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TECHNI CAL"FI ELD  The present invention relates to a nethod and apparat us
for discriimnating between stationary and non-stationary signals. This

met hod and apparatus are used to detect ether a signal frame representing
background sounds in a nobile radio commiinica- tion systemis stationary.
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Predi ctive Coders). Exanples of
coders belonging to this class are: the 4,8 Kbit/s CELP fromthe US
Departnent of Defense, the RPE- LTI?ECHNECADf FTRBDEUr opean digital cellular
nobi |.e tel ephone system GSM the VSELP coder of the correspondi ng Anmerican

system ADC, as well as the VSELP caoder of the paC|f| 8|tal cellula
syst eém PD(The present invention relates to a meth apparatus oxr

discriminating between stationary and non-stationary signals.

¥ This method and apparatus are used to detect whether a signal
frame representing background sounds in a mobile radio communica-
- tion system is stationary. .

BACKGROUND OF THE INVENTION

Many modern speech coders belong to a large class of speech
Examples of
coders belonging to this class are: the 4,8 Kbit/s CELP f£rom the
the RPE-LTP coder of the European
digital -c’ellular 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.

coders known as LPC (Linear Predictive Coders).

US Department of Defense,

These coders. all utilize a source-filter concept in the signal .
generatlon 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 source-filter models J.S that the s:.gnal
to be reproduced is represented by paramet:ers def:.m.ng the output
signal of the source and_fllter parameters def:.m.ng the filter.

The térm""linear predictive" refers to the method generally used
Thus, the signal to be
reproduced .is partially represented by a set of filter parame-
ters.:-.

for est:.mat:.ng the filter parameters.

The method of utilizing a source-filter combination as a signal
model has proven to work relatively well for speech signals.
" However, when the user of a mobile telephone is silent and the
input signal comprises the

surrounding sounds, the presently
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These coders all utilize a source-filter concept in the signal generation
process. The filter is used to.nodel the short-tine spectrum of the signal
that is to be reproduced, whereas the source is assuned to handl'é all other
signal variations. A common feature of these source-filter nodels is that
the signal to be reproduced is represenzed by parameters defining the

out put signal of the source and filter paraneters defining the filter. The
term "l i neswmpceders ihave AEEiSULSiERetAeEPRR e CREPYS LEWRE YUt §3PCRat i ng
the filtam ég,araeygatdg,rtgmﬁ’gas folrh@pele@hals ilghdles .r epridditeax smparhtei alther

represent ed of filter par er t [ a
sour ce- f |‘°r’td<,§r ‘Bgrrts'h?‘ﬁat??fﬂn%% '-}5) OI? mk aée-l‘.;g!)'rg'(])'ger’<|J to i#?%l gqlth:%\%el y
wel | T or fameiddlars bgnagsouhidV\QOEndSV\ﬁéﬁnPﬁebﬁséﬁcgﬂnhz%ﬁ’rrécq SsIhdFee s

silent anghdhaqjiReatbdhaby CORABr £8@ExL he surrounding sounds, the presently
2 known coders have dlfflcultles to cope with this situation, since they
are qgptim zed for speech signals. A listener on the other

According to swedish patent application 93 00290-5, which is

hereby incorporated by reference, this problem is solved by
detecting the presence of background sounds in the signal
received by the coder and modifying the calculation of the filter
parameters in accordance with a certain so called anti-swirling
algorithm if the signal is dominated by backgrdund 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-stationéry background
sounds, so that the anti-swirling algorithm can be by-passed if
the background sound is non-stationary.

Swedish patent application 93 01798-6, which is hereby incorpo-
rated by reference, describes a discriminator capable of
discriminating between stai:ionary and non- stationary signal
frames representing background sounds. However, this discrimina-
tor uses a significant amount of signal processor memory, which
is a scarce resource. In one embodiment the memory requirements
have been reduced, but this embodiment is sub-optimal.

SUMMARY OF THE INVENTION
Thus, an object of the present invention is an efficient method
and apparatus for discriminating between stationary and non-
stationary signal frames representing background sounds in a

-k,



=g

t

side of the communication.link nmay easily get annoyed when famliar
background sounds cannot be recogni zed since they have been "m streated" by
t he coder. Accordi ng to swedi sh patent application 93 00290-5, which is
hereby i ncorporated by reference, . this problemis solved hy detecting the
presence of background sounds in the sigpal received by the coder and

nodi fying the calculation of the filter paranmeters in accordance with a
certai.n sQosfl s efadid i cSitininidik Bdbgystemi f 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;: sufh ascerdames seitlk thecintritakeRrFudy adneihnd dfacparaAgserndezedype,
such as bggkground babbl e, can be characterized as -being non-stationary.
Exper.i ments have shown that the nmentioned anti-swirling al gorithm works
wel | for stationary but not for non-stationary background sounds. Therefore
it woul d Kf8) desir §breing alisaly iofi Firsthepneesusive| verguremdepyesensingnary
background soundsgpggrihft chiifgest inSuhili B9gALDST FEHM Saimd e edamsed i f

t he background sound is non-stationary. Swedi sh patent application 93
01798-6, which is hereby incorpo- rated by reference, describes a

di scri m ngbpr cap&bkming di second measgréetficene statte afargpentdal change
non-stationary s SQaEaiﬁ?‘E’E??éfBr&ESﬁt 5Rgabagkgt ofads A dsandiowever, this
di scrimna- tor uses a signftficant amount of signal processor nenory, which
is a scarce resource. In one enbodi ment the nenory requirenents have been
reduced, kggd thisdeebetinknyg |ishethepptsahl. second measure exceeds a

predetermined stationarit;} limit v.

According to the invention the apparatus is characterized by:

(a) means for forming a set of first consecutive measures
representing spectral changes in said signals from frame
to frame;

(b) . means for forming a second measure of the rate of spect-

ral change of said signals from said first measures and

{c) means determining whether said second measure exceeds a
predetermined stationarity limit 7.

