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| NVENTION 5 The present invention relates to a nmethod of reconstructing a
speech si gnglq bhalsghad been transmitted over a radi o channglerspagogsedi 0
channel transmts either fully anal ogous iIspeech information or digitally

encoded speech jnfor .0 | att e,..h e
speech infornallf%?%Pg%t M@M%& REQ ﬁggﬁggr gﬁlgﬁégé%%@]ng in
other words, it is not assuned thatSRERCH BIZE@NAL nf or mati on has been
processed in a linear predictive speech encoder on the transmtter side.

—

More specifically, the invention relates to a nmethod for 15 recreating
from a receirEslLspFedyveENgmeN t hat may possibly have been subjected to
di st ur bances, such as noise, interference or fading, a speech signal

wi t'h fwnich the effects of these disturbances have been mninimzed. 20

The i nventi I rel at : ’ I\ od.
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transni ssi onspexch diiginkal thetl haddessm infarsmitted bvem a radbsnthdmiel o a

recei ver to encode_and decode on the transmtter side and_to decode the
speech i nf orTht i 5AGER tog‘é"’F‘Sgeit\F@nsﬁl&é | i She%r dRkdE ARl ogoMsgaReech

predi ctive mnaifighatiBe CkPEigikhDeHr eREEELE! E¥EeRIL RS rdst &h. In this
10 latter case, however, the speech information is not speech
encoded with linear predictive coding; in other words, it is

not assumed that the speech information has been processed in

a linear predictive speech encoder on the transmitter side.

More specifically, the invention relates to a method for

15 recreating from a received speech signal that may possibly
have been subjected to disturbances, such as Tnoise,
interference or fading, a speech signal with which the

effects of these disturbances have been minimized.

20 The invention also relates to an arrangement for carrying out

the method.
DESCRIPTION OF THE BACKGROUND ART

25 It is known in the transmission of digitalized speech
information from a transmitter to a receiver to encode and
decode on the transmitter side and to decode the speech
information on the receiver side in accordance with a linear
predictive method. LPC (LPC = Linear Predictive Coding) is an

30 energetic method of analyzing speech information, since it
enables good speech quality to be achieved already at low bit

rates. Linear predictive coding, LPC, generates vreliable



30 .. wepergetic nethod of analyzing speech information, since it enables
good’ speeth quality to be achieved already at |ow bit rates. Linear
predlctlve codi ng, LPC, generates reliable WO 97/ 38416
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rate speech traffic c anne

contributi onhis gueingoremables tHéGﬂélﬁan@&c&d&éra h’bdeéhcatgﬁﬁx ivhlichFr ame
Erasure 15 Conceal nent " AT&T, February 1995, based on the standard
G 728, " CoBRYighsVeskhessh tzgnepikbpd Byi 7gdigwiog dpstansae ES?CFPEHeEFnear
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procedures o For 1 nstance Patent S cation 5,
t eaches a transmission and to conceal other types of error. The methods

10 of frame substitution and error muting or suppression
described in Draft GSM EFR 06.61, “Substitution and muting of
lost frames for enhanced full rate speech traffic channels”,
ETSI, 1966, and ITU Study Group 15 contribution to question
5/15, “G.728 Decoder Modifications for JFrame Erasure

15 Concealment”, AT&T, February 1995, based on the standard
G.728, “Coding of speech at 16 kbps using Low Delay - Code
Excited Linear Prediction (LD-CELP}¥, ITU, Geneva, 1992 can
be mentioned as examples of procedures of this kind. For
instance, U.S5. Patent Specification 5,233,660 teaches a

20 digital speech encoder and speech decoder that operate in

accordance with the LD-CELP principle.

lecause speech information is encoded in accordance with
clternative coding algorithms, such as pulse code modulation,
25 BCM, for instance, it is known to repeat the preceding data
w>rd when an error occurs in a given data word. The article
“Waveform Substitution Techniques for Recovering Missing
Speech Segments in  Packet Voice Communications”, IEEE
Transactions on Acoustics, Speech and Signal Processing, Vol.
30 AS3P-34, No. 6, Dec. 1986, pp. 1440-1447 by David J. Goodman
et al, describes how speech information that has been lost'in

a ?CM transmission between a transmitter and a receiver is



20 digital speech encoder and speech decoder that operate in
accordande with the LD CELP principle. Because speech information is
encoded in accordance with alternative coding al gorithnms, such as pul se

code nodul aty,88y3gits PCM for instance, it is known to gEapnamtodsbe
precedi ng data word when an error occurs Bn a given data word. The article
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Acoustics, Speeghcesd SighalarliesesecafveNointStmation ASSP-34, No. 6, Dec.
1986, pp. 1440-1447 by David J. Goodman et al, describes how speech
information that has been lost in a PCMtransm ssi on between a transmtter

and a recei Vgé irtg%?acée/é%egwo ﬁg&fstems in . alhich s n?Ch info tion is

PCT/ SE97/ 005 on ecelver side wth ornetlon at has been

extragted fresagastéer i eseiorthnicel aiaht hdaptivie t AEE fasmafals pall €8s cble
whi ch speech information is 5 mpdul at ed in accordance with adaptive
di fferential mporsatépde MUY atFieradpmgihogds, arg knawmo forasurRESRALIPSY

suppressing grigrs ang resldiehin *H'%%%&?A a {ﬁ é&’ "‘{?ﬁ‘ Lt

state in dECO%I ng f%q’t ers |slrmé{| gi eci'. zu]kigﬁ jdl .&%u’bo aélgée:g%r?g% I n

the article, stAt¥oisie Teaodimgsifdlt@ral ity modifiedl Ny .Ooveaeaki Sehehest or

Personal Communi cati.on Systens - Super Miute _Schene" NTT W.rel ess_Systens

Labor at ori esf(ub%ﬁ. deg{grmbe in the axticle, “A Voice Transmission Quali Y

10 Improvement Scheme for Personal Communication Systems - Super

Mute Scheme”, NTT Wireless Systems Laboratories, Vol. 4,
1995, pp. 713-717, a method of damping the received signal in
the ADPCM transmission of speech information when data has
been transmitted erroneously.

15
SUMMARY OF THE INVENTION

The present invention provides a solution to those problems
that are caused in analog radio communications systems and in
20 certain digital cordless telecommunications systems, such as
DECT (DECT = Digital European Cordless Telecommunications),
in which the radio signal is subjected to disturbances. The
clicking sound that occurs when a received analog radio
signal becomes too weak and is deluged in noise, for instance

25 due to fading, is an example of one such problem.

The clicking and “bangs” that are generated when repeating a
preceding data word in a digitalized speech signal due to
registration of an error in the last received data word is an

30 example of anothexr problem.



1995, . pp. [713-717, a net hod of danping the received signal in the ADPCM
transni ssion of speech I nformati on when data has been transmtted
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solution toh pfoblems that are caused in analog radio é&g&ions
systens and I n 9?8“ certa| n digital coadless tel ecormum%a | 7 yst ens,

such ‘as DECT_ ( Eur opean Cordl ess Tel econmuni cations), in

whi ch the rafid2 EE'S’FBW&IP %b &b SSEF D s tinsgreediophshati @r%icngswhﬂu :
t hat occurs e S beco Log we
del uged in néoo?ggca%ggal lr% g%%%%gg gﬁgé% g?gﬁ%]‘d?%g, ug? ante §RBFSSS?3one

such probl enbedaese| thkiexyandateaigsthehabces eegederatrddther Kapaatbey a
pr ecedi ng da,F word in a digitalized speech signal due to registration of
an error in #¥tast received data word is an 30 exanpl e of anot her
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PCT/ SE97/ 00569 4 A further problemconcerns the interruption that occurs

when a receiXecodiinglali zed cipjeeth o gl presmited renttipAr e6Sed beeavse
the error ra%e in the rececived d%ta words is nmuch too high.
rom a received speech signal that may have been subjected to
disturbances during its transmission from a transmitter to a
receiver a speech signal with which the effects of these
10 disturbances is minimized. These disturbances may have been

caused by noise, interference or fading, for instance.

This object is achieved in accordance with the proposed
invention by generating from the received speech signal with
15 the aid of signal modelling an estimated signal which is
dependent on a quality parameter that denotes the quality of
the received speech signal. The received speech signal and
the estimated speech signal are then combined in accordance
with a variable relationship which is also determined by said
20 quality parameter and forms a reconstructed speech signal.
When reception conditions cause a change in the speech
quality of the received speech signal, the aforesaid
relationship is changed and the quality of the reconstructed
speech signal restored, thereby obtaining an essentially
25 uniform or constant gquality. The inventive method is
characterized by the features set forth in the following

Claim 1.

A proposed arrangement functions to recomstruct a speech
30 signal from a received speech signal. The arrangement
includes a signal modelling unit in which an estimated speech

signal corresponding to anticipated future values of the



5 Accordingly, an object of the present invention is to create froma
recei ved¥speech signal that may have been subjected to di sturbances during
its transm ssion froma transmtter to a receiver a speech signal with

whi ch t he ewﬁ;&‘ﬁf t hese 10 di sturbances is m ni m zggrsEbHcsss
di st ur bances y have been caused by nois&, interference or fading, for

I nstance. This object is achieved,in_accord e W th the,proposed.. i tion
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speech signal, the aforesaid relationship is changed and the quality of the
reconstruct eénsgtaEh 3®gnal restored, thereby obtaining an essentially 25
uniform or constant quality. The inventive nethod is characterized
by the features set forth in the followwng CGaim1l. A proposed arrangenent
functions topyeaansinstrtucaiageachrdBeived singllah dxf ofigitaXieasi vegeesipeech
signal. The  arrangenent,ipcludes a sii%rgiln nodel ling unit in which an
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i signal, the speech quality experienced by the receiver can be
improved considerably in comparison with the speech gquality
that it has hitherto been possible to achieve with the aid of
the earlier known solutions in analog systems-and digital
systems respectively that utilize PCM transmission or ADPCM

15 transmission.

Because reconstruction of the received . speech siénal takes
into account the statistical properties of the speech signal,
it is also possible to avoid the clicking and banging sound
20 generated in PCM transmissions and ADPCM transmissions for
instance, when a preceding data word in the speech signal is
repeated due to registration of an error in the data word

that was last received.

25 The interruptions that occur when a received digitalized
speech éignal is muted because the error rate in the received
data word is excessively high can also be avoided by using
instead on such occasions solely the estimated speech signal

obtained with the proposed method.
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signal, the speech quality experienced by the receiver can be inproved
considerably in conparison with the speech quality that it has hitherto
been possi bFgghpeachi evelvistrdtess ai dodind heagadr | iddcddionn séf ut ispaschn
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transni ssi ohnEPraEPERR 18ith the iR pifsdinnar BaEedbet e cinstingc tiLEf) ofint he
receigved spgeﬁgoﬁhgﬂgﬁ lakes into account the statistical properties of the ’
speech signal, It is also’ possible to avoid the clicking and bangi ng sound"
20 generated in PCMtransm ssions and ADPCM transm ssions for
instance, when a preceding data word in the speech signal is repeated due
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The interrypLionserifat yRoeiedh@Ra? FEEHIMNIEALY tal | 288ordance with
the proposed method;

10
Figure 3 illustrates an example of a channel model that can:
be used with the inventive method;
Figure 4 1is a block schematic illustrating the signal
15 reconstruction unit in Figure 2;
Figure 5 4is a block schematic illustrating the proposed
signal modelling unit in Figure 4;
Figure 6 is a block schematic illustrating the excitation
20 generating unit in Figure 5;
Figure 7 is a block schematic illustrating the proposed
signal combining unit in Figure 4;
25 Figure 8 is a flowchart illustrating a first embodiment of

the inventive signal combining method applied in the signal

combining unit in Figure 7;

Figure 9 illustrates an example of a result that can be

30 obtained when following the flowchart in Figure 8;



speech signal is nuted because the error rate in the received data word is
excessi vely high can al so be avoided by using instead on such occasi ons
solely the estimted speech signal obtained with the proposed net hod. WO
97/ 38416 vﬂ%y¢ﬁ€5 6 _ PCT/ SE97/ Gitakotiltises
DESCRI PTI ON DRAWNGS Figure 1 il%ustrates coding and decoding

of speech information with_the aid of..Jinear .predictive . coding.(LPC) in 5
a known mannZtIUEF gtf et® # F%%‘Y?réﬁrgzs FYESRG eah(ﬁﬁcgﬁgegﬂbf’%f“‘&‘?%t? nis
transnitted, ypecehyede 208 LEGRABt EombOding RECREAaRSEE1 Yed hi hener argasd

met hod; 10 Figure 3 illustrates an exanple of a channel nodel that can be
used with theombiming wnietimodighrgu?e 4 is a bl ock schematic illustrating
t he signal 15 reconstruction unit in Figure 2; Figure 5 is a block
schematic illustrating the proposed signal nodelling unit in Figure 4;
Figurg 6 is ﬁigﬁfgk 13CheRldtGatklsUsdd abkAfipi 8€ o3XCh t 3bkANt 2@hat can  be
generating unit in Figure 5; Figure 7 is a block schematic illustrating the

proposed si gobtatoadiwiery fimdilowingFtyer Elawchart in Figure 10;

Figure 12 illustrates an example of how a gquality parameter
for a received speech signal varies over a sequence of

10 receivzd speech samples;

Figure 13 is a diagram illustrating the signal amplitude of

the received speech signal referred to in Figure 12;

15 Figure 14 is a diagram illustrating the signal amplitude of
the speech signal shown in Figure 13, said speech signal
having been reconstructed in accordance with the proposed
method;

20 Figure 15 is a block schematic illustrating application of
the inveantive signal reconstruction wunit in an analog
transmitter/receiver unit; and
Figure 16 is a block schematic illustrating the application
of the inventive signal reconstruction unit in a

25 transmitter/receiver unit which is intended for transmitting

and receirsing digitalized speech information.

