigecfrom 100-200 stored energy
estivmtes to approxi mately 10° 13 estimates (5 for MAXBUF and 5 for

M NBUF) As nentioned in connection with the description of Fig. 2 above,

si gnal di SBROCEDHREr FR4tatlDeg (not have access to signal s(n). Howeve, since
either the filteéer itation paraneter k&ﬁg ont @i p.a pargneter that
represents the fra%ngégrgy, t he éngfaégggygﬁgge %'beeog?ainedqfron1this
parameter. Thus, a8EBsHing to the:UBcoleatard |S-54 thelf&Bme endrgy is
represented by an g¥ghifkfAPrARbaTet @hebgBl: (1t would of gaurse 3l so be
possi ble to use r(Oé i n_signal discrimnator 24-of fign} gs an energy esti-
mate.) Another appPBYRRFRBELE be foIRb®EeEignal discrimtnalor 247 and
paranmet er nodifi erz8tmhgThiReshi ght Reaipeech decoder 38{iEnFig. 3. In this
way signal discrinjpator 24 ul d ye access to signa , Whi gh whi ch
represents the deg%g 1§?éﬁﬁfﬁoi.'eggﬁ ‘is in the sane ko?ﬁ1as sﬁgnal s(n)
in Fig. 1. ThivARppFbpowpldowever; Reald require anot hek Zp£euk decoder

after paramet egagodkihpEadBal O I epr e¥egethe nodified sigfalout )

VAR ZFLmaxBuf : realStatBufType; { In/Out }
VAR ZFLmaxTime : integersStatBufType; { In/Out }
VAR ZFLminBuf : realStatBufType? { In/Out }
VAR ZFLminTime : integerStatBufType:; ( Ir/Out ;
VAR ZFlprelNoStat : Boolean): { In/Out }
VAR
i : Integer;
maximum,minimum : Real;
powNow, testvVar ¢ Real;
oldNoStat : Boolean;
replaceNr ¢ Integer;
LABEL
statEnd;
BEGIN

oldNoStat := ZFLprelNoStat:
ZFLprelNoStat := ZFLsp?

IF NOT ZFLsp AND (ZFLacf[0]} > 0) THEN BEGIN

{ If not speech )
ZFLprelNoStat := True;

ZFLanaved += ZFLnrSaved + 1;
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In the above description of signal discrimnator 24, 24' it has been
assuned that the stationarity decisions are based on energy cal cul ations.
However, energy is only one of statistical nonents of different orders that
can be used for stationarity detection. Thus, it is within the scope of the
present invention to use other statistical ygonents than the nonent of
second order (which corresponds to the energy or variance of the signal).

It is.al so possippwNew eAFevEf@] wtZ2fipeveld? nonents of different orders
for stationarityzgﬁﬁbadlémggagyﬁégffofgationarity deci sion on the results
fromthese tests. Furthernore, -the defined test variable V[err] is not the
only possible tést variable. Another test variable could for exanple be
defined as: [erniF WrmarSdve®ePreaHEn <dE(T[err])/dt>.is an estimte of
the rate of chang éﬁotggtgp%%gy fromfranme to frane. For exanple a Kal man
14 filter may be 3% | &% Q:npute the estimates in the formula, for
exanpl e according to a linear trend nodel (see A Gelb, "Applied optinal

estimtion”, M TgPx Sg%g@.>lj¥ﬁa?¥ g&st iable V[err] as defined
earlier in this speci fbation has t elﬁbé%fagle feature of being scale
factor i ndependent2FIpFSAYatniias A HAMES i scrini nator unsensitive to the
| evel of the background sounds. It will be understood by those skilled in

the art that vari gue Qodid iGaeS AN STRGrSdRY £F ABEDULEdDS Present
FOR i := 1 TO statBufferlLength DO BEGIN
ZFLmaxTime{1] := ZFLmaxTime(i] + 1
IF ZFLmaxTime{i] > ZFLnrFrames THEN BEGIN

ZFLmaxBuf([i] powNow;
ZFImaxTime[i] := 1;
END:
END;

{ Check if there is an o0ld element in min buffer )
FOR i := 1 TO statBufferLength DO BEGIN

Z2FlminTime(i] := ZFLminTime[i] + 1;

IF ZFLminTime{i] > ZFLnrFrames THEN BEGIN
ZFlminBuf(i] := powNow; '
ZFLminTime(i] := 1:

END; '

END:

maximum := -~ 1E38;
minimum := -~maximum;
replaceNr := 0;

{ Check if an element in max buffer is to be substituted,
find maximum
) .
FOR i := 1 TO statBufferlength TJ BEGIN
IF powNow >= ZFLmaxBuf{i] THEN
replaceNr := {;
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wi't hout departure fromthe- spirit and scope thereof, which is defined by

t he appended cl ai ns. 15 APPENDI X PROCEDURE FLstatDet( ZFLacf

real Acf Vect or Type; In ZFLsp . Bool ean; { In

ZFLnsr M nFranes : | nteger; { In } ZFLnrFrames + : Integer;

{ In’ } ZFLmaxThr esh : Real ; { In } ZFLm nThresh

Real ; { In } VAR ZFLpowd d; 7 : Real; {
In/Gyt } VAR ZFLnr Saved . Integer; { I'n/Qut } VAR ZFLmaxBuf
. real St at Buf Type; IF zFLméfnhf[l]VAR Kk iBwh THEN : i nt eger St at Buf Type;
{ I'nfQut } VAR ZFLm el ype; In/Qut } VAR

ZFLm nTi me N |nt2§er§fu?BUfT%g§m g?ﬁrtgf } VAR ZFLpreINoStat

Bool ean) ; ENP:|n/Qut VAR i . Integer;
maxi mum m ni num . Real ; powNow, t est Var :

Real ; ol dNoSt at : . Bool ean; repl aceNr
I nt eger; LABEL st at End; .

IF replaceNr > 0 THEN BEGIN
ZFLmaxTime[replaceNr] := 1;
ZFLmaxBuf (replaceNr] := powNow;
IF ZFLmaxBuf{replaceNr] >= maximum THEN
maximum := ZFLmaxBuf[replaceNr):

END;
replaceNr := 0:

{ Check if an element in min buffer is to be substituted,
find minimum
)
FOR i := 1 TO statBufferlength DO BEGIN
IF powNow <= ZFLminBuf{i] THEN
replaceNr := i;

IF ZFLminBuf{i] <= minimum THEN
mininum := ZFLminBuf(i}j;

END;

IF replaceNr > 0 THEN BEGIN
ZFLminTime[replaceNr] := 1;
ZFLminBuf[replaceNr] := powNow;

IF ZFLminBuf(replaceNr] >= minimum THEN
minimum := ZFLminBuf{replaceNr]};

END;

IF ZFLnrSaved >= ZFLnrMinFrames THEN BEGIN
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BEG'N ol dNoSt at : = ZFLprel NoStat; ZFLprel NoStat := ZFLsp; |IF NOT ZFLsp AND
(ZFLacf[Q > o) THEN BEA N { If not speech ) ZFLprel NoStat := True; '
ZFLnr Saved : = ZFLnr Saved + 1; 16 powNow : = ZFLacf[o] + ZFLpowol d;
ZFLpowd d := ZFLacf[Q; |F ZFLnrSaved < 2 THEN GOTO stat End;* | F ZFLnr Saved
> ZFLCnr Frames THEN ZFLnr Saved : = ZFLanraﬁE : Check if there is an old

el ement in max bufkepihibER b 1= Buf fer Length DO BEG N
ZFLmaxTinme[i] := ZFLnéx%Fne[i]1+T%FEPF§§EEnaxTine[i] > ZFLnr Frames THEN

BEG N ZFLmaxBuf [i] := powNow, ZFLmexTime[i] := 1; END: END; { Check if
there is an old el egecaltalate Bektevarifblel }: = 1 TO stat BufferLength DO
BEG N ZfLm nTine[i] .= GFLnigTinegiLm+ 1. .lE ZFLm nTime[i] > ZFLnr Franes
THEN BEG N testvVar := maxXimum/minimum? : .

