-1- VO CE ACTIVI'TY DETECTOR 5 A voice activity detector is a

device which is supplied with a signal with the object of detecting

peri ods of speech,- or periods containing only noise. Al though #é@ 2ygseht.

i nvention is:-not limted thereto, one application of particular i ntpéée?t

for such o(etectors Is in nmobile radio 10 tel ephone systens where tﬁ

; knowl edge as;to the presence or otherw se of speeeh can be exploited try
reduce power “eonsunption and interference by turning off a transmtter

during periods of silence. Here also the noise level (froma :

vehi cl e-nounted unit) is likely to be high. Anot her 15 possi bl e use

In radio systens is to inprove the efficient utilisation of radi,o spectrum

" Figure 1 shows a voice activity det ectvorcapsaciEsamvbperggrorir | gt er nati onal
Pat ent Applicati on WX89/08910. 20 Noi sy speech signals are received
at an input 1. A store 2 contains data defining an estimate or nodel of the
frequency spectrumdof the nbi d@icq AFHILFE0RS EHERe 163) 2p&aREER tHESCRANES
t he spectrum of the uppldedswitiala tsd gabl aritha tiveaebi ectofofs Artéetdrigy peiri ofis

i s conpared (4) with & Z3,ddiheshe! ﬁ’i%déecontii'hﬂfgd%'h%kon&{@élr A1aRGBSh Ehe
e 1 npu

e T M
to ensure that adaptaaxddcstanrintanegtdforngush Aereetsl spdm d@Pilei radie
the danger of progoessilephohs Ofysi@insatdAPEatdnen khovl sageN@satys ey pieeeatonor
adapt ation is perforg&%em%a tr{}e g%‘é{g" ch %?‘é&ié&é@éé’a d%éeCLé:HucL’ 19@&%‘
conpri ses an unvol ced speec det'ect or and a vol ce speech etector_9= t he
detector 7 deens spe&@RSuEPERORraREntnteriprenss oy Hrimg @dfed Sransmitter
rrecogni ses speech, arthrimngppesiseis ofdsilergeandHébe cslisa dhadaplsd ilevedf (£imm
fmi n detector. Typicyl |yeriReeUndoitedd wiReFChs deiREIPT 8 MDIRIGE a Sehndfher
LPC 15 possible use in radio systems is to improve the efficient
utilisation of radio spectrum. -
Figure 1 shows a voice activity detector
a; described in our International Patent Application
W089/08910.
20 Noisy speech signals are received at an input 1. A
store 2 contains data defining an estimate or model of the
frequency spectrum of the noise; a comparison is made (3)
between this and the spectrum of the current signal to obtain
a measure of similarity which is compared (4) with a
25 threshold value. In order to track changes in the noise
component, the noise model is updated from the input only
when speech is absent. Also, the thresheold can be adapted
(adaptor 6).
In order to ensure that adaptation occurs only during
30 noise-only periods, without the danger of progressive
incorrect adaptation following a wrong decision, adaptation
is performed under the control of an auxiliary detector 7,
which comprises an unvoiced speech detector 8 and a voiced
speech detector 9: the detector 7 deems speech to be present
35 if either of the detectors recognises speech, and suppresses
updating and threshold adaptation of the main detector.
Typically the unvoiced speech detector 8 obtains a set of LPC
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-2- coefficients for the signal. and conpares the autocorrelation function
‘of these coefficients between successive frame periods, whilst the voiced
speech detector 9 exam nes variations in the autocorrelation of the LPC
residual. 5 ° Thi s arrangenent is very successful in distinguishing
bet ween periods of speech and periods during which only noise is received.
However, a priblemarises in that S|gnaII|ng tongs'are of ten assuned by the
aUX|I|ary detector to be sinply noise (i.e. it does not recognise them as
speech) so 10 that theo&BEDcledtaCEos ﬁf&lﬁtijnip dndecomperesashe fadtdeyrrel £tion

noi se. and transni ssi gk be GEONAReleS ARIBI Sfke OboBhedfAFholflgT A Abne

prematurely. This problem coul over cone ‘ﬁrOVISIon tone detectors
each tuned to the fre&88hed3s) "YElat pdhe cvipifed 5SBERF dehgctenng; examines
however, the diver setyatiodns dinf tke enttosbgnel dtimg bdnelse thRCORghidiall. he

world is consi derabge, so tlﬁ:‘ﬁlsaahaarr@%mgm%r vakyi itk ddsdieal ﬁ?td%&%éu;"&ﬂ'n@
be needed in order, ile tele gon yser nakin

i or ot onal Ceal moeEEe S pa ot &t SPTRFR B RREI 090 Gy PEGVALAY AR Rotse
irrespective of theiscoeee¥ged.fr doveves.cle BnpbépmgarE§Q§ainAGbatd$#@p4&i1ng

the present inventi ONtohd€r @ré Sobtéyi deshnedv Mt et bkl 209t BeQELdOr to be
detecting the presencg, 85%%%%% 'd‘ ea” ft”HH%fﬁ&é‘%co&Ri‘Pé 'fﬁaeglgag speecn)pato

(a) neans for sto onent

signal; (b) neans ]f‘brtg%"co*gtfﬁ fadg tiﬁ‘ée%‘i%'ctafd&?t§|ﬁ?l1§?q tSPnSF Pﬁe’-fr Ry were
signal and the storednesds,medmd t ramsadsstomnodutipat telsss sisonpmsvgnakd, 36z at