The invertion will now be described in more detail with
reference to proposed embodiments thereof and also with

30 reference to the accompanying drawings.



25 Figure 8 is a flowhart illustrating a first enbodi nent of the
i nventive signal conbining nmethod applied in the signal conbining unit in
Figure 7; Figure 9 illustrates an exanple of a result that can be 30

obt ai ned lowing the flowhart in Figure 8; WO 9
PCT/SE97/3Q§§5%@%%§re 10 is a flowhart iglustrating a sec%#iﬁ%gék??nent of
the inventive signal conbi ni ng nethod applied in the signal conbining unit
in Fi gure 7PETAILED PF&GF%PEE&?|Q%SRW%§%E&QWW a result that can
be obt ai ned when follow ng the flowhart in Figure 10; Figure 12

il lustrates an exanple of how a quality paraneter for a received speech

si gnal variBigover 1a sEnusnGeesl cbliing of ehehaedsspesthisagpt eSorhi ggre 13
is a diagramillustrating the signal anplitude of the received speech

si gnal ref efPEECH0 tRIGFBRFOM2S 1§ith  thegpid 195 slinepngmyprdictive

il lugtratin age _Si I s Haddis s ch.signal _sho in Figure 13,
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proposed metpad; sdbumes FEhgur ehd5 speach| etnahevtas cbhueivabipgbe
application of the inventive signal reconstruction unit in an anal og
transmitter PEBEERLEA BN #. topgky generator 100 located in a resonance tube

110. The tone generator 100 finds corregpondence in the human
vocal cords and trachea which together with the oral cavity
10 constitute the resonance tube 110. The tone generator 100 is
characterized by the parameters intensity and frequency and
is designated in this speech model excitation e and is
represented by a source signal K. The resonance tube 110 is
characterized by ite resonance frequencies,_ the so-called

15 formants, which are described by short-term spectrum 1/A.

In the linear predictive coding process, LPC, the speech
signal S is analyzed in an analyzing unit 120 by estimating
and eliminating the underlying short-term gpectrum 1/A and by
20 calculating the excitation e of the remaining part of the
signal, i.e. the intensity and frequency. Elimination of the
short-term spectrum 1/A is effected in a so-called inverse
filtex 140 having transfer function A{(z), which is
implemented with the aid of coefficients in a vector a that
25 has been created in an LPC analyzing unit 180 on the basis of
the speech signal S. The residual signal, i.e. the inverse
filter ocutput signal, is designated residual R. Coefficients
e{n) and a side signal ¢ th'at describes the residual R and

short-term spectrum 1/A respectively are transferred to a

30 synthesizer 130. The speech signal § is reconstructed in the
synthesizer 130 by a process which is the reverse of the

process that was used when coding in the analyzing unit 120.



Figure 16 is a block schematic illustrating the application of t he
I nventive si gnal reconstruction uni t in a 25
transmitter/receiver unit which is intended for transmtting and receiving

digitalized ‘?@Fﬁfﬁglé nformation. The invention will now be djs¢dxehededs N nore
detail with rence to proposed enbodi nents thereof and also with 30

reference tq _the acconpanyi ng draw ngs. WO 97/.38416 . .
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Il 1ustrates aﬁm;mngf M spegeshuiskat ke fidB aft &S nee i ifatiemtddiikcd with
the aid of li1near predictive 5 coding,” LPC, in a known manner. The

linear predigtdnmg cQ@li ngh kLBC eR&StEESoR hatnitthe16pgedcd. sirgpal sip@aterm
concei vably be generated by a tone generator 100 |ocated in a resonance
tube 110. Tiepachirmydr@.atdaecrddeti s ther cosfhabares | in tihe MaREPW doal

cords_and trachea | t,oget her wit e oral_cay.ty constituyte
the r@sonanct® t (& . ”?‘ e ?lolnel'é\%ngé%?gﬁ%ﬁf i g\éc?harég ertl-‘l%%d '—:Blyé t ie
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excitation e and is represented by a source signal K The resonance tube
110 i s char & ecikgaiebys | p¥nEbssh@ndd tereglithci #3Lh thyansdeg| funFiypn

formants, Whi ﬁb(ze’r,e I%%s:%rslep)%gngytﬁgOi‘éééﬁéx%es R’%ﬁer lirfolltﬁ‘rough which the

estimated source signal R is sent and wherewith the

10 reconstructed speech signal S is generated. Because the
characteristic of the speech signal § varies with time, it is
necessary to repeat the aforedescribed process from 30 to 50
times per second in orxrder to achieve acceptable speech
guality and good compression.

i5
The basic problem with linear predictive coding, LPC, resides
in determining a short-term spectrum i/A. from the speech
signal S. The problem is solved with the aid of a
differential egquation that expresses the sample concerned as

20 a linear combination of preceding samples for each sample of
the speech signal S. This is why the method is called linear
predictive coding, LPC. The coefficients a in differential
equations which describe a short-term spectrum 1/A must be
estimated in the linear predictive analysis carried out in

25 the LPC analyzing unit 180. This estimation is made by
minimizing the square mean value of the difference 3S between

the actual speech signal S and the predicted speech signal

§. The winimizing problem is solved by the following two
steps. There is first calculated a matrix of the coefficient

30 values. An array of linear eguations, so-called predictor



In the linear predictive coding process, LPC, the speech signal Sis
analyzed in an analyzing unit 120 by estimating and elimnating the
under | yi ng short-term spectrum 1/ A and by 20 cal culating the
excitati on ayebnisks remai ning part of the signal, i.e. the ROIWSESH0S4% and
frequency. Elimnation of the short-term’sopectrum 1/Ais effected in a

so-cal | ed in¥§ﬁ§f%%ﬁéte£re iA0n B8YEd ih' aBsbBlanédNGiinnNa AbZhoa tWhkCh

is inplenmente the aid of coefficients in a vector a that 25 has
been creat edgharante€€ comterdengeunnd agonadgue hsobasionof the speech signal
S. The residual signal, i.e. the inverse filter output signal, is

designated residual R Coefficients e (n) and a side signal c that

describes thgnegs géﬂakaBiﬁdeéb@éa - b8GRS PEst LHBbRAACE CERBET YO YsakR1]
transferred to a 30 synt hesi zer 130. The speech signal S is

recons$truct edbile the m3pmemesitz &hel 3oraphep Mt egtahhirahity, t héthevghsénof

the process pat wos uspd when qodlid |fhd "Goglalyglg Imil 120, oo YO,

excitation eGAlchobtahnsd e andaelled nifboexehé ateforditley Zitibeuninth 0150
Is used to generate an estimted source signal [err] in an excitation unit
160, [err]. Hhweupns:t sceenpapEst cdmthese Rroymdsheepbybe heapbared chentdei n

the vector A_ 5. [ ed__j D - Sy n pzer, 1 i 1 he
b of inforpBicual B Wi dﬁeégbﬁgﬁqgcbpa%??vté’gﬁg?ﬂ S ?‘%ear‘n‘wﬁ“tslg&eg
10 correctly with the aid of simple linear predictive coding,

LPpC.

Certain consonant sounds are produced by a turbulent air flow
which results in a whistling noise. This sound can also be
15 represented in the predictor equations, although the
representation will be slightly different because, as
distinct from voiced sounds, the sound is mnot periodic.
Consequently, the algorithm L?C must decide with each speech
frame whethexr or not the sound is voiced, which it most often
20 is in the case of vocal sounds, or unvoiced, as in the case
of some consonants. If a given sound is judged to be a voiced
sound, its frequency and intensity are estimated, whereas if
the sound is judged to be unvoiced, only the intensity is
estimated. Noxrmally, the frequency is denoted by one digit
25 value and the intensity by another digit wvalue, and
information concerning the type of sound concerned is given
with the aid of an information bit which, for instance, is
set to a logic one when the sound is voiced and to a logic
zero when the tone is unvoiced. These data are included in
30 the side signal ¢ generated by the LPC analyzing unit 180.
Other inforwation that can be created in the LPC analyzing

unit 180 and included in the side signal c¢ are coefficients



to create a synthesis filter 170, with transfer function 1/A(z),
representing the resonance tube 110 through which the esti mted source
signal [err] is sent and wherewith the 10 reconstructed speech
signal [ ernrdookssegicner ated. Because the characteristic of SHREEN
signal s varies with tine, it is necessamg to repeat the aforedescri bed
process from30 to 5 second in ggder to achi eve acceptabl e

.
speech qualiY?eaﬁﬁsbgﬁﬁiggﬁﬁﬁgggiSﬁ?rf§P?ﬁ Baste phsnicadeniid 1§ nkaken
predictive CosbRyrhePGeddisicdeScdde dBbEK MabidNGa 2 cé?gé Epbf§ A PEGhEHEL £ A

fromthe speech signal S. The problemis solved w

di f f erent i al £bbter | bfA (2latisexpeateds This stypt eof epeerctedransdfission s

| i near conbi&ation of . precedin ,s%gpl s for each, sapple of the speech
C

signal S. THiEETESA ¢ ARReROd® NeRF | PRESI iRl cCEYR- c dliengSodec,
The cgefficijmsie aubp dif figegat éﬁbuﬁgu%i eRe1WhLChl1deagEERe & 508{—551‘1@&5“

spectrum 1/ A nmust be estinmated in t | i near predictive analysis carrie
out in 25 of rpeidpglsaRalwidiley @b tthel 86ame Thimegsbedayi ez smalindes by

m ni m zing the s re mean val.ue qf .the differéence [err]s between the
act ual speeé?F%ﬁ%%é%’ff%ﬂkft %o éﬁc Elyﬁ530ﬁ°§thﬁPﬁs§e%ﬁﬁhn?%W%ii?%g
problemis smimecdiy ddtaif0lcoasknghoye. SPRseidd & ishallh sbasabsokatse a

matri x ‘of the coefficient 30 values.” An array of |inear equations,
so-cal | ed prgkﬁthgne is p:rmanent and the other is adaptive enables many

10 codes to be ok:ained and also enables searches to be carried
out quickly. T.e permanent code book contains a plurality of
typical residual wvalues R and can therewith be made
relatively small, The adaptive code book is originally empty
and is filled progressively with copies of earlier residuals

15 R, which have d.fferent delay periods. The adaptive code book
will thus function as a shift register and the value of the

delay will determine the pitch of the sound generated.

Figure 2 shows how speech information S is transmitted,
20 received and 1r2constructed xr,,. in accordance with the
proposed method. An incoming speech signal S is modulated in
a wodulating unit 210 in a transmitter 200. A modulated
signal 8, is tien sent toc a receiver 220, over a rxradio
interface, for instance. However, during its transmission the
25 modulated signal 8,4 will very 1likely be subjected to
different types of disturbances D, such as noise,
interference and fading, among other things. The signal S’,.4
that is received in the receiver 220 will therefore differ
from the signal 5,,, that was transmitted from the transmitter
30 200. The 7received signal 8’,,, is demodulated in a
demodulating unit 230, therewith generating a received speech

signal r. The demoiulating unit 230 also generates a quality
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are st hen -sol ved in accordance with a nmethod that guarantees convergence and
a uni que solution. Wen generating voiced sounds, a resonance tube 110 is
well 5 ?}39‘3 ¢fepresent the trachea and oral cavity, a&i/beyigbsspn the
case of nasal sounds the nose forns a | at®¥al cavity which cannot be

nodel l ed into the resonance fube 110. wever., . .SONE rts of .these .sounds
can be capt uPBI3B§tEhe Y gg‘f‘ﬁ%a%??,lt | T2 R P s rceﬁﬁ&e%ﬁglgn%a ‘

transmitted 30 . anaCeheebiynWihditder By orid Shiid fHdddie apaicadigialiey
coding, LPC. Certain consonant sounds are produced by a turbulent air flow
whi ch resul t ofi tha whrsivedEprside signad FouAdsiéanaldl secorstpgiction unit

represent ed ziéﬁt I ;/ghr-;ezm%riteedsi ctor gggﬁg%%g&ége%?lsts%%%gg tsrh%e J5Pregent at i-on

will be sli erent? b Ufro O ced” ®Hunds,
the saund i Se@%EnEQéh.Qgi tni £ORR st eddh st ardthanad 10an t bR kibe Bastisdeg dgew th
each speech frane whether or not the sound is voiced, which it nost often
20 i s i wecdvedsepeechosignalogh@sd gheyavadiby, pasanetaehel-case of sone
consonants. |If a given sound is judged to be a voiced sound, its frequency
and intensity are estimted, whereas if the sound is judged to be unvoi ced,
only the int ane medudateld agadl Bormaklyy bet e Fadiqh eftsmieh e mmidad dredone
digit 25 value and the inptensity another. digit _value, . and

i nfor mati on E3EEEEn; n%R tiﬁpee’o‘?h%uﬁ&’meg%li%mecﬁq%h@ vepdulated with
10 frequency wmodulation, FM, for instance, or is digitally
modulated in accordance with one of the principles FSK (FSK =
Frequency Shift Keying), PSK {PSK = Phase Shift Keying), MSK
(MSK = Minimum Shift Keying) or the like. The transmitter and
the receiver may be included in both a mobile station and a

15 base station.