{ If test variable is greater than maxThresh, decide
speech '
If test variable is less than minThresh, decide
babble |
If test variable is between, keep previous decision

}

ZFLprelNoStat := oldNoStat:

IF testvVar > ZFLmaxThresh THEN
ZFLprelNoStat := True;:

IF testVar < ZFLminThresh THEN
ZFLprelNoStat := False;

END;
END;
END;
statEnd:
END;

PROCEDURE FLhangHandler(

ZFLnaxFrames ¢ integer: { In }
ZFLhangFrames : Integer:; { In )
ZFLvad ¢ Boolean: { In }
VAR ZFLelapsedFrames : Integer; { In/Out )
VAR ZFLspHangover : Integer:; { In/Out )}
VAR ZFLvadold : Boolean: { In/Out )
VAR ZFLsp : Boolean}): { Out }
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ZFLmi nBuf[i] := powNow, ZFLninTine[i]

= 1; END; END; nmaxi num:= - 1E38;
m ni mum : = -nmaxi mun. replaceNr := 0; ( Checkif an elenent in max buffer i's
to be substituted, find maxinumFOR i := 1 TO statBufferLength to BEAN IF
powNow >= ZFLmaxBuf[i] THEN replaceNr :=1i; 17 | F ZFLmaxBuf [i] >=
naxinun1THEN maxi mum : = ZFLmaxBuf[i]; END | F replaceNr > 0 THEN BEG N
ZFLmaxTi IaceNr] = 1; ZFLmaxBuf[replaceNr] := powNow, |F
ZFLmaxBuf rep aceNr] >= maxi mum THEN nmaxi num : = ZFLmaxBuf [ repl aceNr]; END;
replaceNr := 0; { Check if an element in mn buffer is to be substituted,

find mnimum 5Fay s chdnd® 6F2hBREETbhe2#bl BPeBEl fb no speech

hangFrames number of frames
However, this is not done if speech has lasted less than
maxFrames frames

)
ZFLsp := ZFLvad;

IF ( 2FLelapsedFrames < ZFLmaxFrames ) THEN
ZFlelapsedFrames := ZFLelapsedFrames + 1;

IF ZFLvad0ld AND NOT ZFLvad THEN
ZFLspHangOver := 1:

IF (ZFLspHangOver < ZFLhangFrames) AND NOT ZFLvad THEN BEGIN
ZFLspHangOver := ZFLspHangOver + 1;
ZFLsp := True;

END;

IF NOT ZFLvad AND ( ZFLelapsedFrames < ZFLmaxFrames ) THEN
ZFLsp := False;

IF NOT ZFLsp AND ( ZFLspHangOver > ZFLhangFrames-l ) THEN
ZFlelapsedFrames := 0;

ZFLvadold := ZFLvad:
END;



IF'pomADM/<__ZELnLnBui{L+—IHEN-replaceNr = 10; IF ZFLm nBuf[i] <= m ni num

THEN m ni num : END, | F replaceNr > 0 THEN BEG N
ZFLmnTi me[r mu uth nBuf [replaceNr] := powNow; |F '
ZFLninBuf[re I m THEN m ni mum : = ZFLn1nBuf[repIaceNr] END,

| F ZFLnr.Saved >= ZFLnrM nFrames THEN BEGzW 18 |F mninmm> 1 THEN BEG N
( Calculate test variable ) testVar := maximumimninmum { If test variable
is greater than maxThresh, deci de speeChAXMSt est variable is |ess than

m nThresh, decide babble If test variable is between, keep previous

deci si on } ZFLprel NoStat := ol dNoStat; |F testVar > ZFLmaxThresh THEN
ZFLpr el NoStat & =methed | oft diserimingtingThetseenERtationary and non-

stationary signals, such as signals representing background
sounds in a mobile radio communication system, characterized by:

(a) estimating one of the statistical moments of a signal in
each of N time sub windows T,, where N>2, of a time
window T of predetermined length;

(b) estimating the variation of the estimates oktained in
step (a) as a . measure of the stationarity of said

signal; and

(c) determining whether the estimated variation obtained in
step (b) exceeds a predetermined stationarity limit y.

2. The method of claim 1, characterized by estimating the
statistical moment of second order in step (a).

3. The meth»d of claim 1 or 2, characterized by estimating the
energy E(T,;) of the signal in each time sub window T; in step (a).