BRIEF. DESCRIPTION OF THE DRAWINGS

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

FIGURE 1 is a block diagram of a speech encoder provid-
' ed with means for performing the method in
accordance with the present invention;
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SUMVARY OF THE I NVENTION . Thus, ,an object of the present invention is an
efficient nethod and apparatus for discrimnating between stationary and
non- stationary signal frames representing background- sounds in a

3 nobile radi o conmunication system In accordance with the invention
such a method is characterized by: (a) - formng a set of first

consecuti ve neasures representing 4 spectral changes in said signals
fromframe to frane, (b) forn1ng a, second neasure of t he.rate of
I

spectTal GHEVEE 2 of $& @ BAgRA LIRTEARLS @ FPPEFhRBSoREs PEAE-

ed with means for performing the method in
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accordance with the present invention;

FIGURE 3 is a block diagram of a preferred embodiment
of an apparatus that operates in accordance
with the principles of the present invention;
and

FIGURE 4 is a block diagram of another preferred em-
bodiment of an apparatus that operates in
accordance with the principles of the present
invention, which embodiment is e&specially
suitable in a speech decoder.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

. Referring to the speech encoder of f£ig. 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 standard
procedures (Levinson-Durbin algorithm, the Burg algorithm,
Cholesky decomposition (Rabiner, Schafer: "Digital Processing of
.Speech Signals", 'Chapter 8, Prentice-Hall, 1978), the Schur
algorithm (Strobach: "New Forms of Levinson and Schur Algo-
rithms", IEEE SP Magazine, Jan 1991, pp 12-36), the Le Roux-
Gueguen algorithm (L.e Roux, Gueguen: *"A Fixed Point Computation
of DPartial 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 Academic
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(c) determ ning whether said second nmeasure exceeds a

predeterm ned stationarity limt [err]. According to the invention the
apparatus is characterized by: (-a) means for formng a set of .first
consecuti ve neasures representing spectral changes in said signals
fromfrane ' to frane; (b) means for formng a second neasure of
the rate of spect- r al change of "said signals fromsaid first
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whi ch: K dl agram o speec encoder prow 'd-
pp 121-134 of previous reference), ACELP (Adoul, Lamb
Comparison of Some Algebraic Structures for CELP Coding of
Speech®, Proc. International Conference on Acoustics, Speech and
Signal Processing 1987, pp 1953-1956). These excitation parame-
ters, the filter parameters and the input sigmal on line 10 are
forwarded to a speech detector 16. This detector 16 determines
whether the input signal comprises primarily speech or background
sounds. A possible detector is for instance the wvoice activity
detector defined in the GSM systfem (Voice Activity Detection,
GSM-recommendation 06.32, ETSI/PT 12). A suitable detector is
described in EP,3,335 521 (BRITISH TELECOM PLC) . Speech detector
16 produces an output signal S/B indicating whether the coder
input signal contains primarily speech or not. This output signal
together with the filter parameters is forwarded to a parameter

modifier 18 over signal discriminator 24.

In accordance with swedish patent application 9300290-5 parameter
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
that is sent over the channel on line 22.

The parameter modification by parameter wmodifier 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 wmoved towards the
origin of the complex plane. Assume that the original filter
H(z)=1/A(z) is giveh by the expression '
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ed with neans for performng the nethod in accor dance

with the present invention; 4
FI GURE 2 is a bl ock ‘di agram of a speech decoder provid- :
ed with neans for performng the method-in . accordance with
the present invention; FI GURE 3 ¢ 1S a block diagramof a preferred
enbodi nent ' of an apparatus that operates in accordance
with the pr|n0|ples of the present |nvent|on and FI GURE
4 i i s"a bl ock di agram of Z pthqr fegged em
bodi nent of an apparatus that o fates |E§§ accordance with
the principles of the present I nvention, which enbodi nent
S espeC|aIIy suitahle in % Eeech decoder

When the poles are moved w1th a factor r, < r s 1, the

bandwidth expanded version is defined by A(z/r), or:

M
Zy - my -m
A(Gﬂ =1+ )Y (arMz

m=1

Another possible modification is low-pass filtering of the filter
parameters in the temporal domain. That is, rapid variations of
the filter parameters from frame to frame are attenuated by low-
pass filtering at least some of said parameters. A special case
of this method is averaging of the filter parameters over several
frames, for instance 4-5 frames. '

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 with 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 have different statisti-
cal character, as explained above. Thus, the signals representing
baékground sounds are divided into stationary and non-stationary
signals in signal discriminator 24. This process will be further
described with reference to Fig. 3. 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.

In the above explanation it has been assumed that the parameter
modification is performed in the encoder of the transmitter.
However, it is appreciated that a similar procedure can also be
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DETAI LED DESCRI PTI ON OF THE PREFERRED EMBCODI MENTS Referring to the speech
encoder 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 acgcordance
wi th standard procedures (Levinson-Durbin algorithm the Burg algorithm
Chol esky deconposition (Rabiner, Schafer; "D gital Processing of Speech
Si gnal s", Chapter 8, Prentice-Hall, 1978—5 the Schur al gorithm (Strobach:
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Acousii cs, Speech and Signal Processing" VoI ASSP-26 No 3, pp 257-259,
1977), th .cal |l FLAT th S 44 9
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Excitation anal yzer rm._nes .the b C t ers
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parameters contains a speech signal or not. The output sigmal sS/B
of speech detector 34 is over signal discriminator 24‘ forwarded
to a parameter modifier 36, which also receives ‘the filter
parameters. .

In accordance with swedish patent application 93 00290-5, if
speech detector 34 has determined 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 1. 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 wmodified filterxr
parameters to define the filter in the source-filter wodel.

Figure 3 shows a block diagram illustrating a preferred embodi-
ment of the signal discriminating process of the present
invention. To facilitate the description it is assumed that this
process is performed by discriminator 24 of Figure 1. Discrimina-
tor 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) contains
primarily speech, switch SW will assume the lower position, in
which case signal S/B is forwarded directly to the output of
discriminator 24 of Figure 1.



Publ i shers, 1991, pp 69-79), TBPE (Salam , "Binary Pul se Excitation: A
Novel Approach to Low Conplexity CELP Codi ng", pp 145-156 of previous

ref erence), Stochastic Code Book (Canpbell et al: "The DoD 4.8 KBPS

St andard (Proposed Federal Standard 1016)", pp 121-134-of previous
reference), ACELP (Adoul, Lanblin: "A Conparison of Some Al gebraic
Structures for CELP Coding of Speech”, gProc. International Conference on
Acoustics, Speech and Signal Processing 1987, pp 1953-1956). These
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line 22. 54 7The property of inverse filter 54 is such that if a signal

corresponding to signal s(n-D) is forwarded to its input, its
output will be a signal without self correlation, a so called
white (noise) signal.

An undelayed signal vector s(n) containing the same number of
signal frames as signal vector s(n-D) is forwarded to inverse
filter 54. If this signal has the same spectral distribution as
signal s(n-D), inverse filter 54 will thus output white noise. If
signal s(n) has another spectral distribution a different signal
will result from filter 54.

The output of filter 54 is forwarded to a means 56 for calculat-
ing the energy of its input signal. Preferably the output vector
from inverse filter 54 is normalized with the input vector s(n)
to make the energy value E_, independent of the input signal
level. '

The energy values E, are forwarded to a (discrete) differentiat-
ing circuit 58, in which the magnitude of the difference AE,
between the energy value E, of the present frame and the energy
value E,, of the previous frame is formed and compared to a fixed
threshold ST. If said magnitude exceeds' the threshold ST the
spectrum of the input signal is changing more rapidly than if the
magniéude is below said threshold.