The disturbances D to which a radio channel is subjected
often derive from multi-path propagation of the radio signal.
As a result of multi-path propagation, the signal strength
20 will, at a given point, be comprised of the sum of two or
more radio beams that have travelled different distances from
the transmitter and axre therefore time-shifted in relation to
one another. The radio beams may be added constructively ox
destructively, depending on the time shift. The radio signal
25 is amplified in the case of constructive addition and
weakened in the case of destructive addition, said signal
being totally extinguished in the worst case. The channel
model that describes this type of radio environment is called
the Rayleigh model and is illustrated in Figure 3. Signal
30 strength vy is given in a logarithmic scale along the vertical
axis of the diagram, while time t is given in a linear scale

along the horizontal axis. The value y, denotes the long-term



with the aid of an information bit which, for instance, is set to a logic

one when the sound is voiced and to a Ioglc zero when the tone is unvoi ced.
These data are included in 30 the side signal c generated by the LPC

anal yzing u
anal yzing u
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B?et h%k r & ddaatlﬁa%egarxlrersz.on of gg
recelved speech 51gna1 is applicable in the reconstruction of
said signal in accorgdance with the inventive method. If the
receiver moves at a constant speed through =z static radio
environment, the distance At between two immediately adjacent
fading dips t, and ty will be generally constant and t, will
be of the same order of magnitude as tz. Both At and t, and t,
are dependent on the speed of the receiver aﬁd the wavelength
of the radio signal. The distance between two fading dips is
normally one-half wavelength, i.e. about 17 centimetres at a
carrier frecuency of 900 Mhz. When the receiver moves at a
speed of 1 m/s, At will be roughly equal to 0.17 seconds and
a fading dip will seldomly have a duration of more than 20

milliseconds.

Figure 4 illustrates generally how the signal reconstruction
unit 240 in Figure 2 generates a reconstructed speech signal
Yrec in accordance with the proposed wmethod. A received speech
signal r is taken into a signal modelling unit 500, in which
an estimated speech signal # is generated. The received
speech signal r and the estimated speech signal F7 are
received by a single signal combinating unit 700 in which the
signals r and 7 are combined in accordance with a variable

ratio. The ratio according to which the combination is



In turn, this results in the residual R containing essential 20:

I nformation as to how the speech sound shall sound. Linear predictive
speech synthesis would give an unsatisfactory result in the absence of this
i nformation.gdlksssdt 1S necessary to transmt the residual pdd/ses7oesder to
achi eve high speech quality. This is normdl|ly effected with the aid of a 25

-call ed de.book ,whi A d ' . i.cal
"osi aual si QAT SCREOWABn SEGRRRY. BRath SRR Ar Aok oF SRRHEAl on PREBTAE Rdeg,

al | the val uegkphesgntoi nthde siafimlboiombidihfe ualte 0@l |fes Quaddsy to
the cal cul ated value is selected. The receiver has_a code_book which is 30
i dentical tdarpmebsde Wdck 2k B5ed heY t FhpsAignal, modsdléndsuBiEnt0f. only

the code VQ LAaLedanol e, dia o shevanlehes! dhalnReleehePs i AREN' WdeckPO"

recei pt of the Sign

PCT/ SEO7/ 005@9ghd1t Ife iesddhietiated.uahl eanespopdiragietert Beme9ddeVBased
taken fromthe recei ver code book and a correspondi ng synthesis filter

1/ A(z) is cr &8t E8e TRREVFGHr ¥Fe iRt &I RAnSHESBEBH | BSSe Ay matd®patedet
excited line predi.cti Py dh . bo t, be | ar nough
to include a?#eegggh% ?’a?ggg%%t gh%fg?%%?eeugjfasdlﬁ vﬁéﬁélngf (t#e’ sf%r%%gteﬁe,
bei ng as smaklt ahepastiibl e/Istecehéhssgial | 1evel b ea coeoRinceedighatli Ne

and I (I = Interferer) or a bit exror rate signal or bad frame

10 signal created from the received radio signal. The

reconstructed speech signal r... is delivered from the signal

combining unit 700 as the sum of a weighted value of the

received speech signal r and a weighted value of the

estimated speech signal 7 where the respective weights for r

15 and f can be varied so as to enable the reconstructed speech

signal r,,. to be comprised totally of either one of the
signals r or F.

Figure 5 is a block schematic illustrating the signal

modelling unit 500 in Figure 4. The received speech signal r

20 is taken into an inverse filter 510, in which the signal r is

inversely filtered in accordance with a transfer function

A{z), wherein the short-term spectrum 1/A is eliminated and

the residual R is generated. Inverse filter coefficients a

are generated in an LPC/LTP analyzing unit 520 on the basis

25 of the received speech signal r. The filter coefficients a

are also delivered to a synthesis filter 580 with transfer

function 1/A(z}. The LPC/LTP analyzing unit 520 analyses the

received speech signal r and generates a side signal ¢ and

the values b and L which denote characteristics of the signal

30 r and constitute control parameters of an excitation

generating unit 530 respectively. The side signal ¢ includes

information relating to short-term prediction, STP, and long



make the actual codes short. By using two small code books of which one is
per manent ‘and the other is adaptive enabl es many 10 codes to be
obt ai ned and al so enabl es searches to be carried out quickly. The pernanent

code book c a plurality of typical residual val ues ST TAPN
therewith b&%g-}d%irel atively small. The adgaptive code book R gl hal | y

enpty and is filled prQqgressi velé& wth copies of earl] resi dual s, 15
R whi ch havBedmf f &F&RECEEPRy pdifFads TeRREhd¥Five ct'f-odet}tf'ookswrl‘? t hfis

function as_gosbifissegi shsyi hdiBs YahuBeOkok Nendelant il badshetalng, the

pitch of the generated. Figure 2 shows how speech information S is
transmtted, 1ﬁﬁormatloncme\le¢l1ngnd:o r epeach r goted arjdrnén-speectccepdadce

with the proposed. rethod. om speech signal S is nodulated in
mmww#%W#ﬂ%HW%ﬁ%%M%WWW&WWmn
sent §0 a regelwen £y %‘t%hén&@f" Br' 'Efrﬁﬁfsﬁéﬁt fQhal DSt ABELve HYEVE

during its transm ssion'the nodul at ed S|gnal Sferr] wll very
likely be stbfectradhine cﬁ4fof eamsht thet ypduvesob ahidt Ur BarcesntD, to sheh

as noise, interference and fading, . ot,her .t.hin The s err]
that is receF?fEﬂL?ﬁl?ﬂeg?ﬁ%ﬁwg gﬁb‘%'t Hé‘réfh&‘:@ %nf feért"‘f“f"‘&grat ﬁ8“§ E]nal
S[err] that was tia mtt%(}llefr%%mthe transmtter 30 200. The
received si gﬁgf’ err]g celem)dul ated in a denodulating unit 230,

therewith generati ng a recel ved speech signal r. The denodul ating unit 230

al so generat es a quality
The LPC/LTP analyzing unit 520 and the excitation generating

unit 530 are controlled respectively by the state machine 540
through the medium of control signals s, and s,, s; and s,,
the output sigpnals s;-s, of the state machine 540 being
dependent on the quality parameter g and the.side signal ec.
15 The gquality parameter g generally controls the LPC/LTP
analyzing unit 520 and the excitation generating unit 530
through the medium of the control signals s,-s; in a wmanner
such that the long term prediction, LTP, of the signal xr will
not be updated if the guality of the received signal r is

20 below a specific value, and such that the amplitude of the

estimated source signal K is proportional to the gquality of
the signal r. The state machine 540 also delivers weighting

factors s, and s, to respective multipliers 550 and 560, in

which the residual R and the estimated source signall? are

25 weighted before being summated in a summating unit 570.

The guality parameter g .controls, through the medium of the
state wachine 540 and the weighting factors s; and s¢, the

ratio according to which the residual R and the estimated

30 source signal K shall be combined in the summating unit 570

and form a summation signal C, such that the higher the
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g which denotes the quality of the received signal S [err] and therewith
indirectly the anticipated speech quality of the received speech signal r.
A signal re §-};:¥39f6“0n unit 240 generates a reconstructRgysesneesh

si gnal r[err? o 5 essentially upsformor constant quality, on the
basis of the received speech signal_r and the quality paraneter q. The
nodul at ed siagRdits] 2% | they IRCEIVieddi TPIPBYuEAEY3fodul abRR STBREFT WMSch 4 s

el ther complelely ;aaal g ndulaled Wild) J0sidual Tk CAHANENe T 3LECRRe FM

for instance, gitally ated 1 n accordance one of the
principles = y .Shi f | K T3 e ghif
Keying), M %§59Mé;al{%u%%e%| fEt%QJKe%ﬂérfg ééﬁat%égis:%ég hsel E{h%gns%i tt'Itélre and

t he recei vewedghtlitg ntdatded s.n Eotheduambi witlst deconasimy a fhality hkefse

station. The_disturbances D to, which radi o channel i,s, subjected often
deriv® fromthf th‘f)%Fﬁe‘%réﬁﬁﬁﬁpi cHBRL hE AR otRE gHgiohRin %@é‘ﬁp{f ofs

mul.ti - path A Qeld0Mho tHecsLB8Abo RN W20, so Whhi, cAL 3ufl \@h point,
be conprised of the sumof two or nore Tadi© beans that have travelle

di fferent dissidamgewill oalvdres thansmgtaat .aieasamnbel eh os By Ine:,s vetred | n
relation to one another, The radi o beans may be added constructively or
destructiveldy, =depshidisdg onishefilversdhi fin The radithesiignafiPtexr 580,s

anplified i the _case ,of onstructi v addi tion and.weagkened in.the
case of dest %V%ha%mi&ﬁ, i(fs_ﬁ_'l&?&leg speec szgnaT F. %e signal
10 C is also returned to the excitation generating unit 530, in

which it is stored to represent historic excitation values.

Since the inverse filter 510 and the synthesis filter 5B0

have intrinsic memory properties, it is beneficial not to

15 update the coefficiente of these filters in accordance with
properties of the received speech signal r during those
periods when the quality of this signal is excessively low.

Such updating would prokably result in non-optimal setting of

. the filter parameters a, which in turn would result in =an

20 estimated signal R of low quality, even some time after the
quality of the feceived speech gignal r has assumed a higher

level. Consequently,. in itccordance with a refined variant of

the invention, the stat:t machine 540 creates the weighted

values of the received speech signal r and the esgtimated

25 speech signal 7 respectively through the medium of a seventh
and an eighth control sigral, these values being summated and
utilized in allowing the LPC/LPT analysis to be based on the
estimated speech signal 7 instead of on the received speech

signal x when the quility parameter g is below a

30 predetermined value q., and to allow the LPC/LPT analysis to

be based on the received speech signal r when the quality



being totally extinguished in the worst case. The channel nodel that
describes this type of radio environnent is called the Rayl ei gh nodel and
is illustrated in Figure 3. Signal 30 strength y is given in a

| ogarithm c scale along the vertical axis of the diagram ' | t is
given in a Wo&#B4lcal e al ong the horizopgal axis. The val \&@'stgl?ﬁogﬁenot es
the long-term WO 97/ 38416 14

PCT/ SE97/ 00 3framestiey af uexadfedshéehei gadesigeenyban| ar iE, shadl ¢ eabPveenat es
t he signal |evel at ich the signal.strength [err] is.so.lowas_to result
i n di sturbarfc® die{FR- %F@rﬁtgﬁ%?):‘ee’c% qﬁ'?'aﬁ[ .seﬁJltlon&OFégp%%?ia é)ttr}_?%
intervals t[erhleand &8 th 1688c! 8686V afhdred LMl P is stable Ben@Mt
where two or” nore”radio beans are added destructively and the radio
signal is suljedtted seventdo-cordiriodd siigaieig igi met] ttd slogin @exg jand dike ng
these tine intervals that the use of an,estinated vedrsi.on o;négg‘aégggi ved

speech si gnaFigRER A elfn S FECoRSPItct TSR o UEdS e

Stgnal in
accordance Widhddifsd eHdM@a8Et Rad. skhtbhaatngnbyeronayYBscated caNséanNt
speed through a static radio environnent, the distance [err]t between two

i medi at el y beffweemt 2¢5ei ABAdPPS EtPeithe sRntERdr rgignals P getdtelay to
R E s L o L e P
recei ver andeéieranvel iid) dbwekher| até cabigynlequlle tdi shance bet ween two
fading dips is
10
The transfer functions of the inverse filter 510 and the
synthesis filter 580 are always an inversion of one another,
i.e. A(z) and 1/A(z). According to a simplified embodiment of
the invention, the inverse filter 510 is a high-pass filter
1s having fixed filter coefficients a, and the synthesis filter
580 is a low-pass filter based on the same fixed filter
coefficients a. In this simplified variant of the invention,
the LPC/LTP analyzing unit 520 thus always delivers the same
filter coefficients a, irrespective of the appearance of the

20 received speech signal r.