4. The nethod of claim 3, characterized by said signal being a
discrete-time signal.

5. The method of claim 4, characterized by éaid estimated
variation being formed in accordance with the formula:

max E(T,;)

TET

V. =7
T min E(T))
T €T

6. The method of claim 4, characterized by said estimated
variation being formed in accordance with the formula: '
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ZFLpr el NoSt at : = Fal'se; END:— END;— END; stat End: END; PROCEDURE

FLhangHandl er ( T . Integer; ( In ) ZFLhangFr anes
. I nteger; N'm I"ﬂiz Hi’"{vad . Bool ean; ( In )

VAR “ZFLel apsedFr ames§ :t In/Qut ) VAR ZFLspHangover ;

| nt eger; I n/ Qut ) VAR ZFLvadd d 21 : Bool ean; ( I'n/Cut

) VAR ZFLsp . Bool ean): ( Qut ) BEGA N { Del ays
change of deci si olgaj(rog(gppech to no speech hangFranmes nunber of franes
However, thjs isdiscdonelif speech has |asted | ess than maxFrames frames
ZFLsp : = ZFY_K/ad hIn( Z%re) apsedFranes < ZFLmaxFrames ) THEN

ZFLel apsedFr anegsexevs@#-| el apsedFranmes + 1; |F ZFLvadO d AND NOT ZFLvad THEN
ZFLspHangOver := 1; |F (ZFLspHangOver < ZFLhangFranmes) AND NOT ZFLvad THEN

BEG N ZFLS&W%&Bﬁ?‘ %@‘SQW&( E':'otlii:.aining only the largest recent
energy estimates and MINBUF is a buffer containing only the
smallest recent energy estimates.

7. The method of claim 5 or 6, characterized by overlapping time -
sub windows T, collectively covering said time window T.

8. The method of claim 7, characterized by equal size time sub
windows T,. )

9. The method of claim 8, characterized by each time sub window
T, comprising two consecutive speech frames.

10. A method of detecting and encoding and/or decoding stationary
background sounds in a digital frame based speech encoder and/or
decoder including a signal source connected to a filter, said
filter being defined by a set of filter parameters for each
frame, for reproducing the signal that is to be encoded and/or
decoded, said method comprising the steps of:

(2) detecting whether the signal that is directed to said
encoder/decoder represants primarily speech or back-
ground sounds;

(b) when said signal directed to said encoder/decoder repre-
sents primarily background sounds, detecting whether
said background sound is stationary:; and

(c) when said signal is stationary, restricting the temporal
variation between consecutive frames and/or the domain
of at least some filter parameters in said set.

11. The method of claim 10, characterized by said stationarity

L



ZFLsp := True; END; IF NOT ZFLvad AND ( ZFLel apsedFranes < ZFL anmes ) -
THEN ZFLsp := Fal se; | F NOT ZFLsp AND ( ZFLspI—IangCﬂﬂ“ﬁ“ﬁﬂ“W&s 1)°
THEN ZFLel apsedFr anmes := 0; ZFLvadd d := ZFLvad; E

met had” of discrimnating between stationary and non® sfat i onary signal s,

such as signals representing background,gsounds in a nobile. radio

communi cation system characterized by: (a) estimating one of the
st ati-st | catautin calprisimnathée nse@sd: of N tine sub windows T[err], where
N>2, of a time window T of predeterm ned |ength; (b) estimating the

variation of the estinmates obtained in step (a) as a easure of the
st ati onar(itly of m@miw aral (@ the dstatisticgluhsomentsheotstsaid ed

vari ation obtain (513,1 det R t
y. 2. The nmethod o a| m1l ar a?tqg%ﬁ?ggbgyﬁeg%?ém%sjﬁgﬁe St ?t'l ?t”?éc

noment of second "b’r%-er"ﬁr?s?k’ﬁﬁ (windaw Fref n%%'%ﬂt%’r’mé!‘ﬁ'i’n%&n‘éﬁ‘ b,

characterized by estimating the energy E(T[err]) of the signal in each tine

S IR C T Loy Rl g Ane tval 15t ToN Uk Olné! Bl1iRar eIV ARAHA G RY
said sig bei n
step (bl) as a measure of the stationarity of said

background sounds; and

(b3) determining whether the estimated variation obtained in
step (b2) exceeds a predetermined stationarity limit y.

12. The method of claim 11, characterized by estimating the
energy E(T;} of said background sounds in each time sub window T,
in step (bl).

13. The method of claim 12, characterized by said estimated
variation being formed in accordance with the formula:

max E(T,)
< _Ti€T

T min B(Ty)
T4€T

14. The method of claim 12, characterized by said estimated
variation being formed in accordance-with the formula:

max E(T,)
_ T €MAXBOF

© T min  E(T))
T €MINBUF

where MAXBUF is a buffer containing only the largest recent
energy estimates and MINBUF is a buffer containing only the
‘'smallest recent energy setimates.