(c) neans for updati ngegg'ga t%mﬁgtﬁtﬁfgﬁgeur&q) an auxiliary detector
arranged to control the This problem could be overcome by provision of tone
: detectors each tuned to the frequency(s) of a particular
15 signalling tone; however, the diversity of different
signalling tones throughout the world is considerable, so
that a large number of individual detectors would be needed
:.:.n order, for example, that a mobile telephone user making an
international call may be able to hear the * engaged’ tone
20 reliably, irrespective of the country £from which it
originates.
According to the present invention, there is provided
a voice activity detector for detecting the presence of
speech in an input signal, comprising
25 (a) - means for storing an estimate of the noise
component of an input signal;
(b) means for recognising the spectral similarity of
the input signal and the stored estimate to produce an
output decision signal;
30 (c) means for updating the stored estimate;
(d) an auxiliary detector arranged to control the
updating means so that updating occurs only when
speléch is indicated by the auxiliary detector to be
absent from the input signal;
35 characterised by means operable to calculate a prediction
gain parameter for the input signal, and modifying means
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,updating neans so that updating occurs only when speech is indicated by the -
auxiliary detector to be absent fromthe input signal; 35 characterised by
means operable to calculate a prediction gain paraneter for the input :
signal, and nodifyi ng neans -3- arranged to suppress updating in the
event that the prediction gain exceeds a threshold value. Sone enbodi nents
of the inventi{gn will now be described, by way &f -exanpl e, wth
reference to the 5 acconpanying draw ngs, in which: Figure 2 is a“plock

di agram of a speech coder voi ce activity detecior in accordaﬁ§gtmn£ge

one aspect of the pres%’fﬁa’ﬁgﬁéen??orﬁupﬂrﬁﬁfes 354894 YhoWh§r afRFR%
prediction gain 10 valRredifccapveritoesceagrita Shgnahold Madyees 5, 6 and 7
are bl ock di agrans of furthesomaenbacibamsr&sof oEhethévaivehtidn fuwigur endw abe

| h h
gglmr’]g”tsgggf‘e dsgteenggoch%r %gga >4 e%@ 'él&gc&u%f o Uf%'EhszE‘eb"f%'}eﬁ&Q”% the

anal ogue-t o- di gi t al scc?fﬂF@mPéF‘Y{’EfQ dra"Anﬁﬁ'nddwwﬁgcﬁm t 103 di vi des t he
speech sanples into franes idurer 2exanplijock68isque exf @i speech Mo@erf whtk)a

and nmultiplies it by a«o"'%%@&ﬂé}dﬁ%éétdlt BEraddbiciaingl Mﬁ@n&em b€tne

contribution of sanples at the 20 gl nni ng and end of the frane.
correl ator 104 recei vé’srefﬁ@tdf‘b‘feﬂté@ speech sanpl es and produces the
aut ocorrel ati on coeffici ent FiQuaes] X oandkadh shoanegraphpAgal PC aradictiioningain

105 cal cul at es th_elooe,faﬁhgj;eﬁf&n afa8% bhs Of npief gigggls(,so'rreti nmes ref err_ed to
as a synthesis  filter) ha\@llr;%rg frengencryd Q°%§8c§5d§9%£§n?s°°€ﬁ' ggr&g)er_
ech f nown net hod e.

t he frequency spectrum of the |nput §peech si gna using a

g. a Levinson-Durbin &® Séhﬂ?’i‘ts of the inventor.
In figure 2, a conventional speech coder 100 has a

speech input 101, the speech signal being sampled at 8kHz and

15 converted inte digital form by an analogue~to-digital

converter 102. A windowing unit 103 divides the speech

samples into frames of.(for example) 160 samples (i.e. a 20ms

frame) and multiplies it by a Hamming window or other

function which reduces the contribution of samples at the

20 beginning and end of the frame. A correlator 104 receives

the digitised speech samples and produces the autocorrelation

coefficients R, for each frame. An LPC analysis unit 105

calculates the coefficients a, of a filter (sometimes referred

to as a synthesis filter) having a frequency response

25 corresponding to the frequency spectrum of the input speech

signal using a known method e.g. a Levinson-Durbin or Schurr-
algorithm.