Figure 6 is a block schematic illustrating the excitation
generating unit in Figure 5. The values b and L are taken
into a control unit 610, which is controlled by ‘the signal s,
25 from the state machine 540. The value b denotes a factor by
which a given sample &(n+l) from a memory buffer 620 shall be
multiplied, and the value L denotes a shift corresponding to
I. sample steps backwards in the excitation history, from
which a given excitation &(n) shall be taken. Excitation
30 history &(n+1), &{n+2), ..., &(n+N) from the signal C is
stored in the memory buffer 620. The storage capacity of the

memory buffer 620 will correspond to at least 150 samples,



normal Iy one-half wavel ength, i.e. about 17 centinetres at a carrier
frequency of 900 Whz. When the receiver noves at a speed of 1 nis, At wll
be roughly equal to 0.17 seconds and 20 a fading dip wll seldomy

have a durat iv9<? .9§84ﬁ0re than 20 mlliseconds. Figure 4 ill usichaieosoosss
general ly how e e gnal reconstruction uni® 240 in Figure 2 generates a

reconstruct ed speech signal 25 . rlerr] Ln accordance with th r gpqsed
met hod. A _recéi-ﬁestﬁeégﬁ'sf‘ﬁaapfﬁf@l“fh%%nﬁ?m o Fxral fodd Iﬁetr‘?% nitt* -
00, In whi Cha%%o%gshaat 6 3PeeRd $heRel f&fided:S gepeairg. Jheréeseivyed
speech signal r and the estimted speech signal [err] are received by a

si ngl e si gnal cddeisitndmnifogmanion 708 shifhed hotthe BG. in tignalese emadelerr |
are conbined in accordan%e with avaria edr%tni o. The ratio according to

whi ch the conlbRt REY FBIOrmYld oy iz plptte PCT/ SE97/ 00569

effecteg is decided by a quality parameter ¢, which is also taken into the
si gnal conbining unit 700. The quality parameter q is also used by the
si gnal nodel | Whgnutihe 36C¢/LERernalysidnivdges t the neovrll danoghineld tieebe a

estimated speech 5 s gnal [err‘]é i enerated. The qualit araneter. g
may be based FRRe nseoé‘gtﬁ'e}q}eec ?I\I/_’fnoéigﬁ%’f‘a t Pen§theE R %? g)n{’ng&" rrautné‘_tof
the signal |ewglo afhd eordrsitr ed rdiQes ¢hal valtes=pCandl @/ kodlt Heh neidirly0
C/l1 to the signal |evel of a disturbance signal
uffer 620. The value L, which is created from the long term
10 prediction, LTP, of the speech =signal r, denotes the
periodicity of the speech signal =r, and the value b
constitutes a weighting factor by which a given sample &{n+i)

from the excitation history shall be multiplied in order to

provide an estimated source signal R which generates an
15 optimal estimated speech signal #, through the medium of the
summation signal C. The wvalues b and I thus contrel the
manner in which information is read from the memory buffer

620 and thereby form a signal H,.

20 If in the LPC/LTP analysis a current sound is judged to be
unvoiced, the control signal s, delivers to the control unit
610 instead an impulse to send a signal n to a random
generator 630, wherewith the generator generates a random

sequence H,.

25
The signal H, and the random signal H, are weighted in
multiplication units 640 and 650 with respective factors s,
and s, and are summated in a summating unit 660, wherein the
estimated source signal R is generated in accordance with
30 the expression R = sgH,+8¢H,. If the current speech sound is

voiced, the factor s; is set to a logic one and the factor s,



| (I =1Interferer) or a bit error rate signal or bad frame 10 si gnal
created from the received radio signal. The reconstructed speech
signal r[err] is delivered fromthe signal conbining unit 700 as the sum of

a wei ghted wﬁgyﬁmgg the received speech signal r and a wei glrRgoMikese of
the estimated speech signal [err] where t3fe respective weights for r 15

and [err] cap _be varied so as to_enable the reconstructed speech signal
r[err] to bel%oﬁﬁFiégdat 2Fy 26F i ¥ EFeﬁﬁelgft%ﬁe%ﬁ‘&ﬁﬁFssPeﬁFh[ﬁgFT@

Figure 5 is asbhagkisehemhic fadtest rat iing s&e gboralidgdel 240 aAmit+5O0 in
Figure 4. The received speech signal r 20 Is taken into an inverse
filter 510, factpr chs tteeasilgaar enes Ahvareeaysitiarerfxdn @ yodeedaheeanit h

a transfer f | A wher ei,n the orttermspectrym1/A.is elimnated
and the resi%ﬁg§i§$?sgééﬁgfatéd#%r%k&égkéiﬁFE%n%ogfﬁpgﬁé ség QPE“BT}Y
gener gted i ns@guéidilPsanplydi agauné! 520 ioriehselasis 25 correspbnliify

recei ved speech signal r. The filter coefficients a are also delivered to a
synt hesi s fife@8¥es80 whiexgasr akixf &hef yrcansrt dgm\( FyomThan LRAreIFedndloyziang

unit 520 an the regeived ch, signal r_and generates si de si gnal
c and the v:{'%%gg% a%%"'%8Mi%h e(r?iigt gs%h%rr%ct e srics” éyt hgeg‘ﬁﬁﬁ I 36‘9

r and consihttéf£sed ot rDlcorfespontithy mahnefid excitation generating unit
530 respectively. The side signal ¢ includes information relating to
short-term prediction, STP, and | ong

10 . The summation signal C is delivered to the memory buffer 620
and therewith updates the excitation history &{n) sample by

sample.

Figure 7 illustrates the signal combining unit 700 in Figure
15 4, in which the received speech signal r and the estimated
speech signal 7 are combined. In addition to these signals,
the signal combining unit 700 also receives the quality
parameter g. On the basis of the quality parameter q, a
processor 710 generates weighting factors o and B by which
20 the respective received speech signal r and estimated speech
signal 7 are multiplied in wmultiplying units 720 and 730
prior to being added in the summation unit 740, and form the
reconstructed speech signal r,.. The respective weighting
factors a and P are varied from sample to sample, depending
25 on the value of the quality parameter g. When the quality of
the received speech signal r increases, the weight factor o
is increased and the weighting factor B decrease to a
corresponding extent. The reversed applies when the quality
of the received speech signal r falls. However, the sum of a

30 and B is always one.
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prediction, LTP, respectively of the signal r, appropriate
anplification values for the control paraneter B, information relating to
speech sound_and n6n speech sound respectively, and infor madyQiketpised i Ng tO
whet her t he %9 a r is locally stzationary or transient, and is
delivered to a state machi ne_540 and the val ues and. L are seciJ to tcga

rl-

excitation @?ﬁsrfétqwf?@aﬁﬁl gnsBagure Sinthskyates F?'Hf"e&@oﬁ?%%l‘éer g

ener at ed e n h
Iangr ating Lﬁ‘ﬁqna’oJ:S& a?%§cgn$%%g5%§€%§%é%€%%l %/i%égt?h %tat g:o hfegite ’gﬂo
through the ydigigeef 1 mtbrmlingl gnats7ebetin] FoadrS[ Brid, as¢@rddnandeigferr],

the output signals s[err]-s err% of the state machi ne 540 bei ng dependent
on the qual |Et Wlpreﬂta igenhdo h"eh%l’dé"%ff‘-'g‘ﬁ@l methed. The pRRCesRRy | 140

parangt er g@%r ly yZi ‘?‘gpmar%%the
excitation genera i ngéryuan]i t (}91 ?11?0 %tt hggjn%-grlgﬁ%&% %hgg%%%%o ignal s
S[err]-S[errd whiéhnmaanebesutlepphdt bbluaebnngh'eemmlmeedl-at iy h WR,. dfhe he

signal r will not be updated jf the quality of the received sjignal r_is 20
bel ow a spec‘i’#:*r‘te vEuiva™ Shen ‘E‘H‘éﬁ‘e% h&@fanpPreerid:iore t ﬁ@eﬁgt‘l AR Sour ce

signal [err]g O‘Pg{ég%ﬂé gﬁawengeta&&% &h%fs'tgﬂ:a[réc iR SEARR

machi ne 540 a so del1vers weighting factors s[err] err to respective

mul ti pliers Sffhainded60 fald \Wensatbheor esikdeed R gpkeddizrasinerdnt gehlidy ce

signal [err]_ are 25 wei ghted before being sunmmated in a sunmati ng uni t

570. 10 level vy, before  the reconstructed signal r,, will
identical with the estimated speech signal 7 for the
received speech signal x respectively, and during which
speech samples the reconstructed speech signal Y., will be
comprised of a combination of the received speech signal «r

15 and the estimated speech signal F. Thus, the larger the

value of n,, the longer the transition period t, between the

two signals r and 7,

In step 800, the counter variable n is given the value n./2
20 in order to ensure that the counter variable n will have a
reasonable value should the flowchart land in step 840 in the
reconstruction of the first speech sample. In step B05, the
signal combining unit 700 receives a first speech sample of
the received speech signal r. In step 810, it is ascertained
25 whether or mnot a given guality parameter gq exceeds a
predetermined wvalue. In this example, the received signal
guality is allowed to represent .the power level y of the
received radioc signal. The power level ¥y is therefore
compared in step 810 with a power level y, that comprises the
30 long term mean value of the power level y of the received

radio signal. If y is higher than y,, the reconstructed speech



The quality paraneter g controls, through the nedium of the state machine
540 and the weighting factors s[err] and s[err], the ratio according to

whi ch the residual R and the estinmated 30 source signal [err] shall be
conbi ned in_the pmating unit 570 and forma summation si ch t hat
the hi gher ‘P’hé"””s‘#‘i/\o 97/ 38416 22 PEBkestoosty

PCT/ SEQ7/ 00569 1 7 quality of the received speech signal r, the greater the
wei ghti ng f &diamels [Tees |19 grade eequat difal tire arrice hieed nspdah tsHanadi ghtdmg
factor s[err] for,.the ti S Lonalk _[err], The wei ghting factor
S[err] ..s rJé:(f S é\;'fn t%%d@éggfnggggéﬁgri?ykgf S%£ ko T?Wec r%%eeivgastsﬁ?eech

signal r andzdle srdghi i pgrdnct ae I=le | sbnerepsesios 0ia e eSPGRehAE: .
degree, so that the sumof s[err] and s[err] wll always be constant. The
sunmat i on siQfRgrvgsanheite & asEREARA [iay e 825 whethey 3 @t ithe he

synthesis filter . 580, therew th fqorm ng the estimte peech signal
[err]? The HYT ]ﬁyeol L o ﬁ? 650%9%@‘?&%%55%1&? 'ﬁﬁvﬁgn'fge M ng
unit 530, inopiedbdrds Stet OFrsl LIRwWeaPr esant oSt i C srebtabion ysdatas.
Since the inverse filter 510 and the synthesis filter 580 have intrinsic
menory propenalddy.i tIfi ¢ Benabkchaghevt thenlfh, the updahstthetededdesdlent s
of these filters._in accordance vm'ttj Ergoggrties of the received speech

signal r durdigpathdses 5 | 4| FEYiBRteq; g ghAignel 7 in

excessively dtQ4 830, the counter variable m is set to n, in step 83S,

10 and a return is made to step 805 in the flowchart. If it

should be found in step 825 that y is higher than 7., thé

reconstructed speech signal r,.. is calculated in step B40 as

the sum of a first factor o multiplied by the received

speech signal r and a second factor $ wmultiplied by the

15 estimated speech signal Ff. In this example, o = (n.,-n)}/n, and
B = n/n,, and hence r,. is given oy the expression

Yree = f{n.-n}xr/n, + nxf/n.. The next épeech sample of the

received speech signal is taken in step 845, and it is

ascertained in step B850 whether or not the corresponding

20 powexr level y of the received radio signal is higher than the

level y,, which denotes the arithnetical mean value of 7y, and

Yo 1., Ym = Ye+¥:}/2, and if such is the case the counter

variable n is counted down one in:-rement in step 855 and it

iz ascertained in step 860 whether or not the counter

25 variable n is swaller than zero. 1f it is found in step 860

that the counter variable n is smaller than =zero, this

indicates that the power level ¥y has exceeded the value 7y,

during n, consecutive samples and that the reconstructive

speech signal r,.. can therefore be made egual to the received

30 speech signal r. The flowchart is t.ius followed to step 815.

If, in step 860, the counter variable n is found to be



Such updating woul d probably result in non-optinmal setting of the filter
paraneters a, which in turn would result in an 20 estimated signal R
of low quality, even sone tinme after the quality of the received speech

signal r has“q?mq a higher level. Consequently, in accor ggfggoMeidds a
refined variant™ o he i nvention, the stata® machi ne 540 creates the

i ghted val f th i ved h_si d t timted 25
Speach i gnal STRRFS [ EBBRCOFyBRYAL rF BuBR=Ono REAR ARMBRSEE b0 oRTRCURGR o

ei ghth controk¢ ggr@io theseaVahaes RetdihsWrRkedsgadent idigrd ir al lowi ng
the LPC/LPT analysis to be based on the estimted speech signal [err]

i nstead of oncibeuigcedVvelf siteetiepsisegOalkher powhenletér y disallowgr phaanet er
g is below a 30 predeterm ned value g[err], and to allow the
LPC/ LPT anal yetisalotpe YhasEle oROHREEF e¥BT @8BS pBediP sirfraasedidh e in

qual i ty V\Dsgz 3§é 6 Ir is then asce taWed in. steF 870 wBeBQJ:éSEP? 0569
18 paraneter q €xceeds the value q errf. en q is stable above g[err], the
sevent h contrghesicguakers valrdapiesat ife0 dmgiteronchandtidevelhghtf, samghaifto
| ogic zero, whereas when q is stable beneath g[err], the seventh control

signal is setsueh| i Eheecasandhine imdicategi ghak tdegmignalslsyel yohas
L081 one, BALLRR LB ST AT 20 BT S g o gy FECTLg
relation t0 that the reconstructed speech signal r,. should therefore be
10 made equal to the estimated speech signal 7. A return is
therefore made to step 830 in the flowchart. Othérwise, tl;e

flowchart is executed to step 840 and a new reconstructed

speech signal r,.. is calculated.

15 Figure 9 illustrates an example of a result that can be
obtained when executing the flowchart in Figure B8. n, has
been set to 10 in the example. The power level y of the
received radio signal exceeds the long-term mean value ¥,
during the first four received speech samples 1-4.