The paraneter nodification by paraneter nodifier 18 can be perforned in
several ways. One possible nodification is a bandw dth expansion of the
filter. This nmeans that the poles of the filter are noved towards the

origin of the conplex plane. Assume that_the original filter H(z) =1/ A( z)
gi ven by the expression

A =1 + WA | es d t
(ort] 1 [ eFhS -BCPRE EaAmARTF EAIAd oS A TS DBY Fhed by a%zi% N o
A([err]) =countlefe60] whbafkr rdayrirs |ghe[ sumber Arfotdmxsmm eframes ln
modi T cat | o b8 L0 RASS didd 86F NehOf ai BEetéhé® in energy value is below

ST. When ST is exceeded counter 60 is sampled and thereafter

" reset to zero. Thus, the output of counter 60 indicates how
stationary a signal is by counting the number of consecutive
frames in whicﬁh there is a low spectral change. The output of
counter 60 can be characterized as a digital (discrete) saw tooth
signal from which only the the top values have been sampled.

However, the output of counter 60 is not suitable as a measure of
stationarity of a signal, since this output is too unstable.
Instead the output of counter 60 is forwarded to a mean value
calculator 62 in which a mean value M of a predetermined number
of counts, for example 32, is calculated. This mean value M is
forwarded to a comparator 64, in which it is compared to a
stationarity limit ¢y. If M exceeds 7y the signal is considered to
be stationary. This indicates that the filter parameters should
be modified. A suitable value for v has been found to be 8.

If the input signal s{n) is stationary for a very long time
counter 60 will not be sampled and reset the required number of
times (for example 32 as mentioned in the previous paragraph) for
forming an average M within a reasonable time. For this reason
counter 60 may automatically be sampled and reset if it has
reached a predetermined maximum count, for example 15.

A feature that makes the preferred embodiment of the invention in
accordance with Fig. 3 so attractive is that most of the
functions performed by the blocks in Fig. 3 are in fact already
performed by the speech or voice activity detector itself. Thus,
the voice activity detector in accordance with GSM-recommendation
06.32, ETSI/PT 12 already performs the functions of blocks 50,
52, 54, 56 and 58. Thus, in a preferred embodiment, where the
output signals from a speech detector can be reused, signal
discriminator 24 only has to receive the signal S/B and the
decisions of an element corresponding to differentiating circuit

S
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paraneters in the tenporal donmain. That is, rapid variations of the filter
paraneters fromfranme to frane are attenuated by | ow pass filtering at

| east some of said paraneters. A special case of this nmethod is averaging
of the filter paraneters over several franes, for instance 4-5 franes.
Paranmeter nodifier 18 can al-so use a conbination of these two nethods, for
| hstance perform a bandw dt h expansi onof ol | owed by | owpass filtering. It
is al so possible to start with |owpass filtering and then add the

bandwi digs @xpapsieeh. detktbheldabdmeFilgscti pPiser et oni e Movildatben24 has

peen | 9Nh; SEOURY S codde A% 0P RBahOVRTE il du1 dedrBh 2 IdchipBiTache

di vide signal's into signals representing speech and background sounds,
si nce t & -background sounds may have different statisti- cal character, as
expl ai ned above. Thus, the signals representing background sounds are

di vi ded j_nt tagion a -sLatd on ,ana ' | I SGr 'nato.r
24. Thi @If?rtglgeisséémf‘f?{%% furutrih(agrﬁ%iesegdr)i Egé \?\Aﬁlﬁ ?fo gragﬁgg,ﬂfg_%e%i %ﬁel?f@y Thus,

the out RAtisages AFa firechhy f&®nRBj HRRARC dFQ cFigmdht ISR MIRALCHTL4het her
t he frangt0Tpa scadedbeent shascatad i g backgmodadtsoindBigi 2 vild dls case
paranmeter nodifier 1 e .1 he \, ﬁaﬁP di. fi | ;
speech/ rfb%c-eﬁsﬁﬁyoﬁgr gsga%{ztgég%ﬁégs%%%s&#ﬁ. |t§%5€ggefsr(1%??r£b%%}f.@'a iu(t):n S
per f or nekp signali K sgrdpdnaxprarsf  ofincengignatns Rk ke PehAvaidable
par amet efn ngxh fi&adiir | RGO GELY | £ilber epaanstafs tami terniationrs.
However, o L ladet 3P4 At e 2 WYY, PLRSEH Sl Yl B Riroduces
energy estimates E, from these parameters instead of signal s(n).
This process will now be described with reference to Fig‘. 4.

Since the actual signal s(n) is not available in the decoder, the
autocorrelation coefficients acf(k) are calculated from the
reflection coefficients that are part of the parameters transmit-
ted from the encoder in the transmitter. This is done in
calculating means 68. After delaying the calculated autocorrela-
tion coefficients acf(k) D frames in delay element 70 the power
spectrum of - the underlying signai s(n) is calculated in element
72. Thereafter the filter coefficients of the corresponding-
inverse filter are calculated in element 74, which also calcu-
lates the quantities

Y . K1

(k) .-;-:'.'g:’a;aiq

where a; are the filter coefficients of said inverse filter and
- K is the order of this filter. The details of the above calcula-
tions are described in for instance GSM recommendation 06.32,
which is hereby incorporated by reference.

In GSM recommendation 06.32 it is also shown that the energy
values E, can be calcdulated in accordance with the formula
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7 perfornmed in the decoder of the receiver. This is illustrated by the
enbodi nent shown in Figure 2. In Figure 2 a bit-stream fromthe channel
is received on input line 30. This bit-streamis decoded by channel decader

32. Channel decoder 32 outputs filter paranmeters and excitation

par anet er s.

The filter and excitation paraneters arﬁﬁiormarded to a speech detector 34,

whi ch anal yzes these paraneters to determ ne whether the signa

t hat woul d

be reproduced by these paraneters contains a speech signal or not. The
out put signal -S/B of speech detector I s Quer, signal, discrimnator 24
§ i i*chlal® (i)

forwarded to a paraneter ﬁ%dff?%ﬂ)%ﬁf es the fi

[ter

par anet ers. I n accordance with swedish pafent application 93. 00290-5, if

speech detector 34 has determned that there is no speech signal

present ‘in

t he recei \tadsscghat}apioanes eriaftad Ain3blesks 36 reOrRcarddie EBSEPYNEsiNHS ar
to the ”P%iefe}'xcabﬁgﬂngér{:ﬂé NBéndin Dag BWIs Bu]i feiogr 628aRd &4 JsHie perfidrma

speech Sl%g% sggepggigggogg as in the embodiment of Figure 3.

Since the autocorrelation coefficients acf (k) are also calculated
in the encoder of the transmitter, it is appreciated that an
embodiment similar to the embodiment of Figure 4 can also be used
in the encoder.

In order to save further memory a leaky integrator filter can be
used instead of mean value calculator 62. Such a filter also
smooths the output signal to comparator 64.

In the above description the sampled output from counter 60 was
used to form a mean value for a stationarity decision. However,
it is also possible to integrate |AE,| directly to form a test
variable for comparison with «.