The digitised input 51gnal is also passed through an

inverse filter (or analysis filter) 106 controlled by the

30 coefficients, to produce a residual signal which is further

analysed by a long term predictor analysis unit 107 which

computes the optimum delay for predicting the LPC residual

"from its previous values, and a corresponding gain value for

. the prediction. The analysis unit 106 also forms a second

35 residual (i.e. the difference between the current LPC

residual and the LPC residual when delayed and scaled by the

parameters obtained). An excitation unit 108 derives
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algorithm The digitised input signal is also passed through an inverse
‘filter (or analysis filter) 106 controlled by the 30 coefficients, to
produce a residual - si gnal which is further analysed by a long term
predictor analysis unit 107 which conputes the optinumdelay for predicti ng
the LPC residual fromits previous values, and a correspondi ng gai n val ue
for the prediction. The analysis unit 106 al so-férms a second 35 residual
(i.e. the dif¥erence between the current LPC residual and the LPC resi dual
when del ayed and scal e t.he paraneter n, . exci
unit 108 derives é'i’(’cﬁy?t’tqnorlparaarmaenef %rsf% o%rtr;?g)rlﬁssrﬁisos*oﬁo 3 éﬁgggger
by sinply quantisisi A§mPlhe q‘EaFF“-J-SF-ééPﬁIuthe BFP  pyesictusdr C(?I‘?VGIJP(YI orffihe
nmeans. The LPC coef fi ebrtéstialnalr heatie | ong term predictor delay 5 d and
gain g, and excitation par a@ﬁaeﬂpac SoRELIIARITRL! efle U0y UBERGR0a: fedBidblay
voi ce activity detector in accordance with our earlier %‘5 t%nto
aver ages the autocotr&l2f9 &32oss 147 Eﬁf"’stﬁ[léflr?aﬁifnw s o | %7%’“’31 1
110 which produces a 40dewddgvted sum R err]' of the current coeffici ents
~and those from previous ffAmkin SogEetacitvicd abeddeaic 14 ldocordantaridtar our
autocorrelator 112 forns { 1e a rr | oeffigclents er
~coefficients a[err] WAR & Jh’ 47 e g%%gtce)d ?Lﬂé q"n‘fO% L‘%‘%ﬁ%heﬂ%nta%?géf)}a%&gg
buffer are updated onF?e%ﬁHq-ﬁ@tEe?nl Gﬂsmi%“sdé@rréﬂ aRpragenukt MREFhRTABSSS 2
(to be described bzed OWdi gt eBOBLAI R’ ORIEY thei Gerrent theffidiententadtshasie tfrom

buffer 113 Blerr]' ?,{- ark SRkl ”ﬁéx?ox%fd ”i“ﬁ “Q' S%usl?@ft rym Of d hefdz&lauk_
signal .. Arrultlpllcalon addition unit i Etf e
spectral ‘sinmilarity bRYSRRSFIEHBEPH UL §P§’f‘ﬁ;1lth§n8“*f?f'e° ﬁBf‘g% ‘fﬁ? Fehertsh &y
as [err] of the LPC coefficients a, which are passed to a buffer 113.

The contents of the buffer are updated only during periods
15 deemed by an auxiliary detector (to be described below) to
contain only noise, so that the contents of the buffer 113 B/’
represent an estimate of the noise spectrum of the input
éignal. A multiplication/addition unit 114 forms a measure
M of the spectral similarity between the input signal and the

20 noise model defined as

! o/

B.

=B} + 2y =
i=1 RO

Where a zero suffix signifies the zero order
autocorrelation coefficient and n is the number of samples in
a speech frame. '

25 The measure M is compared in a comparator 115 against
a threshold level and produces at an output 116 a sigpal
indicating the presence of absence of speech. The threshold
may be adaptively adjusted (117} according to the current
noise power level. ,

30 The updating of the noise estimate in the buffer store
113 is not controlled by the output 116 of the detector just
described, since failure to recognise speech would result in
updating of the buffer with speech information and consequent
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VWere a zero suffix signifies the zero order autocorrel ation
‘coefficient and n is the nunber of sanples in a speech frane. 25 The
measure Mis conpared in a conparator 115 against a threshold | evel and
produces at -an output 116 a signal indicating the presence of absence of
speech. The threshold may be adaptively adjusted (117) according to the
current noi se(power ‘1 evel. 30 The updati©igg of the noise estimate in
the buffer store 113 is not controlled by the out put 116 of the detector
just described, since failure to I‘ECO%I’II se speech d result in upg atin g
of the buffer with speBPHRST BPFREFSTT Qnﬁalé&ﬁ?%quéntl“}‘ B1t¥aLY9Re, Therefore
recognition failures -upddtiggk'issicom&icobhed Ther &t oaexilddxlyi dgtestaon?d®| | elin

by -an auxiliary detect&Frge0@o alslﬁr@mdsn ﬁ&»ﬁbathm &Rab@me:@anepé&handms

unvoi ced speech, this forns ct

(unaver aged) 5 aut ocor}r°eﬁ i d r%% ioe?fléu'&nt%to F?’p°d8'f% thgf ‘ﬁ?) ("énr?(yerflﬁﬁd)
(unbuf f ered) aut ocofr eduhidconretadeiqn cicepfsicigintst Rhe °fl'_PGhéoe-’f-$IPlt§ eRpng, jhe
subtractor 202 conpar efudbhiffesed) WMatibotdteredaki 66 P@iddiE BcSeHBsl OBi a offf @3HeOUBPC

speech frame, del ayed é&Lf%;EELI;&f %P%ubtra?@ér?rz&ii i PSP%‘ tl{;%prs%ieﬂil:{ﬂgthe

the spectral 10 sim | ari et ween successive franes 0O e 1 nput 5|
t hreshol ded (204) to §EROBALRG S¥MO 0% 3 RS VLRES ?%F&ﬂ% ﬁd in 2
speech, the | ong termipfderct203.del &Hhid | &ififeasuced deprasgnttioly atheé yspgctral

unit 205. The outlautsin&&akbtf ﬁe%w%eqbéms%be &P@f&esof £t Eﬁ?‘tm;ﬁﬁ:hlekghm is
e.auxilrary .