20 Conseguently, because the flowchart in Figure 8 only runs
through steps 800-820, the counter variable n will therefore
be equal to one during samples 2-5. Thus, the reconstructed
speech signal r,. will be identical with the received speech
signal r during samples 1-4. The reconstructed .speech signal

25 Yrec Will be comprised of a combination of the received speech
signal r and the estimated speech signal F during the
following twelve speech samples 5-16, because the power level
¥ of the received radio signal with respect to these speech
samples will lie beneath the long-term mean value 7y, of the

30 power level of the received radio signal. For instance, the

reconstructed speech signal r,,. or speech sample 5 will be



the current value of the quality paraneter q. The sum of said contro
signals, however, is always equal to one. 10 The transfer functions of the
inverse filter 510 and the synthesis filter 580 are always an inversion of
one anot her e. A«z) and 1/ A(z). According to a sinplifi nt of
t he |nvent|5¥|O Y46 nverse filter 510 I sp@ hi gh-pass filteﬁgagapﬂasﬁﬁaV|ng
fixed filter coefficients a, and the synthesis filter 580 is a | ow pass
filter basediwant by $@#EEKPxe€Si¢$tEﬁccseﬂchieh@slé, becehss vEApl Bhded -

t of th P | 520 th |
\dlglr: \allgrsot h galr?gjvelgiré%‘lt gsrlémc?ggf i C|w|r-ﬁ)'t ana ZI A H}ﬁ SFPF?\%g;a%b\ggiance of

the 20 ol g¢eived gpeeqacaugialinds. Frﬁélrgeéoh&ﬁu@w&k Tﬁ&@@lﬁrﬁfsh Enal
illustrating the excitafion generatlng unit in Figure 5. e valueS b and L

are taken imQ aiddnfeolidenttic8lOwithi thei estomated| spedyh t hisgsagnél is[ err]

25 fromthe state machine 540, The value b denotes a factor by which a
gi ve® sanpl Ehpeiga@senef) segsha Sﬁ@ﬁﬁﬁylﬁuPﬁersﬁﬁgesﬁéﬁlP@@eﬁuﬂﬁwsﬂlédOfand
the value L no, rr [ t np S ckwar ds,in

t he EXCItatlg% H%% egbé;f%%ﬁ?ﬁh glsgn}%i |?§t|%§ ?%%?]Egﬁ sﬁgrﬂ%%e

taken. Exci héh!r@@t39recedu|i\gl; Sé&ﬁplle[ ef-r:]s( k) fallaeh] bekdith the,vaBié [{N+N)
fromthe signal Cis stored in the nenory buffer 620. The storage capacity

of the nmenorpdbufier pegerwillevedory esportdet oradic egadpnabo iganpesmgct of
sample 17-22 is lower than the wvalue ¥,. The reconstructed

10 speech signal r,. will again be comprised of a combination of
the received speech signal r and the estimated speech signal'

7 during the terminating two samples 24 and 25, because the

power level vy of the received radio signal in respect of

speech samples 23 and 24 exceeds the powér levél'h but falls

15 beneath the long-term mean value yo..It can be mentioned by
way of example that the reconstructed speech signal r... for

speech sample 25 is given by the expression r.,. = 0.1r +

0.9F, because n=9.

20 The flowchart in Figure 10 shows how the received speech
signal r and the estimated speech signal 7 are combined in
the signal combining unit 700 in Figure 7 in accordance with
a second embodiment of the inventive method. A variable n in
the processor 710 can also be stepped between the wvalues -1

25 and n.+1 in this embodiment. The value n, also in this case
denotes the number of consecutive speech samples during which
the guality parameter g of the received radio signal may lie
beneath or exceed respectively a predetermined gquality level
B, before the reconstructed signal r.. is identical with the

30 estimated speech signal 7 and the received speech signal r

respectively, and during which speech samples the



WD 97/ 38416 PCT/ SE97/ 00569 i.e. N =
150," and ‘i nformation fromthe signal Cis stored in accordance with the
shift register principle, wherein the oldest information is shifted out,
i.e. in thi 9 rased, when new information is shifted ipgpsfbauste
LPC/ LTP anal ySi s judges the sound concerB&d to be a voiced sound, the

control signal s[err ives the control_unit 610 the consent Vv t he
val ues b ancFTc‘T%ettW]é:t%éinﬁP§eﬁgf?le?n%go?“‘fhles \Féﬂ"l?gll_sfa%v\ﬁ?c ?é&():?lg%%%%(f rrom
the long terde 1@he red¥if@idCtégduch LEPgnadf r ted spheecdstiviaged speech
denotes the periodicity of the speech signal r, and the value b
constitutes sigwalghting factor by which a given sample [err](n+i) fromthe
excitation history shall be multiplied in order to provide an esti mated
source signal [err] which generates an 15 optimal estinmated speech

si gnag [err]pnd heguabet hgapBabim of ikhe 19eEaRERORHE GRalueC.n V2e Mal stesp b
and L thus control the manner in which information is read fromthe nenory
buffer 620 aleP?hereRs ftor enguskghbat Hike rdoumter varigblennt Well AGiYa R

o0 R, U Gt OISR TR Cefl IEERRLE OBl e
n to a randoregemed abldn 6bondieievihl the geprstabpecgRNSEMEES. ald
sequence H[errg. 25 The  signal Herr] and the randomsignal Herr] are
wei ghted int005, the signal combining unit 700 takes a Tfirst speéch
0 sample of the received speech signal r. In step 1010, it is
ascertained whether or not the quality parameter g, in this
example represented by the bit error rate, BER, in respect of
a data word corresponding to a given speech sawple, exceeds a
given value, i.e. whether or not the bit erxror rate, BER,
15 lies beneath a predetermined value B,. The bit error rate,
BER, can be calculated, for instance, by carrying out a
parity check on the received data woxrd that represents said
speech sample. The value B, corresponds to a bit error rate,
BER, up to which all errors can either be corrected or
20 concealed completely. Thus, By will equal 1 in a system in
which errors axe not corrected and cannot be concealed. The
bit error rate, BER, is compared with the level B, in step
1010. If the bit erxror rate, BER, is lower than B,, the
reconstructed speech signal r,,. is made equal to the received
25 speech signal r in step 1015, the counter variable n is set
to one in step 1020, and a return is made to step 1005 in the
flowchart. Otherwise, it is ascertained in step 1025 whether
or not the bit error rate, BER, is higher than a
predetermined level B, that corresponds to the upper limit of
30 an acceptable speech quality. If the bit error rate, BER, is

found to be higher than B,, the reconstructed speech signal

Yree 18 made equal to the estimated speech signal 7 in step



mul tiplication units 640 and 650 with respective factors s[err] and Serr]
and are simmted in a sunmmmating unit 660, wherein the estinmted source
signal [err] is generated in accordance with 30 the expression [err] =

s[err]H err] + rlHerr]. If the current speech sound is vgi

factor S[err"]é%}égsége‘{_< to a logic one and tdwe factor sf[err] W@?‘?’g 416
PCT/ SEQ7/ 00569 20 is set to a |logic _zero, whereas if the current speech
sound is unvdPRed, ERRCPURLSH Vﬁ‘éﬁgﬂlei & 48t Se5 5°l Bgi I AP 4935t henfadt or

s[err] to a ngﬁgnoq%; hfaed &saeéggif A s g{s}gté@ B30 “i'}‘aﬁ’it?ﬁé’ ﬁeenct

S[err] is reduced during a nunber mut u sequent sanpl'es and

Slerr] is inetreasetate, aBER) s pimndidig-aleigy eEBowalhefifas o dfill APt Lan
froman unvoiced to a vojced sound, %err] and S[err] are

respect i vel ySEFRBdhERE: ERE FREPRASHFESE FRGITe PG mmrifecalrylated The
e o s e ok B b

updat s the excit: I stor) . sanpl’e- by sanp ; .
i[lustrates the sé€8dved GPidtiGignial £08nHNaFkaEhRd 1Pactor MmulRiphiel the

recei ved speech signal r and the estimated speech signal [err] are
conbi ned. | nbrdthei estivatbdsepgegnabignahersi gmaltdamsExampdeuniot =70, al so
receives the quality_paraneter q. On the basis of the quality paraneter q,
a n) Vn: and [? = n/n,, and hence r.. is given %y the expression
Yree = {Dme-nixx/n, + nx7/n,. The next speech sample of the
10 received speech signal is taken in in step 1045 and it is
ascertained in step 1050 whether or not a corresponding bit
error rate, BER, of the received data signal is lower than a
level B, which, for example, denotes the arithmetical mean
value of B, and B,, i.e. B, = (By+B,)/2, and 'if such is the
15 case the counter variable n is counted down one increment in
' step 1055 and it is ascertained in step 1060 whether or not
the counter variable n is less than zero. If the counter
variable n in step 960 is less than zero, this indicates that
the bit error rate, BER, has fallen beneath the wvalue B,
20 during n, consecutive speech samples and that the
reconstructed speech signal r,,. can therefore be made equal
to the received speech signal r. The flowchart is thus
executed to step 1015. If the counter wvariable n in step 1060
is greater than or equal to zero, the flowchart is executed
25 to step 1040 and a new reconstructed speech signal r,.. is
calculated. If the bit error rate, BER, in step 1050 is
higher than or egual to B,, the counter variable n is
increased by one in step 1065. It is then ascertained in step
1070 whether or not the counter variable n is greater than
30 the value n.. If such is the case, this indicates that the
bit error rate, BER, has exceeded the wvalue B, during n

consecutive samples and that the reconstructed speech signal



processor 710 generates weighting factors [err] and [err] by which 20

the Trespective received speech signal r and esti mted speech signal [err]
are multiplied in multiplying units 720 and 730 prior to being added in the
summat i on uni“;oﬁl,gﬂsand formthe reconstructed speech signalpcilseéfidosseThe
respective weighting factors [err] and [eer] are varied fromsanple to

sanpl e, depending 25 on the value of the quality paranetegﬁ%err . Wen
the quality dfret hEPPELE; v"'e]&e’é‘?fg&% glegr%}a?eq ngﬁé‘a}es"fl‘i}hetﬁéi t’f'%%‘t‘?ﬂ a
i's increased [ ght# noa f gt @Fn [ 5T hg@gﬁ ) & PO
extent. The r verésﬂé}%%dp% es v%en thenquéal%ty 0 &?'flgnatr%cgﬁ vcegdfe?geech rsh?"‘gnal
r falls. Howeates, fldwecisarn ofOthadfirise, trd flowdhart alsvepecuited to \WRep

97/ 38416 PCT/ SE97/ 00569 21 The
flowchart in F4YurAS 3 MeYs FEEPBELRBAFERSRRRch Wigrdeden 37 Fad CHlafiRft he
estimaged speech signal [err] are conbined in the signal conbining unit 700
in Figure 7 in accordance wwth a first enbodi nent of the inventive nethod.
The processora 7S al casef ofhehei gfiatedasdy ibar) exiimplé00si dist atiesd arhen

counter variable n vvg'gch an be stefg_ged bet vvegn the values -1 and n[err] +1.
The val ue n[ &Frt8i #&L°VR8 MbEPREFEBR R edut PEE shedth SEAPFRECYur iBRE -

whi ch the qualidyeilar 3rel@h Jagbubbe tR6ei yakdadio $hdlak, caphdaldg begeath
or exceed a predetermned quality
allowing the guality parameter g to cenote the bit error
10 rate, BER, for each data word. If the number of errors in a
given data word exceeds a predeterminei value B,, this is
indicated by setting q to a first value, for instance a logic
one, and by setting g to a second value, for instance a logic
zexro, when the number of errors is lower than.or egual to B,
15 a soft transition between the received s3peech signal r and
the estimated speech signal 7 is obtained in this case, by
weighting the signals r and 7 together with respective
predetermined weighting factors a and B during a
predetermined number c¢f samples n,. For :nstance, n, may be
20 four samples during which a and B are stepped through the
values 0.75, 0.50, 0.25 and 0.00, and 0.25, 0.50, 0.75 and

1.00 respectively, or vice versa.

Figure 11 shows an example of a result th:t can be obtained
25 when running through the flowchart in Figu:'e 10. n, has been
set to 10 in the example. The bit error rate, BER, of a
received data signal is shown along the verzical axis of the
diagram in Figure 11, and samples 1-25 of ~he received data
signal are shown along the horizontal axis of said diagram,
30 said data signal having been transmitted viz a radio channel

and represents speech information. The bit 2rror rate, BER,



10 |l evel [err] before the reconstructed signal r[err] wll be
identical® wwth the estimated speech signal J[err] for the received
speech signal r respectively, and during which speech sanples the
reconstructed speech signal r[err] will be conprised of a conbination of
the recei veWOXIB8IA signal r 15 and, § he estimated speBEFSETHNEP p.
Thus, the larger the value of n[err], thé longer the transition period
t[err] betwegnatikveabdoiftgnehsed bavblei,] . B nard &), .800fikbe Tewsipere, .
variable n is given the val ue nLerr]/Z 20 in order to ensure that the
counter var FEBFESRORAF| tRave BiFe&I3PIbI kA UBEBhomhd chheemudiehadt Rand

[0 SLep 840pLRckhenk eSONBLLUEL 10 Olpblen! dithnadOohl SR Cuokdy ot ERB05

t he signal n receives a fir Spee sanple 0
recei ved spegehbesi gisl ablel rtest eprBéft idnd/eraseatideanedp2io B,-whetiber

or not a given qualit par ar,retﬁr exceeds a predeterm ned val ue.
In tH s exaRpFErSt helr KAGNY edSSEYHHE q‘?l%"‘}ty'oil?-al PovRrans r éfVedent Bt he

pover | evel sbgbtbsoh it L&g%y%@dim) gaflle%gﬁ;rgg}q]%tahgg@haéeullati s

therefore conpared in ste a power conprises the
30 | ongotreeppordinyg alspeeoch tsignpdwerwildvehader eh @hathepta&sEy vadwr adi o

signal. If y is_ higher tha% y[err], the reconstructed speech ., WD 97/38416
PCT/ SE97/ 0058813ty. A third “level B, constitutes the arithmetical wmean

value B, = (B.+By)/2 of B, and B,.