In some situations when it has been determined that a certain
frame contains non-stationary background sounds, it is preferable
to slightly raise the stationarity limit y to prevent decisions
for later frames from.switching back and forth between "station-

~ary" 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 ¢ is lowered again.
This technique is called "hysteresis".

Another preferable technigque 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" may be
combined. .



nodi fication occurs. The possibly nodified filter paranmeters and the
excitation paraneters are forwarded to a speech decoder 38, which produces
a synthetic output signal on line 40. Speech decoder 38 uses the excitation
paraneters to generate the above nentioned source signals and the possibly
nodified filter paranmeters to define the filter in the source-filter nodel.
Figure 3 shows a bl ock diagramillustrafi?ng a preferred enbodi- ment of the
signal discrimnating process of the present i i id ralsenthe
descri pti &en furshesdghkaikshan FHFSPB$8%%§SH|‘ S‘%\ég’? %ggre?d;’r%tﬁﬁcﬁ ni_nat or
24 of Fi gunirehtibnsehbTbARcal opradrancinyvebe (NRPENAA @Ayhe SPLhSe t he
out put signal S/B from speech detector 16. Signal S/IBis forwarded to a
switch SW |f speech detector 16 hasg determi.ned t.ha i SHadt) 3ilodsns
primarily Bpeswdd, basundersnagd Pya tﬂ‘e”llrl(ﬁ(/\a/erﬁpt&sr% %{oy#, in whi cht%asse
si gnal S/ Budei diiatdiohed adia etidngeso naye hritpage dio dihg MERFER%H ADEYOn

Fi gure 1.

; the spirit and scoPe ithetiegfal which is
contains pPRTREYS \PIRAFEF NG 20unds .smtch SWis in its upper position,

whi ch act i deftisxed hy dihsc eppeRgedoflaims -
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process. Signal s(n) is forwarded to a delay neans 50, which delays the
signals s(n) D franes, where Din a typical case is 4- 5 franes. The
del ayed signals reach a spectrum anal yzer 52, which deter- mnes the
spectrum of a signal vector conprising the sanples of a predeterm ned
nunber of signal frames, for exanple 4-5 signal franes. Thereafter the
inverted spectrumis calculated Fromthi8 inverted spectrumfilter
coefficients of an inverse filter are calcul ated. These coefficients are
forwarded to an inverse filter 54. Th8PBEYB&Xty of inverse filter 54 is
such that if a signal corresponding to signal s(n-D) is forwarded to its

| nput, 11s v Wl boBE B8l ¢ %L éhaﬂa a%hétaﬁérghgategoare sifidal! ed

mhlte (n0|%g gg containing the sane
unber of S|gna ranes as S|gna vector s(n [» |s forwarded to inverse

f||ter 54. |If this signal has the same spectral distribution as signal

s(n-D), inpaoeeDiREt FLspdctiidlCotpemrisdnyrit white noise. If signal s(n) has

anot her spectral disgFL&w0i on a di fferenteaiAgfOldtivde,result frdmfiltgr

54, The output of EFLraylb54 is forwar REPLACEVEREIRIEREf or dalléul at - {i ng

the energy of its |ngﬁ¥tg¥%ﬁhl Prefera5$ %he out put vector f nverse
filter 54 is nor ¥@R the input? %(p) to make th IQQF al ue
E[err] independefBRofEERE i nput signal® |l eant
VAR
i : : Integer;
difference,dm : Real;
BEGIN
IF ZFLav0[0,0] <= 0 THEN BEGIN
dm :=0;

END ELSE BEGIN
dm := ZFLravl [0] *Z2FLav0({0,0];
FOR i := 1 TO nrOfAcflagsUsed DO
dm := dm + 2.0*ZFLravl([i] *ZFLav0[0,i];

dm := dm/ZFLav0[0,0];
END;

difference := dm - ZFLlastDm;
Zstat := ABS(difference) < ZFLthresh;
ZFLlastDm := dm;

END;
PROCEDURE FLvadThresh (
ZFLacf : realAcfVectorType; In
Z¥Lravl :+ REALACFVECTORTYPE; In
Zstat : Boolean; In
Zptch : Boolean; " In
ZFLpvad : Double; In
VAR ZFLstatCount : Integer; In/Out
VAR ZFLadaptCount : Integer; In/Out
VAR ZFLthvad : Double; In/Out
VAR ZFLrvad : REALACFVECTORTYPE), In/Out
VAR
i : Integer;
CONST
pth = 300000;
plev = 800000;
. fac = 3;
adp = 8;
inc = 16;
dec = 32;
margin = B80000000;
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The energy values E[err] are forwarded to a (discrete) differentiat- ing
circuit 58, in which the magnitude of the difference [err]E err] between
the energy value E[err] of the present frame and the energy value E[err] of
the previous frame is formed and conpared to a fixed threshold ST. If said
magni t ude exceeds the threshold ST the _spectrumof the input signal is
changing nore rapidly than if the nagnﬂﬁhde I s bel ow said threshol d.

9 The o fromdifferentiating circuit 58 is forwarded to a counter 60,
whi ¢h count's fRgoAunet @ ARPNEBeUELYENS F #ERS BEc¥li ch the magni tude of the
difference in eng@aptalovati s=bel;ow ST. Wien ST is exceeded counter 60 is
sanpt ed and t hemaidagiCounget:=t 0;zero. Thus, the output of counter 60

i ndi‘cat es hovENt RLSENB/EEIN signal is by counting the nunber of consecutive
frames in whi clERiasiapticouat| ow QEéédaBtcehahge.lﬂhe out put of counter 60
can be char act &ELsS@tEouRtdi:gi EHLSEaFSerBte} 3aw tooth signal from which

only the the t val ues have been_sganpl| ed. wever, the output of counter
60 is not suitg%ié%g?dﬁpﬁ§§¥32e>oﬁa§tg BnBFFLY of a signal, since this
output is too “”%&&mﬁ%adlQit%%ﬂth@ﬁdoQtBHLtRLa&?HQE?r 60 is forwarded to a

nean val ue

IF ZFLthvad < ZFLpvad*fac THEN
ZFLthvad := MIN(ZFLthvad + ZFLthvad/inc, ZFLpvad*fac) ;

FOR i := 0 TO nrOfAcflagsUsed DO
ZFLrvad[i] := ZFLravli{i];

IF ZFLadaptCount > 100 THEN
ZFLadaptCount:= 100;

IF ZFLstatCount > 15 THEN
ZFLstatCount:= 0;

IF ZFLthVad < 245760 THEN
ZFLthvad := 245760;