15 stage 204 in an fg) 04‘? %ﬁ i fm_s th_
detector 200 to be presen e|t BSY fo? e SaRrt &9 or 205
products an out put indi catlm Fﬁ%ﬁgfﬁ-ﬁéésh"qlé’eﬁr%%%ﬁﬁh the 1&“509%@'&@:?‘#‘{%
introduction, if a systegayi 4 tis posssuriegnalyl igpitnessndliyeie nmst Res. The
recogni sed outputs of this is combined with that of the thresholding
15 stage 204 in an OR gate 206 - i.e. speech is deemed by the
auxiliary detector 200 to be present if either (or both) of
the units 204 or 205 products an output indicating that
speech is present. As discussed in the introduction, if a
system is to pass signalling tones, these must be recognised
20 as speech rather than as noise, and the auxiliary detector
just described is not very effective at achieving this.
Although it recognises some tones others (generally those
with a relétively pure spectral content) are not recognised.
Once the auxiliary detector 200 has failed, the main detector
25 also fails since the noise estimate in the buffer 113 is then
"trained" on the signalling tone. '
Accordingly, a further auxiliary detector is provided
for the detection of signalling tones. Preferably this makes
use of the observation that signalling tones, being
30 artificially generated, contain a small number of frequency
components (which may be modulated). The performance of an
. LPC predictor is exceptionally high for such signals, and
this is made use of to discriminate between tone-based
signals (including multi~tone signals) and background or

35 environmental noise signals.



20 as speech rather than as noise, and the auxiliary detector just ,
described is not very effective at achieving this. Al though it recognises
sonme tones others {(genérally those with a relatively pure spectral content)
are not recognised. Once the auxiliary detector 200 has failed, the main
detector 25 also fails since the noise estimate in the buffer 113 is then
“trained" on the signalling tone. Accordingly, _agfurther auxiliary detector
IS provi ded fler the detection of si gnhal ling tones. Preferably this nakes
use of the observation that signalling tones, being 30 artificially
generated, contain a smal|l MhebEPC gfrefictinmapisofpdifefedipethiash thayrafdo of
nmodul ated). The perf Qﬁ%%@éi@ﬁhi?@w&f&iﬁ ¢heroutpueXenfiidlopevey forgh frame
such signals, and this_is maglevggeio to discrimnate between tone-based
signal's (includi ng muPfiSEBHE §t6naTs) and background or 35 environnent al
noi se signal s. -6- The LPC prediction gain Gj_js defined as the ratio of
‘the input signal power to the output signal po fgx .)a frame of speech viz
is [err] 5 where x[err] is the filter input and% € r(f is the output of the
inverse filter: [err] (where mis the nunb@p ef - coefficients,
typically 8 or 10 10). Signals x(i) and y(i) ke azvai | abl e fromthe LPC
~coder 100, at the outputs of converter 102 and f}]J t¥¥9106 respectively.
. These val ues are squared (301, 302) and the preds#ction gain is obtained by
an arithnetic unit 303 which cal culates G according to the above equati on.
Its output is 15 conpared by a conparator 304 with a fixed threshold val ue
_T’ 5
where x; is the filter input and ¥, is the output of the

inverse filter:

o) = x(@®) + Y, ye-Da
i=1

(where m is the number of filter coefficients, typically 8 or
10 10).- Signals x(i) and v(i) are évailable from the LPC coder
100, at the outputs of converter 102 and filter 106
respectively. These values are équared (301, 302) and the
prediction gain is obtained by an arithmetic unit 303 which
calculates Gp according to the above equation. Its output is
15 compared by a comparator 304 with a fixed threshold value T;
if the gain exceeds the threshold (typically T = 63 or 18

dB), a tone is considered to be recognised. There are

several possible responses to tone recognition:

(a) to override the main detector output by means of an OR
20 gate 303" . '

{b) to override the auxiliary detector by means of a third

input to the OR gate 206

(c) both of these (as shown)
Of course, instead of calculating the quotient, the 3x? term
25 can be compared with the Iy? multiplied by the threshold
value. Figure 3 shows histograms of prediction gains in dB
obtained from background environmental noise, speech,



I f the gain exceeds the threshold (typically T = 63 or 18 dB), a tone is
considered to be recognised. There are several possible responses to tone
recognition: (a) * to override the main detector output by neans of an OR
20 gate 303 (b) to override the auxiliary detector by nmeans of a
third input to the OR gate 206 (c) both of these (as shown) O course,
I nst ead of cq%gulating the quotient, the [err]~tlerm 25 can be conpared with
the [err] mul'® plied by the threshold value.. Figure 3 shows histobgrans of

prediction gains in dgag,péﬁ;ﬁgd ndis@MinPAGKALPYIKL EYdd ORI @le $WYrdAling

speech, -7- background® noise | n signalli'ng tones, and the_ sigpall .
tones themsel ves, whi FEReSigmEe4veo leFBt %‘\‘repgeﬁﬁ%ﬁ °§3_: ﬁga%%é#g’fmn

time for different UKgsimredainag tiwedorviyfieRulystKi analiingetPrnasonsis.
Dial tone Ring tone 'Negifirideebtaddtlel etoh®ne 10 ' Equi prent engaged' tone
I n practi ce, subscr'bsr e a%ed tone, dial tone and 'nunber unobtai nabl e
tone are successfully +%%g§ﬂﬁsed by the further detector, as indeed are

mul tifrequency tones gend.tdneOm a keypad). Ring tone and 'equipnent
engaged’ tone are 5 recognised by the pitch analysis unit 205. The
further detector 300 niymiesr Tonbfaieraddeqstensdet ector for certain types of

. tone; al ternatively (jn the enbodi nent of figure 2) it may-be viewed as

" detecting a situation HfERPepReePRIFual Y err] is small, so that operation

10 of the long term pfx?d;izcatc%.cé,(')?sxﬁﬁr&Q'iQ@PCﬁanggehh@oﬂé.,t @@lal tone and ’ number
' unobtainable’ tone are successfully recognised by the further:
detector, as indeed are multifrequency tones (e.g. f'rom a
keypad). Ring tone and ‘equipment engaged’ tone are
5 recognised by the pitch analysis unit 20S.