15. The method of claim 13 or 14, characterized by overlapping
time sub windows T, collectively covering said time window T.

16. The method of claim 15, characterized by equal size time sub

~
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discrete-time signal. 5. The nethod of claim4, characterized- by sai d

estimated variation being forned in accordance [err] 6.
The nethod of claim4, characterized by said est a& i& lbelng
fornmed in accordance with the fornmula: 21 [err s a buffer

containing only the |argest recent ener@s estimates and MNBUF is a buffer
containing only the smallest recent energy estimtes. 7. The nethod of

cl aikgn 5 ofiBIo¥RaTact eri zed by overl apping time sub windows T[err]
collectively covering said tine window T. 8. The nethod of claim?7,

character al ti,me_sub mnndo e 9. ,The method of .cl aim
8, char aciér ?9?9% “F&Lib‘?ﬁ r]n?"?uﬁg %F?‘% éot}ﬁbr‘?aﬁthg’f’\ﬁosc‘ n¥3PdPFye

speech f r'la,nmmzmlsmqmmmd:miseimtaxte rzgpeaemh efraoBsyy and/ or decodi ng

stationary background sounds in a digital frane based speech encoder and/or

decoder including a signal source connected to a filter, said filter being
defined by8a Shm oﬂpvﬁt@ﬁvspafaﬁet%P§°¢bﬂgeaéhdfﬁanedeﬁeﬂlrﬂprEHEEFﬁQaFﬁe

signal t r@stmt@rwn@essaﬁeéednaad/dq&pd;%qoqexetne%%aﬂséa?tipébaon@éaéi-nsnaPSr
steps of: ( % det ect i ng whet her, the signal that is.direc gﬂ to sald
encoder / réBFéB@hPS Br iENal, SQRECH GPrpackedytouty tefs, said

filter being defined by a set of filter parameters for each
frame, for reproducing the signal that is to be encoded and/or

decoded, said apparatus comprising:

(a) means (16, 34) for detecting whether the signal that is
directed to said encoder/decoder represents primarily
speech or background sounds:

(b) means (24, 24') for detecting, when said signal directed
to said encoder/decoder represents primarily background
sounds, whether said background sound is stationary; and

(c) means (18, 36) for restricting the temporal variation
between consecutive frames and/or the domain of at least
some filter parameters in said set when said signal
directed to said encoder/decoder represents stationary

background sounds.

19. The apparatus of claim 18, characterized by said stationarity

detection means comprising:

(bl) means (50) for estimating one of the statistical moments
of said background sounds in each of N time sub windows
T,', where N>2, of a time window T of predetermined
length;

(b2) means (54) for estimating the variation of the estimates
as a measure of the stationarity of said background

sounds; and



(b) when said signal directed to said encoder/ nts
primarily background sounds, detecting whether sai lmgmjmﬁ Hi@d S
stationary; and (c) when said S|gna 41 S statio t he

tenporal variation between consecutive rarres and/ or the domain of at |east

sgmé' fil t(emga[) anmeEms (56 P af sk Sﬁéteﬁﬂjéréﬂg@ WRe NG Ofhé | @dthinldted varia-
characterized by narit et ec e st eps:
(bl). estd mat i n%ﬁ%)ne&&%éc? %(%1??5 eS ﬁ%ﬂ?‘gonr@“fdfgm Eg‘Found

sounds in each of N time sub WII’ldOWS T[err] where N>2, of a tine WII’ldOWT

of predetygy Mg Aw&ué bd# ciafmt jgut bﬂﬁr%'?:‘ie‘ﬁ&bﬁt 'bgn rards S SH | FBYE €S

obt ai ned |n step btggtas a measure of fhe stationarit sal d background
sounds; &8Fimgfing EhRi BNAEIVNB(Fr afhsadg Pﬁﬁf‘%’%‘&fil gevadsob® garhy i n
step (b2)—_1@.>écga$suaﬂace4dqt‘erm ned stationarity limt y. 12. The nethod of
claim1l, characterized by estimating the energy E(T[err]) of said
background sounds in each tine sub window T[err] in step (bl). 13. The

nmet hod oR1c| ahe mpmwf i cbaliby2903i d¢heshicterddedahyatsadd besstnignadtoedred

|1 3CCOr a05g CHoh g QOBGR hPidechtarlle VRISl ahfl 12

characterize timated vari ation orned i n accordance with
the fornul a: [Iﬁék]g(rl

v = DT

T min E(T))

22. The apparatus of claim 20, characterized by means (58) for
controlling a first buffer MAXBUF and a second buffer MINBUF to
store orly recent large and small energy estimates, resp=ctively.