END;
END;
END;
PROCEDURE FLstatDet (
ZFLsp _ : Boolean; In
ZFLadaptCount : Integer; In
ZFLminThresh : Real; in
ZFLmaxThresh : Real; In
VAR ZFLoldadapt : Integer; In/Out
VAR ZFLstatCount : Integer; In/Out
VAR ZFLcountFilter : Real; ' In/Out
VAR ZFLprelNoStat : Boolean) ; ' In/oOut
VAR .
i : : Integer;
oldNoStat : Boolean;
BEGIN

oldNoStat := ZFLprelNoStat;
ZFLprelNoStat := ZFLsp;

IF NOT ZFLsp THEN BEGIN
IF ( ZFLstatCount = 0 ) AND ( ZFLoldAdapt > O } THEN BEGIN

ZFLcountFilter := 0.95*ZFLcountFilter + ZFLoldAdapt;

END;
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calculator 62 in which a nean value M of a predeterm ned nunber of counts,
for exanple 32, is calculated. This nean value Mis forwarded to a
conparator 64, in which it is conpared to a stationarity limt [err]. If M
exceeds [err] the signal is considered to be stationary. This indicates
that the filter paraneters should be nodified. A suitable value-for [err]
has been found to be 8. If the input Signal s(n) is stationary for a very
long ¢ime counterpfO WAL ki 0L be Spimiethaduh resal the required number of
times (for exan@%gp 21175 PRAL L ongLtanssEdne; previ ous paragraph) for forning
an average Mwithin a reasonable time. For this reason counter 60 may

aut omat i cal | y1bezEpophrtriabter eseZFLhinThhesh rBiRMhed a predet er m ned
maxi mum count, EBLpesdNpbeat5:= Tyuépature that nmakes the preferred

enbodi ment of the invention in accordance with Fig. 3 so attractive is that
most of theENQacti ons perforneg by the blocks in Fig. 3 are in fact already
per f or med b¥FLRECBEEBEN: or 2FHR %pgg??ﬁ?fy detector itself. Thus, the voice
activity @ctor in accordance with GSMrecomendati on 06.32, ETSI/PT 12
al ready perforns the functions of blocks 50, 52, 54, 56 and 58. Thus, in a
preferred enbodi nent, where the output signals froma speech detector can
be reused, signal discrimnator 24 only has to receive the signal S/B and
t he decisions of an el enent corresponding to differentiating circuit
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10 58 in speech detector 16 in Fig. 1. Discrimnator 24 would then
conprise only counter 60, nmean val ue cal cul ator 62 and conparat or 64.
Anot her solution would be to use the differentiated energy estinmates

[err]E[err] directly as an input to signal discrim natisshefHagBeen Riplate'@s

been indicated in Fig. 2. In fact, inlzig. 2 it is nece -
sonet hing el se than the signal s(n) as®n | nput to sign H!I‘”mm"}r
24", .since signal s(n) is not avail ghlg\gn the receiver. ilter

paranmeters and excitations paraneters are avail abl e. However, speech
detector 34 produces energy estimates E[err] fromthese paraneters instead
of signal. shn)metHicd pEOCESSc¥ihinavinde wasatdrbedtutibnaeferantenba-Fi g.

4. Singe, t.h ctual_signal : { | I | d e

it ocor FEERCR Fodi i S onbatbind el | ERpfeplalifin CSEEToMnEC

coef f i cisavmgist hnt a arebiks (rasfiq Fempenieatdrs syYahewi tcharrYeimach®yYencoder
in the transmtter. This is done in calculating neans 68. After delaying .
t he cal C(J| at ed tocorrel a- ti%)r]f.coeg fici erg:t %.g’(e:félk% Drf rarr“__psr(__‘isrtla (%elnay

el ement P the pOREPEpBcEFUM o RS TORES VAT ST ERRI ST BRS¢0 at ed
in element 72. Hpectaxbilechengesi inesaddeffivopdat Srom fhame oo cipamedi ng
inverse filter are calculated in elenment 74, which also calcu- |ates the

titi
quant i |(ebs)

forming a second measure of the rate of spectral change
of said signals from said first measures; and

(c) determining whether said second measure exceeds a
predetermined stationarity limit vy.

2. The method of claim 1, characterized in that forming each of
said first measures includes the steps:

(ai) determining the spectrum of a first signal vector con-
taining samples from a first time window of consecutive
signal frames;

(a2) determining coefficients of an inverse filter represen-
ting the inversion of the spectrum obtained in step
(al) .

3. The method of claim 2, characterized in that forming each of
said first measures includes the furher steps:

(a3) feeding a second signal vector containing samples from
a second time window of consecutive signal frames
through said inverse filter,'said second time window
having a predetermined time displacement relative to and
the same number of frames as said first time window;

(a4) determining an energy value of the output signal vector
from said inverse filter.

R 0] R I!II |



[err] (k) = [err]alerr]alerr] where aferr] are the-fidter—coefficients of
said inverse filter and Kis the order of this filter.

above cal cul a- tions are described in for i nst ance?
06. 32, which is hereby incorporated by reference. I

06.32 it is also shown that the energy val ues E[err] 3 ed in
accordance with the forrrula E[err] = r(0)acf
(0) + 2[err£ ‘gl % This c cuI atlon i8S per‘__%]f3 d |nnbl O%lé 76 Once
the enefgy TBPel? hﬂ%s°%e%%ab‘5t?af NP EHE SR cES™B89552E2%End 64

can per saith £hessaneasunes i bnslades rtheheﬁuaﬁimdlsterpts :of Figure 3.

(a3) forming the autocorrelation coefficients of a second
signal vector containing samples from a second time.
window of consecutive signal frames, said second time
window having a predetermined time displacement relative
to and the same number of frames as said first time
window;

(a4) forming an energy value in accordance with the formula

X-1
E, = r(0)acf(0) + 2Y r(i)acf(i)

i=l

where acf(i)_are said autocorrelation coefficients,
K is the number of filter coefficients of said inverse
filter, and

X-1

r(i) =Y aja;,
3=

where a(j) are the coefficients of the inverse filter.

5. The method of claim 3 or 4, characterized by the further step
of

{as5) forming the magnitude of the difference between consecu-
tive energy values to represent said first measure.