Thé further detector 300 may be considered as a
detector for certain types of tone; alternatively (in the
embodiment of figure 2) it may be viewed as detecting a
s_ituation where the residual y;, is small, so that operation

10 of the long term predictor 107 (and hence of the pitch
analysis 205) is not robust.

An alternative option for detecting voiced speech is
to replace the pitch detector 205 with items analogous to
301, 302, 303 and 304 to form (and threshold) a prediction

15 gain based on the longterm predictor analysis 107.

Two further modifications to the apparatus of Figure
2 will now be described with reference to Figure 5. Firstly,
in the embodiment showing in Figure 2z, the prediction gain
calculated is that of the LPC analysis of the speech coder

20 100, which might typically employ an 8th or even 10th order
predictor. However, noting that the basis of this part of
the analysis is that information tones result in higher
prediction gains than does environmental noise, and that the
higher the order of the analysis the higher is the ability of

25 the predictor to model the noise environment, it is found
‘that, by limiting the gain calculation to a fourth orxder
analysis, information signals consisting of one or two tones
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anal ysis 205) is not robust. An alternative option for detecting voiced
speech is to replace the pitch detector 205 with itens anal ogous to 301,
302, 303 and 304 to form (and threshold) a prediction 15 gain based on the
| ongterm predi ctor analysis 107. Two further nodifications to the apparatus
of Figure 2 wll now be described with reference to Figure 5. Firstly, in
the enbodi pent showing in Figure 2, the predi 8ti_on gain calculated is that
of the LP al ysis of the speech coder 20 100, which mght typically
“enploy an 8th or even 10th order predictor. However, noting that the basis
of this part of theayianealybighipredizttipnf gaimtwhidstohbs pesiilcdtibn gaiynefor

prediction gains tmﬂ.ggﬁe@gml rnggggrg.aqj b@O}_-g@ucéa'ld that the higher the
order of the analysis th e abili.t 2 pedlctor to _
I8 P ety o (Y 4P 1ARPVRY PRoPTRIRLeY 2

nodel the noi se environne
calculation to a fd&@mEkhopEaer aﬁally%#% andnfeimuaiwnssgﬂalﬁl%ﬁsmsbw@q;f

one or two toness uni8s g05.e mshlgh ﬁéﬂjltﬁblaﬁkmla&w\béféétdﬂﬂe RoRER&x 11N
gain for environmentalg,q ié@ Jt%dlé rlaﬁlgé#ﬁf' 56 bR Egk'i%]él%n

achi eved by providing a r ana t'er al ongsi
ei ght h-order 5 uni t°§ef65°"%6 ‘f%“'?"ééﬁstﬁ%f%ﬁf)ﬂdl Far3F §areex cﬁ"efr‘%ﬁae?fﬁ-'rs’lt
is sinpler to conpdhertherpredineseoargatal dulened efh dotawmn meorés iy entunit

f; ;)gelt ;{rgz rﬁfﬁrredoggnﬁz?far&@r see&éaz@e@awan I&e@fgeisnétg@zte %J& gh,

u |
coefficients RF(?Wa PeRGHSL TP ?kaf d‘%eﬁélﬁd‘l ri’gfr o‘ﬂ'}et hsé’e(?gg FTeSF t"ﬁe m%ﬁgﬁcﬁ’e
coder it mght be pgssi:bllaatpopmlelsfqenew RFomy am inFeirpedi atelinodatpaith thet h
the LPC anal ysis uppt adiiysié wEASW08).0f At heagiredbE tdheNpgédittion f&in can,
obt ai ned by comput {00 oM idien] i Lkl @y MAldPClALN LN TEGLP LSRRk ELR] 2

prediction error T )
coeff;czents Rc; a prediction error Pe, as follows.

4
Pe=T] Q-Re)

1=}

—  this being performed at 401. 2 high prediction error
corresponds to a low prediction gain and vice versa, so that
a signalling tone is deemed to be present if Pe is less than
a threshold value Pth. This comparison 403 replaces
20 comparison 304 of Figure 2.

Secondly, noise in a mobile radio environment contain
very strong resonances at low frequencies, and a further test
is made to determine whether the *"tone*® is below a threshold
frequency. Selection of a threshold involves a degree of

25 compromise but, since most signalling tones lie above 400Hz,
385 Kz is suggested.

This  further .test operates by determining the
frequencies of the poles of the LPC filter. A low order
filter is preferred to reduce the complexity of analysis.

30 Again, a further LPC analysis could be performed but it is
easier to proceed as in Figure S5, by computing the LPC
coefficients from the reflection coefficients. Supposing
that only the first two reflection coefficients from unit 400
are used, then the LPFC coefficients a, are calculated in
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[err] 15 this Dbeing perfornmed at 401. A high prediction error
.corresponds to a |l ow prediction gain and vice versa, so that a signalling
tone is deened to be présent if Pe is less than a threshold value Pth.
This conparisson 403 replaces 20 conparison 304 of Figure 2. Secondly,
noise in a nobile radio environnent contain very strong resonances at |ow
frequencies,.and a further test is nade to deterrfi me whether the "tone" is
bel ow a thres d frequency. Sel ection of a threshold invol ves a: degree

of 25 conpromi se but, gj IRsL, Si |l 0g t ' '