10

The bit error rate, BER, of the received data signal is below
the 1level B, during the first four speech samples 1-4
received. Consequently, the counter wvariable n is equal to
one during samples 2-5 and the reconstructed speech signal
15 rree 18 i1dentical to the received speech signal r. During the
following twelve speech samples 5-16, the reconstructed
speech signal r,.,. will be comprised of a combination of the
received speech signal r and the estimated speech signal 7,
since the bit error rate, BER, of the received data signal
20 with respect to these speech samples will lie above B,. The
reconstructed speech signal r,... will be identical to the
estimated speech signal 7 in the case of speech samples 17-
23, since the bit error rate, BER, of the received data
signal with respect to the ten {n,=10) nearest preceding
25 samples 7-16 has exceeded the value B, and the bit error rate
in respect of samples 17-22 is higher than the value B,. The
reconstructed speech signal r,.. will again be comprised of a
combination of the received speech signal r and the estimated
speech signal 7 during the two terminating samples-24 and

30 25, since the bit error rate, BER, of the received data



signal r[err] is mude equal to the received speech signal r in step 815,

t he ‘count-er variable nis set to logic one in step 820, and a return is
made to step 805 in the flowhart. Oherwise, it is ascertained in step 825
whet her or NSb e /gﬁ power level [err] is higher than gcpeedesses m ned
| evel [err], corresponds to the Ioméﬁ I|n1t of an acceptabl e speech
quality. If [err] I S ,not hrgher t han

L reconst cted ech $lgna
rlerr] is na(fégé’q‘&al“'ltté? FEPEEE; hBt BB %513} %?rm% Hhats [%‘? eSl the
counter variahleing s sgt é*bég&gwghé qesgep3§35 10 and a return IS

made to step 057 in"the flowchart. it should be found in step 825 that
[err] is higher than [err], the reconstructed speech signal rf[err] is
calculated in step 840 as the sumof a first factor [err] nultiplied. by the
recei ved speech signal r and a second factor [err] multiplied by the 5

esti mat ed SpﬁfCh sgqg%% [gr4] er%f%gds y 4f%£]t5e(Qk§£5LﬁB£/nwﬁT]

and [err] ence r I'S given e expression r

(n[errg-n) xr/cmaerlrr]y pavererel/ g Bas] beefihpasedt ospeenbasargd e Hevel
recei ved speech signal is taken in step 845, and it is ascertained in step
850 whet her ar oot tbher@eeresﬁoﬁeidhg zggnal apsher [calemlpted] bat teméfor

ar | thit i cal TR Ve 51 O ol R nee ey " ER R

and if such igivdie eafie tdiantednaad wa&babhcepﬂessnwuehedr@tswxresmespeech
increnent in step 855 and it is ascertained in step 860 whether or not the
counter 25 signadrimbNatyradlypafiPep thandzerbodivent of FRRintPVeRiih 860

that {I.E'e Cour'grfg &@éiﬂﬂ} ep&én?et%pléeéaﬁhﬁ@ 5$58d EQ' %n estimate' of the
signal level of the desired radio signal C in a ratio C/I to

the signal level of a interference signal I. The relationship
between the ratio C/I and the reconstructed speech signal r,.

will then be essentially similar to the relationship

15 illustrated in Figure 8, i.e. the factor P is increased and
the factor o decreased to a corresponding extent in the case

of decreasing C/I, and the factor o is increased at the cost

of factor § in the case of increasing C/I. Corresponding
flowcharts will, in principle, correspond to Figure 8. Step

20 810 would differ insomuch that instead C/I > C,, step 825
would differ insomuch that C/I > C, and step 850 would differ
insomuch that C/I > C,, but the same conditions will apply in

all other respects.

25 Figure 12 illustrates diagrammatically how a guality
parameter g for a received speech signal r can vary over a
sequence of received speech samples r,. The value of the
guality parameter g is shown along the vertical axis of the

diagram, and the speech samples 1r, are presented along the



I ndicates that the power level [err] has exceeded the value [err] during
n[ert] consecutive sanples and that the reconstructive speech signal r[err]
can therefore be made equal to the received 30 speech signal r. The

flowchart i ol lowed to step 815. If, in step 860, t
vari able n 3%6%?1{? to be WO 97/ 38416 30 r}%‘é%%ggfl 00569

23 greater than or equal to zero, the flowhart is executed to step 840
and a new hedarntaktdEs spbethe diggmam. rTher puakityl putaned@r I1¢ for step

850 t he power_l evel is | [ n.or.equal to [err], the counier
variable n i”Jé,Pefen regsgg‘érl%y Ig'ne}'ﬁ)‘\?,\é(rz;eJSJehda du&gg 865, 1?‘% ilé’ltfﬁgﬁ?ast@eﬁla‘?%ed
in step 870 whaddtei ar poédéthearntioisd elevali afl ecrud ScBreat®snddanct henyal ue

nferr] and if such_.is the case this indicates that the signal |evel y has
fall en beneat®&he Nidtite Fe¥r]|2cRARGAPYIT esPReSbnsaeatite sIhpl excomtivediat

e 76520 AL, PSRRI 510U AU AU, UBERLAES: % 8 pnndBEP

equal to the“estinmated speech sign err]. Are n fto
step 830 in daiheidd acilendimeCiheewira®, tfhe flowchart is executed to step 840
and a new reconstructed speech signal r[err] is calculated. 15 Fi gure
9 illustrates an exanple of a result that can be obtai ned when executing
the flowhart in Figure 8 nf[err] has been set to 10 in the exanple. The
power |evel y of the

Figure 13 illustrates diagrammatically how the signal
amplitude A of the received speech signal r, referred to in
10 Figure 12, varies over a time t corresponding to speecﬁ'
samples 1x,. The signal amplitude A is shown along the
vertical axis of the diagram and the time t is presented
along the horizontal axis of said diagram. the speech signal
r is subjected to disturbance in the form of short discordant
15 noises or crackling/clicking sound, this being represented in
the diagram by an elevated signal amplitude A of a non-

periodic character.

Figure 14 illustrates diagrammatically how the signal
20 amplitude A varies over a time t corresponding to speech
samples r, of a version r,. of the speech signal =
illustrated in Figure 13 that has been reconstructed in
accordance with the inventive method. The signal amplitude A
is shown along the vertical axis of the diagram and the time
25 t is presented along the horizontal axis thereof. During that
time interval t,, in which the gquality parameter g lies
beneath the level q., the reconstructed speech signal will be
comprised, either totally or partially, of an estimated
speech signal 7 that has been obtained by linear prediction

30 of an earlier received speech signal r whose quality



recei ved radi o signal exceeds the long-termnean value [err] during the
first four received speech sanples 1-4. 20 Consequent |y, because
the flowhart in Figure 8 only runs through steps 800-820, the counter

vari able n wll efore be equal to one during sanpl es 2-gRe-ydEdydoses he
reconstruct&b 6;8%2{1 signal rferr] wll begiidentical with tﬁg recei ved

speech signal r during sanples 1-4. The reconstructed speech sjgnal 25
rlerr] will leaxewghesd hos £x66RBEAMI o RS eshdmatedi oreedpeednaly dhals r-

and the estinated e i e ri & | I Qyin
sanpl es 5- 16%%%%%2%% eosnﬁ%\?\gr O%ef\?é}'tgyo L{%hleéfet{:h%nvggﬂer gﬁ%‘%ﬂﬁ‘gnﬁgﬁ‘ﬁ?h
respect to thesgnspeechcomdgnes.withud, ethenaaidodsheubesg- ispecheasiymd e
[err] of the 30 _power level of the received radio sjgnal, For

i nst ance, thefweecoMdithictetl spuREired gRll & [ ¥rridble sgembhnakidhecs i be
WO 97/ 38416 .

. . A j )
by the expres’%?%%“ﬁdr??e%db.%lrgn 2o 71304 27 eStluma%%g:%%%Zfﬁ%%@g cgfple%}% "

e +70.71[err], because n=1, for

sanpl e 14 wi |l ipbeckyi wagmay,t ke laxprgssi @n §éwexd1 Ty OuBl for®. dherédnsthrapause
n=8. The reconstructed speech signal rrec will be identical with the

esti mat ed spe@RLEFYnarreapeGtive sof thet guadisy of dhecreetinnde apesch
since the pover L. y of the received radio signal in respect of the ten
(n[err]=10) near est precedi ng sanple 7-16 has fallen beneath the val ue
[err]

10 Figure 15 illustrates the use of the proposed signél
reconstruction unit 240 in an analog transmitter/receiver
unit 1500, designated TRX, in a base station or in a wobile
station. A radio signal RFy from an antenna unit is received
in a radio receiver 1510 which delivers a received

15 intermediate freguency signal IF;. The intermediate frequency
signal IF; is demodulated in a demodulator 1520 and an analog
received speech signal r, and an analog gquality parameter g,
are generated. These signals r, and g, are sampled and
gquantized in a sampling and quantizing unit 1530, which

20 delivers corresponding digital signals r and g respectively
that are used by the signal reconstruction unit 240 to
generate a reconstructed speech signal r,.. in accordance with

the proposed method.

A transmitted speech signal S is modulated in a modulator
25 1540 in which an intermediate frequency signal 1IF; is
generated. The signal IF, is radio' frequency modulated and
amplified in a radio transmitter 1550, and a radio signal RF;

is delivered for transmission to an antenna unit.



and the power level [err] of the radio signal in respect of sanple 17-22 is
| ower than the value [err]. The reconstructed 10 speech signal r[err]
wi |l again be conprised of a conbination of the received speech signal r
and the estimated speech signal -[er]  -during the termnating two sanples 24
and 25, bec¥@9@3%4e power level y of theyeceived radio siE)&HFE &spect
of speech sanples 23 and 24 exceeds the power |level [err] but falls 15
beneat h t heFiguxge t exén neblustatated erilie  Msecamibe tient ipaopdsby Wwaygnil .
exanpl e that the reconstruct.ed speech signal r, er&k for speech sanple 25 is
gi ven by thﬁg%ﬁﬁﬁ%ﬁﬁﬁEﬁPq[QB#% 22 1 Q—%%%ﬁ%ﬁ#ﬁﬁe EE5G3ESR=Y"1501E00, The
{1 onchart i dedi giwitted OrphioWen NAWHARS 1AGRINR0 PR CRaBLINALeL: 208 LHEL

esti mated speech signal [err] are conbined in the signal conmbining unit 700
in Figure 7commatiocsttharRRPGY tencpdest mreemibddifimematabnt he radéot sxgnakt hod.

A vagi abl e in_the processor 710 can al so, be. st epped hetween the values -1
25 5 and“ 67O 21 ATERRESCHBOH RBrt SCTHEEd ek A TREE4VER 1AIS case
denot es t heyildRede D{vERNSECLE by Br &Pt SREDI % REdARNMY Gghhe awal ity
paranmeter q of the received radio signal may |lie beneath or exXceed

respecti velJhe pntgemeditped foygauengyl esdanagd] eiF] bef glemotindatedonist ract ed

and the rccattedi i SEegnairlet by 55 A SRFHen "baRbend

speech sagidesl B R®d a quality parameter q. The signal B; is decoded

10 in an ADPCM decoder 1630, wherein a received spe=zch signal T
is generated. The quality parameter g is taker. in to the-
ADPCM decoder 1630 so as to enable resetting of ihe state of
the decoder when the gquality of the received radin signal RFg
is excessively low. The signals r and g are finslly used by
15 the signal reconstruction unit 240 to cenerate a
reconstructed speech signal r,.. in accordance with the

proposed method.

A transmitted speech signal S is encoded in an ADPTM encoder
20 1640, the output signal of which is an ADPCM encoded baseband
signal B,. The signal B; is then modulated in a modulator
1650, wherein an intermediate frequency signal IF, is
generated. The signal IF; is radio frequency modulated and
amplified in a radio transmitter 1660, from which a radio

25 signal RF, is delivered for transmission toc an antenra unit.