6. The method of claim 5, characterized by the further steps of

(b1) determining the number of consecutive first measures ob-
tained in step (a5) that do not exceed a predetermined
threshold value;

(b2) repeating step (bl) a predgtermined number of times;

(53) forming the mean value of the numbers obtained in step

R O O
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SI nce the autocorrelation coefficients acf(k) are al ggngah I,_,gggge,{ﬁe gyg,

encoder of the transmtter, it is appremated that an e
t he enmbodi nent of Figure 4 can also be used in the enco "m H to
save further nenory a |l eaky integrator filter can be us an

val ue cal cul ator 62. Such a filter al s snooths the output signal to
conpar at or 64. In the above description the sanpled output from counter
60 was used-to f&h &%fkaPAaltife HeRTr st SPARaFPEPREeRRERPBRE - However, it
is also possible to integrate [err] dlrectly to forma test varlable for
conpari son t @‘g% ed
thg}[) a c'ga)rt{giyl1 %?é%rr%é%son %%]ngfé;%%ﬁgjt atlo r acﬂ ound sounds, |tﬁBI{]
preferam@aﬁﬂ@r@%ht‘-}?mﬁﬁl Gontad ndmg | Eh%“? 5 |rqp|r1esre§,t|a.pgt P laEAHNd

deci si ongodts lidt ar mbbanesrid Do cornnatii dxy fmc lsystdn| othlraet setned Byt i on-
ary" and "non-stationary”. Thus, if a non-stationary frame has been found
it wll be easier for the foIIovm ng franes to be classified as

non- st atfahary ameams | (SQherP2a sthii BRar b8 r ah®, eV8nt A y7#s fIG®IndfQthe

stationarity |ingdrhfid la iset! @\ﬁemésegabﬂsecmwvé Q@éa&ﬁ@s | QECR! +&flre-
"hysteresis". Anot her %gﬁefe techm ue_is."hang gver_means

that a certain &HsSh r&?ﬁrﬁ R off%?Haf "G 3t at

| east a certain fxaryer of frarres for.exanple 5 franmes, to

{b) means (60, 62) for forming a second measure (M) of the
rate of spectral change of said signals f£rom said first
measures (AE,); and '

{c) means (64) determining whether said second measure (M)
exceeds a predetermined stationarity limit 7.

8. The apparatus of claim 7, characterized in that said means for
forming said first measures includes:

means (50, 52; 68, 70, 72) for determining the spectrum of a
first signal vector containing samples from a first time
window of consecutive signal frames;

means (52; 72) for determining coefficients of an inverse
filter (54; 74) representing the inversion of said spectrum.

9. The apparatus of claim 8, characterized in that said means for
‘forming said first measures also includes:

input means to said inverse filter (54) for feeding a second
signal vector containing samples from a second time window of
consecutive signal frames through -said inverse filter, said
second time window having a predetermined time displacement
relative to and the same number of frames as said first time

window;

e
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becone final. Preferably "hysteresis" and "hangover" may be conbi ned.
12 For further details on the process in accordance w thisisheetiHae Beeri Replacec

i nvention the Pascal programin the APPENDI X can be consul be
understood by those skilled in the art that various nodifi
changes may be made to the present invention w thout depar mthe
spirit and scope thereof, which is defPned by the appended cl ai ns.
13 _

means (56) for determining an energy value (E,) of the output

signal vector from said inverse filter (54).

10. The apparatus of claim 8, characterized in that saild means
for forming said first measures also includes:

means (68) for forming the autocorrelation coefficients cf a

second signal vector containing samples from a second time

window of consecutive signal frames, said second time window

having a predetermined time displacement relative to and the

same number of frames as said first time window;

means (76) forming an energy value in accordance with the

formula

K-1
E, = r(0)acf(0) + 2 r(i)acf(i)
' i=1

where acf(i) are the autocorrelation coefficients,

K is the number of filter coefficients of the inverse filter,

and '

X-1 »
r(i) =Y ajza;.,
j=o0

where a(j) are the coefficients of the inverse filter.

11. The apparatus of claim 9 or 10, characterized in that said
imeans for forming said first measures also includes

i means (58) for forming the magnitude of the difference between
consecutive energy values to represent said first measure.

112. The apparatus of claim 11, characterized by
counting means (60) for counting the number of consecutive

first measures obtained from said magnitude forming means (58)
that do not exceed a predetermined threshold value;

-

) O Y



APPENDI X {Wher ever possible variable and constant nanes are simlar to
names used in GSMreconendati on 06. 32 } PROCEDURE FLspectral Conparison2 (

ZFLavO . > real Acf Ol dt ype; {In } ZFLr avl
. REALACFVECTORTYPE; {In } ZFLt hresh : Real ;
{In } VAR ZFLI| ast Dm : Real ; {In/Qut}
VAR Zst at : Bool ean) ; 20 A Qut } VAR i
. I nteger; —di fference dm Real; BEG@N |F
ZFLaV0[ 0, OfneansO£FHENBEGNY and gasetbing saN© CoYptapg RPans gpph Lime
ZFLravl [ 0] "sZKlea leBelbirminedFERreshold J&Lae Chéefbegs Useckdded; dm : =dM
+ 2.0* ZFLravl[i]*ZFLav(g 0, i]; dm: = dm ZFLav( 0, 0] ; END;

differe nce := dm- ZFLI| ast Dm Zstat = ABS(dlfference < ZFLt hresh;
means (62) for forming the mean value (M) of the numbers’

obtained from said counting means (60) to represent said

second measure.

s Sheet Has Been Rerlacec
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ZFLI astDm : = dm END; PROCEDURE FLvadThresh ( ZFLacf

: real Acf Vect or Type; I n ZFLravil

: REALACFVECTORTYPE; I'n Zst at : Bool ean;

I n ~ . Zptch : Bool ean; N In '
ZFLpvad : Doubl e; I'n - VAR -ZFLst at Count
1 nteger; I n/ Qut VAR ZFLadapt Count I nteger;
I n/ Qut VAR ZFLt hvad : Doubl e; : I n/ Qut
VAR ZFLrvad : REALACFVECTORTYPL ; In/Qut VAR i
:Integer; CONST pth = 300000; pl ev
= 800000; .fac ABSTRACT = 3; adp

= 8,  INHISCRIMINATING BETWEEN STATIONARY &ONON_$BLTIONARY SIGNALS

= 32; nargrmn =—80000000;

Signal frames containing background sounds in a mobile radio
communication system are tested for stationarity. Consecutive
measures AE, representing spectral changes in said signals from
frame to frame are formed (50, 52, 54, 56, S8). From these
measures a second measure (M) of the rate of spectral change are
formed (60, 62). Finally it is determined whether this second
measure (M) exceeds a predetermined stationarity limit ¢y. If this
is the case the signals are considered stationary.