i s suggested. This fur‘ﬁr{é’%%ttg?ho l‘éa{rafia}t?eégs b%yadg?gﬁr_édnﬁe'n%gtgﬁg ég%gngi%ggk%?at
the poles of the LPC fihe &¥nthesdis fildedoFesnansgr i¥s preferred to reduce
the conplexity of analysis. 30 Agai g@ a further I’EC anal ysis coul d be
performed but it is easier to#@ac¥e® agiigh Fi9gdre 5, by conmputing the LPC
coefficients fromthe reflection coefficients. Supposing that only the
first two reflection coeffi c&'.-eer}{q: for %rgsggkénéogf aLe u’?‘ﬁ%is til?:e'%h'éh%-kfgne re
coefficients a[err] are cal cutfa ed 1M~ -9-" conventional manner by~ a thi $°°
404, being defined Sudvemabyt ke SPRUKESE £ itheeaudT@IdFsearatiqns) = 1/
[err] Then the positions of the,poles in the z-plane are 5 given by the
solution to the quadratic equfatd on% §ér®k]=PerrPoetr] i.e. If the term
i nside the square root is negative then :

e S *5““?
2-211" 7

If the term inside the square root is negative then
the poie lies on the real axis and the signal is not a tone.
10 If it is positive, but the real part of the pole position is
. negative (i.e. a,<0) then the pole is in the left-hand half
_ o—f the z-plane. This necessarily implies that the frequency
is more than 25% of the sampling rate - i.e. above 2000Hz for
a sampling frequency £, of 8kHz, in which case the frequency
15 calculation' is unnecessary and a ">385" signal can be
generated right awav.
The pole frequency is given hy:

Jf = arctan h4‘1":-‘1;}><--"‘.i
a, 2=

The condition that £<385 Hz can be written (avoiding

20 sqguare roots) as:

- a1 o < )

OR .
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the pole lies on the real .axis and the signal is not a tone. 10 If it is
positive, but the real part of the pole position is negative (i.e.
alerr]<0) then the pole is in the left-hand half of the z-plane. This
necessarily. inplies that the frequency is nore than 25% of the sanpling
rate - i.e. above 2000Hz for a sanpling frequency f[err] of 8kHz, in which
case the frzggency 15 calculation is unnecess®®y- and a ">385" signal
can - be gen ted right- anay. The pole frequency is given by: [err] The
condition that f<385 Hz can be witten (avoiding 20 square roots) as: [err]
OR -10- [err] < 0.0973 (44 - o4 Ptk cog¥sHz This calgyl atgrgp is performed
by unit 405. Its output is c i ded 1n an and-gate 406 With that of the
conparator 403 so that a 'tone' decision is produced only 5 when both the
predi ction gain is high anthisheapohkaticqtenpyricrmgdichy eunitthans385Hz. | f

desired, pole frequencies AMOGG:RROQ -6k AR, 0fN2haURPES dolsMirdon FRYL S0
be trapped so that high- frequencies above the _expected-signalling tagne
range may not 10 be THGGHAP 4P IO TRET & [EC tF&"{:%’rﬁ;‘gf-étP agd only
solving a quarti cSeqten dbatisathebpredorhrodgata, ist héghiand thpopsle/fgeguensye
.the third and fourthd @fkgcti hano8bsi£i ents too; in this case two conpl ex
conj-ugate pairs of poles -_wth.twy associ ated frequencies ul
potentially be identified,IélMt&ebseli‘\rlel\g’ eﬁslesag‘;’é'%q‘f%né:tl 2 fone- é&%?% ﬂ%’f SYE
considered to be 9q¥heSeritpred liwith f reyjuedsPePanetEapRadwSPhehafr ey d.

frequencies above the expected signalling tone range may not

10 be recognised as tones. -

If the extra computation in solving a quartic equation

‘can be accommodated, then it is possible to use the third and
fourth reflection coefficients too; in this case two complex
conjugate pairs of poles - with two associated frequencies

15 could potentially be identified, it being envisaged that a

- tone would not _be considered to be present if both

frequencies were below the threshold.

' It has already been mentioned that the embodiments of
Figures 2 and 5 employ a Hamming window pricr to the

20 autocorrelation calculation 103 (as is common with
'~ autocorrelation-based LPC analysis). If it is desired not to
perform such windowing in the speech coder, then a possible
alternative is in the case of Figure 5 to omit the windowing
103 and to replace the reflection coefficient calculation 400

25 by a conversion of autocorrelation values into covariance
values, units 401, 404 being modified to use covariance
values rather than reflection coefficients. Alternatively,

as shown in Fiqure 6 {(which shows only those parts which have
change relating to Figure 5), the initial'processing may be

30 by means of a covariance analysis 109, the output of which is
supplied to a reflection coefficient calculator 400’ and a
modified autocorrelation coefficient unit 104’. The LPC
analysis wunit 105 may be connected as before to the
autocorrelation unit 104' or - as shown - directly to the

35 covariance analysis unit 1009.
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It has already been mentioned that the embodinments of Figures 2 and 5

enpl oy a Hammi ng wi ndow prior to the 20 autocorrelation calculation 103
(as is comon wth autocorrel ati on-based LPC analysis). |f it is desired
not to performsuch wi ndowing in the speech coder, then a possible
alternative is in the case of Figure 5 to omt the wi ndowi ng 103 and to
replace the. .reflection coefficient calculation-4Q0-25 by a conversion of

aut ocorrel at i@r—‘r val ues into covari ance val ues, U]L’]: ts 401, 40?f bei ngt

modi fied to use covariance V Iues rather than reflection coefficients..