Naturally, the ADPCM decoder 1630 and the ADPCM encoder 1640
may equally as well be comprised of a logarithmic PCM decoder

and logarithmic PCM encoder respectively when this form of
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reconstructed speech signal r[err] is conprised of a conbination of the

recei ved speech signal r and the estimated speech signal [err]. 5 The
counter vari §risslsS allocated the value nferr]/2 in step JPQQ%E”?(QSQS to
ensure that the counter variable n wll hage a reasonable value 1T step

1040 in the flowchart shoul d,be reached when reconstructing the first

speech sanpl EPYEFRst §94885, 18he3BPGHER cdfbi RPfg BXFEemOOin adyich fithe .
speech 10 S f ; i SE8F i.gnal r. In step 1010, it is
ascert ai ned &ﬂ%thertgﬁgégkgghgégﬁg¥ﬁgy pargﬁgﬁggﬂﬁ, in this exanple .
represented by the bit error rate, BER, in respect of a data word
corresponding to a given speech sanple, exceeds a given value, i.e. whether
or not the bit error rate, BER 15 | i es beneath a predeterm ned val ue
Bl[err] . The bit error rate, BER, can be cal cul ated, for instance, by
carrying out a parity check on the received data word that represents said
speech sanple. The value B[err] corresponds to a bit error rate, BER up to
which all errors can either be corrected or 20 conceal ed conpl etely.
Thus, B[err] will equal 1 in a systemin which errors are not corrected and
cannot be concealed. The bit error rate, BER 1is conpared with the | evel
Bl[err] in step 1010. If the bit error rate, BER is |lower than Blerr], the
reconstructed speech signal r[err] is nade equal to the received 25

speech signal r in step 1015, the counter variable nis set to one in step
1020, and a return is made to step 1005 in the



flowmchart. Oherwise, it is ascertained in step 1025 whether or not the
.bit ‘error rate, BER is higher than a predetermined |evel B[err]

that corresponds to the upper limt of 30 an accept abl e speech
quality. If %he bit error rate, BER is found to be higher than Blerr], the
reconst ruct edCSHEHLh signal r[err] is made, equal to the estTﬁH?@Whgﬁ%ech
signal [err] in step W07/ 38416 26

PCT/ SE97/ 00569 1030, the counter variable nis set to n[err] in step 1035,
and a return is nade to step 1005 in t h&€YAIMd{chart. |f the bit error rate,
BER, is found to be |lower than or equal to B[err] in step 1025, the
reconstructed speech signal r[err] is calculated 5 in step 1040 as the
sumof a first factor a nultiplied by the received speech signal r and a
second factor [err] nultiplied by the estimated speech signal [err]. In

this exanpl e,1a = X n[mttiod npfn[eeednstinrhididmg] a NépPé&dh | signdihepssmr [£r1]
is given by the expression rferr] = (n[ferr]-n)x + nx[err]/n[err].

rinferr
The next speeddF&H e”tﬁnaclhf[s(ri@] “ﬂngr%c%’r%ﬁ%iﬁblh (]§i°@haﬁnﬁsat@k@hi¢3n in
tep 1845 andyitap c ai i o) a gorre ndi n
b ertar TR ARl 2 PR A O Whpilly il o FERAN!

bit error rat'e, BER of the received owWer ana | ev
Bl err] which,of osagdanpignalenoties t{s00ari anmsdtdaatedansiglaie oF ) Bl gidd

and B[err], i.e. B!eg&%iz %B[errJtBlerr )L2, and if such is the 15
case the courff¥TSRRIUL eR 1P ofmteFR vVirdveserrf | §het epeaebBRANd
it is ascertalngathi n @hep JORDIYHRS heb:8r Aleivea signal (r) and said
estimated signal (F) and forming a reconstructed speecﬁ
10 signal (r;..), wherein said quality parameter (g} determines
the ratio (o, B) in pursuance of which the combination takes

place.

2. A method according to Claim 1, characterized by basing

the quality parameter (g) on a measured power level (RSS, ¥)

15 of the received signal (r).

3. A method according to Claim 1, characterized by basing
the guality parameter (q) on an estimated received signal
level (C) of said received signal (r) in proportion (C/I) to

20 the signal level of a disturbance signal fI).

4. A method according to Claim 1, characterized by basing
said quality parameter (g) on a bit error rate {(BER) that has
been calculated from a digital representation of said signal

25 {r).

T



the counter variable nis less than zero. If the counter variable n in step
960 i's | ess than zero, this indicates that the bit error rate, BER has
fall en beneath the value Blerr] 20 during nferr] consecutive

speech sa §71334f%”d t hat t he reconstructed speech si 9'}%:1 bhdokds CaN

t herefore be nmade equal to the received speech signal r. The owchart is
thus executed to step 1015. If the counter variable n in step 1060 is

greater than dr edudtetRPd ereconhi@s |tchirimi k. egbagaetenized by tbasing .
1040 and a n o t LN rfe [ cul at f bi t
error rate, E.Béllzzg,(f}i ﬁﬂé%%%?lg‘éérﬁﬁg@ﬁ?gﬁg? %nanéor}b%]gqua a%?éo %r%c%m{ h«gwﬂ
counter vari ditat nhas ieEreasekbintede fromst ap didfiTall t réprdden aasesy taf ned
in step 1070 vvh.eé her or. nos the counter variable n is greater than 30

the val ue n[ €ft49 §%9%cHT’s the case, this indicates that the bit error
rate, BER, has exceeded the value B[err] during n[err] consecutive sanples
and that the reconstructed speech signal WO 97/ 38416

PCT[ SE97/ 00569 2 7 r[err] should therefore be placed equal with the
estimated speech signal [err]. Areturn is therefore nade to step 1030 in
the flowcharté- Ot Her whgehog heapredhagt to exdut edneo sfep Cl@dsandl 5 new

reconst r uct edygResal Si,WPRLY [fldihd $5% 8% nede1 (500) on a linear

prediction (LPC/LTP) of said received signal (r).

10 7. A wmethod according to Claim 6, characterized in that
said linear prediction (LPC/LTP} generates coefficients that
denote a short-term prediction (STP) of said -received signal

{r).

15 B. A method according to Claims 6 or 7, characterized in
that said linear prediction (LPC/LTP) generates coefficients
that denote a long-term prediction (LTP} of said received

signal {r).

20 9. A method according to any one of Claims 6-8,
characterized in that said 1linear prediction (LPC/LTP)
generates amplification values (b) that relate to a history

(8(n+1), &(n+2), ..., &(n+N)) of said estimated signal (7).

25 16. A method according to any one of Claims 6-9,

characterized in that said linear prediction (LPC/LTP)

e



A speci al case of the aforedescribed exanple is obtained when g is allowed
to constitute a bad frame indicator, BFl, wherein g can assume two

di fferent values, instead of allowing the quality paraneter g to cenote the
bit error 1Q rate, BER, for each data word. If the nunber of errors in
a gi ven dat a¥Q3FP4ceeds a predeterm nedsyal ue Blerr], thiREHSESTMEFLat ed
by setting g .to_a first value, for instance a |ogic one, and by setting q
to a second wBFd¥deforinfieImakdens (dgias zbeowhahbart hdenmeiceivefl erdgor3 s

| ower than. or. .q t40 e oft. transitiqgn_between the

recei ved spee(gﬁ ;%%gfr% ]r%a%\%;?‘ﬁéedseg?i rzfaegré'%s%%%egﬁ’ea: naPEPEPFEITE 8bt &Pned
in this caserepyesehghihfigridieicn gdls nondpekehl kihgget her with respective
pr edet er mi ned wei ghti ng factors [err] and [err] during a
predet er mi ned nunber of sanples n[err]. For instance, nt may be 20

four sanples during which [err] and [err] are stepped through the val ues
0.75, 0.50, 0,25 and 0.00, and 0.25, 0.50, 0.75 and 1.00 respectively, or
vice wersa. khgurg linetheds axcradpke afe a ul hat sca bt ai_ped 25
when running through the flowchart i%eFigureéﬁg. %?%rr%fhaglggg% sgtE§6 10
in the exanprbargptepizedrrdn rbhat BsRidoflineacei peelitatiansi gnelc/LEPshown

al ong the vertical, axi,s.of the di amin Fiqure 11, and sanples 1-25 of
t he receivediag gdgggﬁgfogwgpiﬁ%mﬁg IBﬁgtPhégﬁﬁsﬁfbﬁ?& Fereiypds gignal
diagram 30 (r) &wiIl dadka ségnmda haw Ngepesiedt aBSMdi&h Viduda’ 3 Oco

channel and represents speech information. The bit error rate, BER
represent an unvoiced sound.

10
12. A method according to any one of Claims 6-11,
characterized in that said linear prediction (LPC/LTP)
contains information (c} as to whether said received signal
{r) shall be assumed to be locally stationary or 1locally
15 transient.
13. A method according to any one of Claims 1-12,
characterized in that said received signal (r) is a sampled
and quantized analog modulated and transmitted speech signal.
20
14. A method according to any one of Claims 1-12,
characterized in that said received signal (r) is a digitally
modulated and transmitted encoded signal.
25 15. A method according to any one of Claims 1-12,

characterized in that said received signal (r) is generated

[T



WD 97/ 38416 PCT/ SE97/ 00569 28 is
divided into three levels B[lerr], Blerr] and B[err]. Afirst level, Blerr],
corresponds to a bit error rate, BER, which results in a perceptually
error-free s eech |gnal In other words, the systemis ablgfgre5/b568Ct
and/ or conce B[err] 1 bit 5 rors in each recelved dat a
word. A second | evel Bl err] denotes bit er r.at e, R, of h hlgh
magni t ude t haY é%#?%gﬁﬁhd?%gaé BELHE s FIeRtip hé&@jﬁh o %c@ﬁ?&gﬁ§
quallty A tQAbF % Blerr] constitutes the arithnetical nean val ue
Blerr] = (B[err]+ Ferr?)lz of Blerr] and B[err]. 10 The bit error rate,

BER, of the received data signal is belowthe level B[err] during the first
four speech sanples 1-4 received. Consequently, the counter variable nis
equal to one during sanples 2-5 and the reconstructed speech signal 15
rlferr] is ideptic peech sj gpal i n foll ng
twel ve speecﬁe Ie%%§5%§ %he %ggoﬁstﬁgcte spéﬁ% g?gnaP1£F§rr]E 9?? be

conprissed of caae-aa‘ebﬁatze@nmf thhe beteéi vedeipedchbighghal(ry aedgeherated
esti mat ed speech_si gnal erri since the bit error rate, BER of the
recei ved dat Bysideeeding a logamithedcaddyr cPeher e cogeecrodulatiass WPAM) | e
above B[err] § reconstructed speech signal r[err] wll be identical to
the estimated peech signal [err] in the case of speech sanples 17-

17. A method according to Claim 1, characterized in that
said ratio (a, B) is variable from solely denoting said
10 received signal {(x} to solely denoting said estimated signal

(7).

18. A wmethod according to Claim 17, characterized in that
transition from solely said received signal (r) to sol:zly
15 said estimated signal (F) takes place during a transition
period (t,) of at least a number (n,) of consecutive samples
of said received signal (r} during which the quality
parameter (g} for said received signal (r) is below a

predetermined quality value (y.).

20
18. A method according to Claim 17, characterized in that
transition from solely saild estimated signal (F) to solelw
said received signal (r) takes place during a transition
period (t,} of at least a number {n.) of consecutive sample:
25 of said received signal (r) during which the quality

parameter {gq} for said received signal (r) exceeds =

predetermined guality value (y,).

A



23, since the bit error rate, BER of the received data signal wth respect
to the ten (n[err]=10) nearest preceding 25 sanpl es 7-16 has exceeded
the value B[err] and the bit error rate in respect of sanples 17-22 is

hi gher than Lue Blerr]. The reconstructed speech signal,r r] will
HeSuE Eogheibies

again be co of a conbination of thgg recei ved speech nd the
estimated speech signal [err] during the two term nating sanples 24 and 30
25, since the bit error rate, BER, of the received data WO 97/ 38416 .

29 PCT/ SE97/ 00569 signal with respect to speech sanples 23

and 24 is bejew thenbeush %L%Echineut;pe@%gh%g fs-ne Lﬁxgécfé {4da | [ achLESt

and a second enbodi nent of the invéntion, ual 1ty paraneter g
has been bastlle oduratkasupédspddetrapsitiber perbbdt e, r exei decki dedli By shgna
and a calculatgg bi t ernfr rate,.Bﬁg, of a data signal that has been
transnitted RYEES IR VARAAREE ERBNGRFLOR rephaelitd - t he recei ved
speech signal r, Naturally, in a third enbodi nent of the invention., 10
the qgality parameter g can be based on an estinmate of the signal |evel of
the desired radio signal Cin aratio C1Il to the signal level of a
interference signal |I. The relationship between the ratio C | and the
reconst r uct et spet RETEEN e £PF RRFPRERERCHING o dinsgeshl pighail| fromoat he

relationshiPrddeivea bhibHEL ALY dfh FiAbiGafhg ' o® s ddiin A& 1S T uhte
(500}, characterized in that the signal modelling unit (500}

functions to create an estimated signal (F) corresponding to

10 anticipated future values of said received signal (r); iﬁ
that the arrangement includes a signal combining unit (700)

which functions to combine said received signal (r) and said

estimated signmal (F), therewith to form a. reconstructed

speech signal (r,..), wherein the ratio {(a, B} according to

15 which the combination is effected is determined by a quality

parameter (q).

22. An arrangement according to Claim 21, characterized in
that a processor (710) in said signal combining unit (700)
20 delivers a first weighting factor (o) and a second weighting
factor (B) on the basis of the value of said quality

parameter (q} for each sample of said received signal (r).

23. An arrangement according to Claim 22, Eharaeterized in
25 that the signal combining unit (700) functions to form a
first weighted value (or) of said received signal (r) by
multiplying said received signal {(r}) with said first

weighting factor (o} in a first multiplier wunit (720), and

A



the factor a decreased to a corresponding extent in the case of decreasing
C/l,"and the factor a is increased at the cost of factor [err] in the case

of increasing C 1. Corresponding flowharts will, in principle, correspond
to Figure 8. § ggugp 810 woul d differ insonuch that i ngépsehriooses >
derr], step 23U d differ insomuch thag o1 > Clerr] and step 850 would

di ff h that | he t |1

2l other reducEermom  secopiy piioiied | VelEer o(88) rhgeatfin 1EAHR  om
it t f

Cequence of HidlRIod' ?e)ei‘g%a‘é'ﬁﬁ?%yfﬂlif??gaThe DRSS BT B

param?ter Ia%u@%o&id)%x ivigr Ehesbraxps oh hheedbagradlt fsllidheausipeech
sanpl es r[err] are presented along the WO 97/ 38416

PCT/ SE97/ 00560733)0 hehexesint dtheaxftrsaff (%) deagr &de Hecapdal (iﬁt'y) peelghttas
for speech sanple r[err] received duyri i nt erval e i e
benea?ﬁ a préggt : Lﬁé@@l g[ &t ?ého éﬁpigpﬁﬁﬁéchbﬁﬁﬁé lﬁwﬁ é%?ﬁﬁ

for acceptablg, Yy AUt t¥ra0ihe LRTOINEA D said SPEESRsSHINAG Isiddl
therefore be subjected to di st ur bance during this tinme interval t[err].