(Fig. 3)

-_
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14 BEGQ N | F NOT (Zstat AND NOT Zptch) THEN BEG N ZFLadapt count

0; ZFLst at Count 0; - END ELSE .BEG:N ZFLadapt count -

ZFLadapt count + -1; ZFLst at Count ZFLst at Count + 1; I F
ZFLadapt count > adp THEN BEG N ZFLt hvad : = ZFLthvad - - .
ZFLt hvad/ dec; | F ZFLt hvad pvad*fac THEN ZFLt hvad : =
M N( ZFLt hvad + ZFLt hvad/i nc, ZFLpvad*f. c?; FORi :=0 TO -
nr O Acf | agsUsed DO L Zg&rvad[l] .= ZFLravl [i];

ZFLadapt Count > 100 THEN N ZFLadaptCDunt = 100; '

ZFLst at Count g 15 THEN ZFLst at Count : = t/zﬁ_t hvad <
245760 THEN ZFLt hvad : = 245760,
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END; END; END; PROCEDURE FLst at Det (- ~ ZFLsp
Bool ean; I n ZFLadapt Count . I nteger;
In ZFLm nThresh . Real ; In )
ZFLmaxThr esh . Real ; y I n VAR ZFLol dAdapt
| nt eger; ] I n/ Qut ZVKFBZFLst at Count | nt eger;
In/Qut - VAR ZFLcountFrlter : Real; I n/ Qut
VAR ZFLpr el NoSt at . Bool ean); In/Qut VAR i g’z
. Integer; ol dNoSt at : Bool ean; BEG N
ol dNoStat .= ZFlprelNoStat, __ZFlprelNoStat := ZFLsp; _ _IFE _NOT ZF¥sp THEN
BEA N {F ( ZFLstatCount = 0 ) AND ( ZFLol dAdapt > 0 ) THEN BEHA N
ZFLcount Fi :I ter 0. 95*ZFLcount Fi | ter+ ZFl ol dAdapt : END |
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15 . |F ZFLcountFilter < ZFLmaxThresh THEN ZFLprel NoStat =

ol dNoSt at ; LF ZFLcountFilter < ZFLm nThresh THEN : _mZFLpLelNoStaI
.= True; END;, ZFLol dAdapt ZFLadapt Count ; END; -
16 CLAIMS 1. A nethod of discrimnating between stationary. and non-

stationary franmes containing signals.representing background

3/3

Fig. 4
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(a) forming a set of first consecutive measures representing
spectral changes in said signals from frame to frame;

(b) forming a second measure of the rate of spectral change
of said signals from said first measures; and

_ (c) determining whether said second measuré exceeds a
“S;u}f predetermined stationarity limit ¢y.

2. The method of claim 1, characterized in that forming each of
said first measures includes the steps:

{al) determining the spectrum of a first signal vector con-
taining samples from a first time window of consecutive
signal frames;

(a2) determining coefficients of an inverse filter represen-
' ting the inversion of the spectrum obtained in step
(al) .

3. The method of claim 2, characterized in that forming each of
said first measures includes the furher steps:

(a3) feeding a second signal vector containing samples from
a second time window of consecutive signal frames
through said inverse filter, said second time window
having a predetermined time displacement relative to and
the same number of frames as said first time window;

determining an energy value of the output signal vector
from said inverse filter.

This is the replacement sheet
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(a3) feeding a second signal 'vector containing sanpl es fr-om

second tinme w ndow of consecutive signal franes ough said i nverse '
filter, said second tine w ndow havi ng a predet er ee" Re 'acef
di spl acenent rélative to and t he sanme nunber of fra u

time w ndow, . an (a4)

energy val ue of an out-put signal vectory fromsaid inverse fil ter

17 4. The nethod of claim2, characterized in that form ng each of said
first medasufbe methodesft bkaim 2, chbaepsterifed)in ttlznr nfoxgnirige each of
aut 0cor r el3y emrsee{n&agwegs1ﬁéledé§cegg furher stk vector contai ning

sarrpl es froma second ow o consec t| ve signal franes,

said second tine wi ndow having a predeterm ned tine displacenent
rel ative (a3) foamdndg ttlite Sateorvrielaeliohr eEfAcvienitd fof Sk tsatond
wi ndow,

signal wvector containing samples from a second time
window of consecutive signal frames, said second time
window having a predetermined time displacement relative
to and the same number of frames as said first time
window;

(a4) forming an energy value in accordance with the formula

K-1
= r(0)acf(0) + 2 r(i)acf(i)

I=]

where acf (i) are said autocorrelation coefficients,
K is the number of filter coefficients of said inverse
filter, and

K-1

r(i) =Y ajay,
JF=0

where a(j) are the coefficients of the inverse filter.

-

5. The method of claim 3 or 4, characterized by the further step
of

(a5) forming the magnitude of the difference between consecu-
tive energy values to represent said first measure.

6. The method of claim 5, characterized by the further steps of

(bl) determining the number of consecutive first measures ob-
tained in step (a5) that do not exceed a predetermined
threshold value;

(2%_)_ repeating step (bl) a pred.e'termined number of times;

(b3) forming the mean value of the numbers obtained in step
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(a4) form ng an energy value in accordance with the fornul a

E[err] =r (O acf (O +2[err]r (i) acf (i) where acf(i) are said
aut ocorrel ation coefficients, Kis the nunber of filter
coefficients of said inverse -fi-lter, and

r(i) =[err] aferr]alerr] : where a(j) are the coefficients of the
I nverse filter. 5. The method of claim3 or 4, characterized by the
further step of (a5) form ng the méghi tude of the difference between

consecu- 13 ener g)@tal ues to represent said first measure. 6.
The method of -cl a| )ert|°zé'&P5?S?H§ faighEpcepdpreasure(p1)
determ ni ng the nunber of consecutive first neasures ob- tained in

step (ab) 4 haf, dg,als RxceRiL adﬂcetq.%iq{a{gir}féd between stationary and non-
stationary frames containing signals representing background
sounds in a mobile radio communication system, characterized by:

{(a) means (50, 52, 54, 56, 58; 68, 70, 72, 74, 176) for
forming a set of first consecutive measures (AE,) repre-
senting spectral changes in said signals- from frame to
frame;

(b) means (60, 62) for form:x.ng a second measure (M) of the
rate of spectral change of said signals from said first
measures (AE.); and

(c) means (64) determining whether said second measure (M)
exceeds a predetermined stationarity limit 7.

8. The apparatus of claim 7, characterized in that said means for
forming said first measures includes:

means (50, 52; 68, 70, 72) for determining the spectrum of a
first signal vector containing samples from a first time
window of consecutive signal frames;

means (52; 72) for determining coefficients of an inverse
filter (54; 74) representing the inversion of said spectrum.

9. The apparatus of claim 8, characterized in that said means for
forming said first measures also includes:

input means to said inverse filter (54) for feeding a second
signal vector containing samples from a second time window of
consecutive signal frames through said inverse filter, said
second time window having a predetermined time displacement
relative to and the same number of frames as said first time
window; |
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t hr éshol d val ue; (b2) repeating step (bl) a predeterm ned nunber of
tinmes; (b3) formng the nmean val ue of the nunbers obtained in step
18 - (bl) and (b2) to represent said second neasure. 7. An
apparatus for .discrimnating between stationary and non- stationary franes
contai ning signals representing background sounds in a nobile radio
conmuni cati on system charact,erized'b'y:1 (a) neans (50, 52, 54, 56,
58; 68, 70, 72, 74, 76) for forn?ng a set of first consecutive
measur es ([eﬁ%ﬁ&efé&)) £§P s termining 88"khBYgFPEs1kA! (BhaBEeEnENoaRbE:
signals fromftrane to - f?ghe; en .

signal vector from saild inverse filter (54).