Al ternatively, as shown in ﬁ Gur Y %ﬁ?&ﬁ"g?ﬂ)v\ét%?‘iﬁﬁ“rﬁ‘ﬁé%artseﬂﬁ?‘?ﬁ\“‘en‘:s
have change rel ating 196011113%”9@05)1'39044&5» ntheyamapr doweseng fmy o= mgohyically
means of a covari anceganatysdd tbafs émel Yelapih ObmeMethitorSdIPlaseehife dend

reflection coefficient_c I npdified autocorrelation
coefficient unit 104" -° ﬁ#ﬁy {1 ana?rné?qg%u%l 105 STay ln%olrf‘né'c?t ear%&""ti”
before to the autocobr PRt oﬁ"‘tﬁ'ﬁi‘t '}é&erqug oy %Mghem harmrenicso ish@og52a

covari ance anal ysi s usolutidth sinc@hehe atxseatdeacos bedfllttﬁneeda*s eeélﬂibrease_

enbodi ments produce gepd I gstldotrel dEYodBYor hg‘f’fve%]i%x{ﬁ' %Q neﬁgggé th ngﬁr

generated tones enployed . in .sone territories ave a
har moni ¢ cont ent resu¥f?‘?Tg°‘1"r?nl T N5 £8F I5HGT 81gRals, t"°'S| ﬁﬁws]‘ﬁqupérwﬁ} be
the -higher harnoni csP¥edinnory tenfisit tonmedeicectehefiliser pobes ofathefr [than the
tends to increase tioheckat22@kL et fdd OBfOftl-fél |:.§$x£lﬂals§ ad henge lﬁhggerhowever

Pl ot on 92 {07, 65 ATl R, LSl Lo Ubkod 0y REEELCATLari

tends to nodel the filter poles’r
i nput  signal . Ve +hihe Pﬁ%@ﬁfépndsm@@ﬁéus%ﬁaqangaedcqwmawe@atrp pesess

obt ai ned using filterthe pfediveabibikiyxctodntigni fional WEly cArthla @OEHeqakbAed

to assess the predi ctahkide fcxreésﬁd?ﬁl% 908! ¢ r&ﬂ'p}é F‘bmi b thbCHYERGY  399€er.

corresponding to tlge ﬁ%%sgg‘g%e achz.eve L{rmsn‘.{bcsamlpl:.ng the signal at a frequency

of twice the filter bandwidth prior to the predz.ct:.on gain
analysis.

i Thus the embodiment of Figure 7, similar in other

respects to Figure 5, employs filter 450, this is a low pass

20 equiripple FIR filter having zeros on the unit circle .having
a passband up to 600 (3dB point) and having a stopband
attenuation of 204dB at 1200 Hz. It is thought preferable
that the stopband attenuation not be too great. The filter
output is subsampled at 1200 Hz in subsampling unit 451.

25 With this filtering applied, the opportunities for the
tone detection to share components with the speech coder 100
are of course much reduced; thus the filter 450 is fed
directly with the digitised input signal from the analogue-
to-digital converter 102, and feeds a reflection coefficient

30 analysis unit 400", or covariance or autocorrelation analysis
as discussed earlier. The autocorrelation option will
require windowing as explained above.

Another embodiment alleviates the "harmonics" problem
without unduly limiting the frequency range of prediction

35 gain analysis; this is achieved by using filters to divide
the signal into two or more frequency bands each of which is
narrow enough that it cannot contain both the fundamental and



15 This can be achi eved by subsanpling the signal at a frequency of tw ce
the filter bandwidth prior to the prediction gain analysis. Thus the

enbodi ment of Figure 7, simlar in other respects to Figure 5, enploys
filter 450, «this is a |low pass 20 equiripple FIRfilter having zeros on the
unit circle having a passband up to 600 (3dB point) and having a stopband
attenuation.qgf 20dB at 1200 Hz. It is thought- peeferable that the stopband
attenuation n be too great. The filter output is subsanpled at 1200 Hz

i n subsanpling unit Wth this filterin plled
opportunities for theé%onéiaéflec}farg'ﬁnf' ‘?‘ga]tré coMPonent c\% t FR3ne spje%cﬁ:he“
coder 100 are of courZePsAREHefe®rdedsubirpFedhetd | lat egepp3Btes Hredidiient lgpin
with the digitised i namdlysiignal fromthe anal ogue- to-digital converter

102, and feeds a reflecti On’"ﬁ&’ef fn' f:l %0 1 's¥§h§1 li@' Ez.?:.oé)ed iBEoﬁ]requency

covari ance or autocorrelati on anal ¥1
autocorrel ation -optiArdd FPO g %%d&ﬂ?hﬁo%*‘éx}ﬁf aﬁ’-ﬁél’-‘%tﬁ?\?éf 43 hapd
enbodi nent al | evi at e&stthserdbhadnmncsﬁ kBzobé B, widshbit Bedlleythoni doeBfichent

frequency range of pr@aup%aemo&&aﬁl b, ¥alyehserid %frarasnawﬁfé %1@85“9:1
filters to d|V|dethe,_ hlntoﬁ\o or rmreg;_éo:ﬂﬁﬁ bands agho whi C
i s narrow enough that-4 AH%9 %1%t R HPY dér‘?‘BﬁFﬁTe%d or the two
the third ‘“harnonic ba@fds a Thmetwo owemits cframetompagatoimen48imsatdIedare
and subj ected to aosepdidateedr €slisHpadatgai AipwidlgfSithe RUGatd) 06JUEE Bhat g

signal is divided inty 2000

filters 450a, 450b, ag'gin gggarrpx'eg g@ﬂg %Q—Iz&%g ﬁhgs%ba)%%ggfeeﬁ coﬁlﬁgred
coefficient conputati-Gningheate fh °pP€%ﬁed’t°ieoﬁfe#rftﬂ“eanaT’§ﬁs io¥hap 1EtensaAQ0-303
t hreshol di ng 403a, b @feFpguiorirede sepasabehyid ofigulre § vad they are unchanged.