23. The apparatus of claim 22, characterized by each of said
buffers MINBUF, MAXBUF storing, in addition to energy estimates,
labels identifying the time sub window T, that corresponds to
each energy estimate in each buffer

24. The apparatus of claim 23, characterized by said estimated
variation being formed in accordance with the formula:

max E(T,)
_ TeMAxBUP
T min E(T))
T,EMINBUF




where MAXBUF is a buffer containing only the |argest recent energy
estimates and M NBUF is a buffer containing only the snallest recent energy
setimates. 15. The nethod of claim 13 or 14, characterized by overl apping
time sub windows T[err] collectively covering said time w ndow T. 16. The
met’hod of claim 15, characterized by equal size tinme sub 23 wi ndows
T[err]. 17. The method of claim 16, characterlzed by each tine sub w ndow
T[err] conprising two consecutive speec Frames. 18. An apparatus for
encodi ng and/or decoding stationar B%ﬁﬁ*@%ound sounds in a digital frane

based speech coder_ and/ or decoder |nc U |qg a 5|onal SON cQon gd to a
filter, sai @IBCRIMENANGy BEIWEE PNARY™ AND TALL ach

frame, fog aeiaeequ%aqo&h%&l;gwsémasceté) @@ﬁv%&?dééaéﬂéﬁ%dﬁﬁﬁd%n-

sai d apparatus conprisjn (a) nmeans (16 for detecting et her, the
signal t hataFioBRFECIHPTY Sai ahﬁncﬁft?eﬁqiﬁegéﬁe)r ngr‘&%nt‘gpﬂﬁ g3l sdSech
or backgreabhdutatadsin(@ numberasog (ﬂlﬁdo% )T, orhdsiec cdnengyy Wghuesi @are

| d d I k d
ShonoL CLEESHES Wb ¥ ISRERSRCTSRNSCAY AERORRRLS Rl WaliSi 0
36) for r‘e:stmblen'g, tilse qaé.lqhdmaied/a(rﬁttat. d‘hllsettns@:nvamabdet comphisess the
and/ or th@aéw%at%eﬂt thRAShax gmeco%k y P3a B! g@'ﬁé%mﬁwﬁmr@@ d

signal directed to sald enco epresent
value 1n the buffer. Flnally, the test variable is tested against

Y

a stationarity limit y. If the test variable exceeds this limit
the input signal is considered non-stationary. This discrimina-
tion is especially useful for discriminating between stationary
and non-stationary background sounds in a mobile radio communica-
tion system.

' (Fig. 3)
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background sounds. 19. The apparatus of claim 18, characterized by said
stationarity detection neans conprising: (bl) means (50) for estimati ng
one of the statistical nonents of said background sounds -in each of N tine
sub «wi ndows T[err], where N>2,. of a ti rre wi ndow T of predeterm ned | ength;
(b2) means (54) for estimatinng riation of the estimates as a
nmeasure of the stationarity of sai Jz/ kground sounds; and (b3) nmeans
(56) .for determ ning whether the estimated varia- tion exceeds a

predeterm ned stationarity I|i rﬁﬁt [err]. 20. Tde apparatus pf cl i% 19,
characteri zedshy neans (5 for estimating tH@ «he energy Wr]) of said
backgr ound sobhds in each|tine sub w ndow Tlerr]. 1. The apparatus of
claim 20, characherized b sal d estimated vari atifon bel Toedred 1 n
accordance with ; 2. The appar atus of Ia| R 20,
characterized by rreans‘rj58) or conjrolling a finfst buffer BUF a
second buffer M{NBUF té&;stoke only fecent |arge and sma% enkr gy estj mates,
| ai m 22, chanacteri zgd

respectively. 28. The par & us of

buffers M NBUF, | MAXBUF&St orthg, in faddition to e S
identifying the{tinme s&b wi ndow T[efr] that correspdnds to each er gy
estimate in each fer 24. The /farppar atus of claimgd3, ch%act eri{zed by
sai d esti mat ed © c:' ™
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varf(ﬁat i on being forned in accordance with the fornul a:

[err]
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