10. The apparatus of claim 8, characterized in that said means
for forming said first measures also includes:

means (68) for forming the autocorrelation coefficients cf a
second signal vector containing samples from a second time
window of consecutive signal frames, said second time window
having a predetermined time displacement relative to and the
same number of frames as said first time window;

means (76) forming an energy value in accordance with the
formula

K- '
E, = r(0)acf(0) + 2 r(i)acf(i)

i=l

where acf(i) are the autocorrelation coefficients,

K is the number of filter coefficients of the inverse filter,
and

X-1

(i) = 3 aja;.,
=0

where a(j) are the coefficients of the inverse filter.

11. The apparatus of claim 9 or 10, characterized in that said
means for forming said first measures also includes '

means (58) for forming the magnitude of the difference between
consecutive energy values to represent said first measure.

12. The apparatus of claim 11, characterized by

"counting means (60) for counting the number of consecutive
first measures obtained from said magnitude forming means (58)
that do not exceed a predetermined threshold wvalue;
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(h) means (60, 62) for formng a second reasure (M of the rate

of spectral change of said signals fromsaid first nmeasur es
([err]E[err]); and (c) means (64) determ ning whether said second
measure (M - . exceeds a predetermned stationarity limt [err]. 8.
The apparatus of claim 7, characterized in that said neans for formng said
first neasures includes: means (50,. 52; 68, 70, 72) for determ ning i
the spectrum of a first signal veci@r containing sanples froma first
time wi ndew of consecutive signal franes; means (52; 72) for

det er ni ni neeaneffdcsenpding amd ivessatddng shilkdt epufiBing Myanw gacbehinag t he
i nversion of; $ 3t AAGGIIIHBA thresHA ARRANE Y LbdePidRc@egedar acteri zed in
that said neans for formng said first neasures al so includes: i nput
means to said inverse filter (54) for feeding a second si gnal vector
cont ai ni ngnesamp| ¢62j r dora fmowity t the weaowalue (Mondcutheengingess
frames throuoly Sa4 dng%ﬁers%&J'&B&ﬁuﬁ&' theansS€¢66f tt'o”eréi&f'l?é&%ﬂ"aghﬂﬁ a

predeterm ned t| ne displ acenent
second measure.
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relative té and the same nunber of frames as said first tine wi ndow;

19 means (56) for determ ning an energy value (Eferr]) of the output
signal vector fromsaid inverse filter (54).- 10.  The apparatus ofclaint -
8, characterized in that said neans for formng said first neasures al so

i ncl udes: . means (68) for form ng the autocorrel ation coefficients of a
second signal vector containing sanples froma second time" °~ w ndow of
consecutive signal franmes, said second tine w ndow havi ng a

predeterm ned tine displacenent relati.ve to and the sanme nunber of
frames as said first tinme w ndow, %¥eans (76) forming an energy val ue

I n accordance with the formul a ABSTRACT

DISCRIMINATING BETWEEN STATIONARY & NON STATIONARY SIGNALS

Signal frames containing background sounds in a mobile radio
communication system are tested for stationarity. Consecutive
measures AE, representing spectral changes in said signals from
frame to frame are formed (50, 52, 54, 56, 58). From these
measures a second measure (M) of the rate of spectral change are
formed (60, 62). Finally it is determined whether this second
measure (M) exceeds a predetermined stationarity limit y. If this
is the case the signals are .considered stationary. '

(Fig. 3)
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Uposlé-v P

Eletr] =r(0)acf(0) + 2 [err] r(|)acf(|) - Wher exEEfACHENE s o
autocorrel ation coefficients, K'i's the nunber B st iﬁ@efﬁl C|,§q{n§w@f .
the inverse filter and o e g) Zokek Th to %ﬁ”.yﬂ
alerr]alerr] where a(j) are the coeff|C|ents g

h%i,hnwe‘ps@ f't} 1’5 (d .....

%LgrmTES 22%"““&'“’“]““ mmalogo Incfngggcterl Zﬁgar{s (SZ‘; ?gjr“d%{o'r"%pﬁ """

magni t ude of *thé& dtff'erencé bet ween CLMM§ecuté| ve, energy_val ues tz?[z[‘tf
represent said first neasure. 12. The appar atius=af “ctaiatgfl - &LL5...

characterlzed b count i neans (J counting the nunber
consecuti¥ f\q‘\ertgf’dneagur%‘sg ’?5} %ﬁ%ﬁ’e&%ﬁﬁg{:ﬁaé‘%r rﬁ“ﬂ‘a rﬂé%{hs
(58) t!sleat:dnmarm Exaaed ac:pnealenmgm rgrnairseshepdesahtidng background

sounds in a mobile radio communication system, characterized by:

(a) forming a set of first consecutive measures representing
spectral changes in said signals from frame to frame;

(b) forming a second measure of the rate of spectral change
of said signals from said first measures; and

{c) determining whether said second measure - exceeds a
predetermined stationarity limit 7. ’

2. The method of claim 1, characterized in that forming each of
said first measures includes the steps:

(al) determining the spectrum of a first signal vector con-
taining samples from a first time window of consecutive
signal frames;

(a2) determining coefficients of an inverse filter represen-
ting the inversion of the spectrum obtained in step
(a1) .

3. The method of claim 2, characterized in that forming each of
said first measures includes the EEEEEE steps:

{a3) feeding a second signal vector containing samples from
a second time window of consecutive signal frames
through said inverse filter, said second time window
having a predetermined time displacement relative to and
the same number of frames as said first time window;

an

(aq) determining an energy value of &hke output signal vector

from said inverse filter.
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20 .neans for——sanpl+ng—and—+esetting said counting neans each tinme said

the neah val
represent sai

predet er m neq

I has been exceeded,; means (62) for formng
ﬂl 13 E@d’@‘)ers obt ai ned__.from said counting neans (60) to

17

4. The method of claim 2, characterized in that forming each of

r
said first measures includes the %ﬁ%ﬁgélsteps:

(a3)

(a4)

of

(a5)

=

forming the autocorrelation coefficients of a second
signal wvector containing samples from a second time
window of consecutive signal frames, said second time
window having a predetermined time displacement relative
to and the same number of frames as said first time
window;

forming an energy value in accordance with the formula

K
E, = r(0)acf(0) + 2) r(i)acf(i)
=

where acf (i) are said autocorrelation coefficients,
K is the number of filter coefficients of said inverse
filter, and

X-1

(i) =Y ajaj,
5=

where a(j) are the coefficients of the inverse filter.

5. The method of claim 3 or 4, characterized by the further step

forming the magnitude of the differxrence between consecu-
tive energy values to represent said first measure.

6. The method of claim 5, characterized by the further steps of

(bl)

(b2)

(b3)

determining the number of consecutive first measures ob-
tained in step (a5) that do not exceed a predetermined
threshold wvalue;

repeating step (bl) a predgtermined number of times;

forming the mean value of the numbers obtained in step
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