15



bands. The two out puts from conparators 403a, 403b are 10 conducted to
separate inputs of the OR gate 206, so that a high prediction gain in
‘either of the channels is considered to indicate the pm
The other itenms 100-303 of Figure 7 are not shown in fig “' Wﬁ
unchanged.” 15 - 13 - 1. A voice activity detector ﬂ!ﬁmm m
presence of speech in an input signal, conprisjng 5 » (&) ‘mens for
storing 'ah:.esti mate of the noise conponent*df an input signal; (b) neans

for recognising the spectral simlarity of the input signal and-the stored

estinmate to produce an output decision signelarMs0 (c) means for
updating the stored estimate; (d) an auxiliary detector arranged to control
t he updati ng nmeans so that updating occurs only when speech is.indicated by

the auxiliary detedior tc® HOig8saptlFitynderectemn ot A§RaFt: 2 ©BRaPERT B 9% ed
by neans operabl e tgr g¢pkethair an phpet Gliigaalgacomgasdngter for the input
signal, and nodi gyl ng ne a“%&gedo%o ssttmglsss;djpggﬂ'ﬁgei Nof h&naVvendiddat
.the prediction gain exceeds a threshold value. 20, 2. A voice activity.
‘detector according to cl AWPPRRRE R AF LARULAYSPPATy detector includes a
voi ced speech detector redpomsane far Siegnghtsing ithedspeotradn sipEl aekty P

-signal. 25 3. A voi CarRCt hpid %igRLE GIndl tA6 GAodedledtimakai td brodude ian
whi ch t he .gai n paranet er rq&r gsggé.ssitoge Pr,?aCH.Ct ion gain of an LPC

predi ction of 6th order o PESS ST i\%pl de activity detector according
to claim3 in 30%which th‘é’)g&PﬂnﬁJaﬁ%nﬁP@?t#%r%eﬁ?%rﬁqzés’p'?'ﬂﬂ??it i on gain of

an (d) an auxiliary detector arranged to control the-
updating means so that updatinq occurs only when
speech is indicated by the auxiliary detector to be
absent from the input signal;

15 characterised-by means operable to calculate a prediction
gain parameter for the input signal, and modifying means
arranged to suppress updating in the event that the
prediction gain exceeds a threshold value. '

20 2. A voice activity detector according to claim 1 in
which the auxiliary detector includes 'a voiced speech
detector responsive to signals derived from an LPC residual

signal.

25 3. A voice activity detector according to claim 1 or 2 in
which the gain parameter represents the prediction gain of an
LPC prediction of 6th order or less.

4; A voice activity detector according to claim 3 in
30 which the gain parameter represents the prediction gain of an
LPC prediction of 4th order or less.

5. A voice activity detector according to any one of the
preceding claims further including means for detecting one or
35 more primary frequency components of the input signal, and
means operable to compare the <frequencies with a



LPC prediction of 4th order or less. 5. A voice activity detector

according to any one of the preceding clainms further incl udi—ng—wl\
detecting one or 35-noré prinmary frequency conponents of the input signal,

and neans operable to conpare the frequencies wth a(“mm "

predeterm ned threshold and to permt suppression of updatin ﬂ "\mmm””m
said pri rrary.c‘g_rponent exceeds the threshold. 6. 14 ~A voice adtiGity » s &
detect or accoretng to any. one of the 5 preceding clains in which the gain

cal cul ation neans is preceded h filter to repove an upper posrtion of. the
frequency range of thepfﬁgﬁe.rﬂléﬁglfhﬁeﬁ& %iaﬁ'dc ?é’ﬁfﬁ’ff@pﬁgﬁﬁfgu%ne??o'f%&gnq
only for frequency conpdherihen @i saidiRIAMALY heonReRenEneresfedshEhe| thrashold.

7. A voice activity detector according to Caim6 having two filters

havi ng respective passpands gng {«f‘eSB@EH,iV&/%%ithGﬁé %&'a@&&ﬁ&g %aﬁfxy_tgne of the
cal cul ate gain paraneters for {he respecti've passbands, the” nodiTying neans
bei ng arranged to 1% sPERRNERIuFIRLPRg 1on WHEhe et T RALGUEAFEPR oRefBS nis
within either passbandpexeosids by téar éshidnl val vemowe an Apper cpoationi d§ the
detector according to f&BnyO'radgl N6k VB % ARANS 15RR1 SUPEENRAI A0 d Bl ation
flltered signal (s). being performed only for frequency components lying within
the passband of the filter.
10
7. A voice activity detector according to Claim 6 having
two filters having respective passbands and respective gain
calculation means to calculate géin parameters for the
respective passbands, the modifying means being arrangea to
15 suppress updating in the event of the prediction gain within
either passband exceeds a threshold value. '

8. A voice activity detector according to Claim 6 or 7 '
including means for subsampling the filtered signal(s).