Figure 13 i{#4ust st formeidagsaanfiitstlsymmaioien tigmadi.gnal anplitude A of
the received speech signal r, referred to in

24. An arrangement accoxrding to Claim 23, characterized in
10 that a transition wvalue (n,) stored in said processor (710)
denotes a smallest number of consecutive samples of said
received signal (r) during which said first weighting factor
{) can be decreased incrementally from a highest value to a
lowest value and said second weighting factor (B} can be
is increased incrementally from a lowest wvalue to a highest

value.

25. BAn arrangement according to Claim 23, characterized in
that a transition wvalue {n,) stored in said processor (710}
20 denotes a smallest number of consecutive samples of said
received signal (x} during which said first weighting factor
{a) can be increased incrementally from a lowest value to a
highest value and said second weighting factor (B} can be
decreased incrementally from a highest value to a lowest

25 value.

26. An arrangement according to Claim 24 or 25,

characterized in that said highest wvalue is equzl to one; and

L



10 Figure 12, varies over atine t corresponding to speech sanples
r[ert]. The signal anplitude A is shown along the vertical axis of the
diagramand the time t is presented along the horizontal axis of said
diagram th signal r is subjected to disturbance i él?% of
short di scosﬁéﬁf}?‘%gﬁ noi ses or cracklong/ cli cking soungl,’ |9fs7 5gglng
represented jn the diagtam by an evajed sigpal anplitude A of a non-
periodi ¢ charctRat ?—?g‘érgz’w%ﬁt Y3kt Har edvay by randat i 30 13F HRRF the

si gnal 20 anp).ighudg A bese QRS FelibiR 5 CO ndiRg sp .
sanpl es r[ersr"]m omé*ﬁéersffongﬂerfﬁl of thgrlgggé%ﬂ sf%ﬁ%&orqﬁql uéﬁ‘riat%%ﬁ?n
Figure 13 thadidmaSilraadteeongir et eguad Becsd«glance with the inventive
met hod. The signal anplitude A is shown along the vertical axis of the

diagram and the tinme 25 t is presented along the horizontal axis
thereof. During that time interval t[err], in which the quality paraneter q
| ies beneath the level g[err], the reconstructed speech signal wll be

conpr%sed, 8)4 heryrd ohakhigOhe M@ hbdbkdingf t30 £ | Hﬁ%fe%fSp@ﬁcirhssi gpadgferr]

t hat has been obtained by |inear prediction 30 an earlier

recei ved spdeotactsmirdd rin whbsdt gadditgignaMOw®dedd40§ unit (500)
PCT! SE971 00569 34, poraet ery 8 Mee eeeedisd Aghth: IS, 85' LmLed. shese
with a linear predictive signal model (LPC/LTP} parameters
{2, b, ¢, L) that depend on certain properties of said

10 received signal (x}.

28. An arrangement according to Claim 27, characterized in
that said parameters (a, b, c, L) include filter coefficients
{a} of a first digital £filter (510) and a second digital
15 filter (580) whose respective transfer functions (A{z),

1/a{z)) are the inverse of each other.

28. An arrangement according to Claim 28, characterized in
that the first digital filter (510) is an inverse filter

20 (Af{z)); and in that the second digital filter (580) is a
synthesis filter (1/A(z)}.

30. An arrangement according to any one of Claims 21-26,
characterized in that the signal modelling wunit (500)
25 includes a first digital filter (510) and a second digital
filter (580) whose respective transfer functions ({m{z},

1/A{z)) are the inverse of each other.

L



therefore probably of better quality than the received speech signal r
concerned. Thus, the reconstructed speech signal r[err], which is conprised
of a variable conbination of the 5 recei ved speech signal r and an
esti mat ed v%aig %ésrr] of said speech signal, will have a genefabssse

uni formor conStant quality irrespective & the quality of the received
speech signal r. 10 Figure 15 illustrates the use of the
proposed signal reconstruction unit 240 in an analog transmtter/receiver
unit 1500, designated TRX, in a base station or in a nobile station. A
radi o si gnal 38RR fAnommAmrayeiventa asvordisgr emei&mm oA chaxkatermriorsd igr
1510 which delivers recei g nte; di at uencg %na

| Flerr]. Theqhﬂ%ﬂ?ﬁﬁh%&%ﬁ?réhﬁéH%§ +yheF ﬂﬁﬁg nFa?s nﬂggF Ti fta 2
denodul at or 0g ce) v, &S I ] ng | og
quality par arre %%e grgg g%é\gr%eﬁqaérhesemsel%cg;aﬁadl%g%? fgggeﬁ[ eﬁt? are
sanpl esl and mwtﬂhked:mai-aa:taanpflmglmebmmﬂmezg unit 1530, which 20
delivers corresponding digital signals r and q respectively that are used
by the signal reconstruction unit 240 to generate a reconstructed speech

signal r[err] in accordance with the proposed nethod. A transmtted speech
signal S is nodulated in a nodul ator 25 1540 in which an

i ntermedi at e 34 r equengyrassgialt a&E6Fding i $ogeiss abge. ofhe1siigsal 28 Fer r ]
is radio frequency modul ated and anplified in a radio transmtter 1550, and

a radi o si gnsthagdcterized ddpi véPal f §pifr addwsssi 8Agibahn Bhitema (MM

functions to filter saild received signal (r), therewith

10 generating a residual signal (R).

33. An arrangement according to Claim 32, characterized in
that said signal modelling unit (500} includes an excitation

generating unit (530} that functions to generate an estimated

15 signal {K) that is based on three of said parameters (b, ¢,
L) and a second summation signal (C}, and a state machine
(540) that functions to generate control signals (s,-s8¢) that
are based on said gquality parameter (g} and one of said

parameters (c).

20
34. An arrangement according to Claim 33, characterxized in
that said signal modelling unit (500) includes a second
summation wuwnit (570) that functions to combine a third
weighted wvalue (8;R) of said xesidual signal (R) with a
25 fourth weighted wvalue (sslz ), therewith to generate said

second summation signal (C).
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WD 97/ 38416 PCT/ SE97/ 00569 3 2 Figure
16 il'lustrates the use of the proposed signal reconstruction unit 240 in a
transmtter/receiver unit 1600, designated TRX, in a base station or a

nobi | e statiR@EéPgé comuni cat e ADPCM encoded speech infornation. A radio
signal 5 $1 froman antenna unit,is received i n afYHEFGPEei ver
1610 which delivers a received internediate frequency signal IFerr]. The

i nt er medi at e 35r-eqdéh GFEARFRIENLFRACO TG4 REd Hoat@him 3¢ ,d echoona cettegri zB@ A

whi ch del i ver, n A n ed,.hasehangd. si gnal err] and a qual

par aneter q. t%ﬁ% S?%‘g:wsgfégrg] (](llll%%%?odg’dﬁ-l (5%‘ nfoﬁc'AFﬁ@/l &&c ters30,
wherein a recRiieG et buwingtabnl signdeNQeRt edheF0G: Oald Y MATABIE1 L 1S
taker. in to the ADPCM decoder 1630 so as to enable resetting of the state
of the decod&stimatedheignali {§)of the received radio signal RF[err] is
excessively low. The signals r and q are finaLly used by 15 t he
signalg reconstruction uni t 240 to cenerate a reconstructed
speech signal r[err] in accordance wth the proposed nethod. A
transmtted speech signal S is encoded in an ADPCM encoder 20 1640,
the output si3gnal raf adwaigdrenn dERGMiEREo0g6d dhgs ahandosi @NakimBT .34,
signal Blerr].is then,nodqul,ated in a npdulator 1650, wherein an
internediatecpfﬁaﬁﬁﬁf?z A (H§ﬁ£32§x01tatlon generating unit (530)

includes a memory buffer (620) and a random generator (630).

10 37. An arrangement according to Claim 36, characterized in

that said memory buffer (620} functions to store the historic

values (&{n+l), &(n+2), ..., & n+N)) of said second summation
signal (C).
15 38. An arrangement according to Claim 37, characterized in

that said memory buffer (620) functions to generate on the
basis of two of said parameters (b, L) a first signal {(H,)

that represents a voice speech sound.

20 35. An arrangement according to Claim 38, characterized in
that said random generator (630) functions to generate on the
basis of said control signals (s,}) a second signal (H,) that

represents an unvoiced speech sound.

25 40. An arrangement according to Claim 39, characterized by a

third summation unit (660} which functions to combine a third

I



generated. The signal IFT is radio frequency nodul ated and anplified in a
radi‘o transmtter 1660, fromwhich a radio 25 signal RF[err] is
delivered for transm ssion to an antenra unit. Naturally, the ADPCM decoder

1630 and the‘%ég’,%“bencoder 1640 may equally as well be conprgrzss/oisen

| ogarithmc ecoder and | ogarithm c REM encoder respectively when this
f or m of W07/ 38416 , . . . . PCT/ 00569
33 speech c"b%t’r%e sva]ébeplﬁség") i‘?’f5 %%ed fslfﬁterﬁlqnﬁl v(/ﬁ?')chmttl’hea égt?ﬂh :
transmtter/y V&I valte 16001 Sp@iftSaid s¥EBd 38448a1 (H,), therewith
PCT/ SE97/ 00569 34 CLAI M5 1. A method of reconstructing a speech

signal frongoaniesasaed estghakedr xighsi ngka .si gnal nodel (500) and a
quality 5 paramnmeter (q), characterized by creating through the nmedi um
of said signal nodel (500) an estimated signal ([err]) that corresponds to
anticipated future values of the received signal (r); conbining said
received signal (r) and said estimated signal ([err]) and formng a

recongtruct egh spegeharrangement according to any one of Claims 21-40,
characterized in that said received signal (r) is a sampled

and quantized analog transmitted speech signal.

42. An arrangement according to any one of Claims 21-40',-
10 characterized in that said received signal {(r) is a digitally

modulated and transmitted encoded signal.

43. An arrangement according to Claim 42, characterized in
that said received signal (r) is generated by decoding an

15 adaptive differential pulse code modulated (ADPCM) signal.

44. An arrangement according to Claim 42, characterxized in
that said received signal (r) is generated by decoding a

logarithmic pulse code modulated {(PCM) signal.

T



10 signal (r[err]), wherein said quality paraneter (q) determ nes the
ratio ([err], [err]) in pursuance of which the conbination takes place. 2.
A met hod according to Claim1l, characterized by basing the quality
paraneter (q asured power |evel (RSS, [err]) 15

received si g)ﬁ‘é‘?&(sr%')‘g% A nmet hod according to daiml, chalt)r aE:ng;r}@ggd by
basing the quality paraneter (qgq) on an e?}tf'?mat ed received signal level (O

of said received signal (r) in proportio C1) to 20 t he signal |evel
of a disturbance signal (1). 4. A nmet hod according to daiml,
characterized by basing said quality paraneter (gq) on a bit error rate
(BER) that has alculated froma digital representation of said signal
25 (r). WO 97788416 120 130
PCT/ SE97/ 00869 3 5 5. met-hod ;rrnrdi ng ta dajmli, ch}xract erized by
basing said quality @é el (140 9n a bagof{anme indi epdpr, (BFT)1ANat Nps
been cal c fro L¢tal repriesentatiofh of gaidisignmal (r). 6.6\ A
met hod agcordijng,, tjo jan bne| of i w.1- b llchardcterijzed by pagi hg
said signfl @o 0] opr&Hhrbnatz) igcs?“i? ,"?’L ) of saKd,Leﬁei vede
signal (rii. analysis i yo A(z)
Lioo 110/ a{ a
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10 7. A nmet hod according to daim6, characterized in that said

|l i near prediction (LPC/LTP) generates coefficients that denote a short-term
predi ction (STP) of said received signal (r). 15 8. A et hod

accordi ng tqﬂé%g%ﬂB‘G or 7, characterized in that said |i nearrqeewebisex i on
(LPC/ LTP) generates coefficients that denote a long-term prediction (LTP)

of said received signal (r). 20 9. met hod according to any

one of Cainms 6-8, characterized in tfidt said |inear prediction

(LPC/ LTP) generates anplification values (b) that relate to a history

([err](n+l), [err](n+2), ..., [err](n+N)) of said estimated signal ([err]).
25 10. A ymethod according to any one of Cains 6-9,
characterized 7T t hat id linear predictiqgn (LPCLTP) 97/ 38416
36 0569 i ncl udeg”i tion (c) as A0 whet her
the received signal. fr). shall.be._assuned £q..cepr.eseM. . .speech_jinfacmation or
to represent i tion of a now-speec i nd. . A/ nmet hod
according to characterized in/that said

| i near predicti [ S i et her said
recei ved signal ) shall be assungd t ed fsound or to

represent an unv
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10 12. .A method according to any one of Clains 6-11, characterized in
that* said linear prediction (LPC/LTP) contains information (c) as to
whet her said received signal (r) shall be assuned to be locally stationary
or locally %‘g 41‘,,transient. 13. A nmethod according topcikeosee of
Claims 1-1 ,Ogﬂgracterized in that said received signal (r) is a sanpled
and quanti zed anal og nodul ated and trargz itted speech signal. 20 14. A
met hod according to any one of Carnms 1-12, characterized in that -
sai d received ..s.i.&.nal_.(r_)_.i.s.a.d.i gt-al-ly-nmodul at-ed-and-t+.apsmi-t-t 8d- -enoqded
si gnal . m—»’l 51 thod according to any one of Cdainms 1412,

characterized  in tHat sai{dpreceived signal (r) is generated WO 97/ 38416
37 ¥ ' ing an adaptive differenti al
pul se code nmoduj at dd_(, si gnal .~ 16. B5® accordrAdl to ady
one of dai 1-12, -5 c i i j i si gnal
(r) is generated by decoding a |ogarithm gal ul se code{nodul aggd CM
signal. 17. A ngethod giccordi ng53®-Claim I} ¢ ct eekge hat |
g , ac g3 aim & SEeTEen SR 1 | L

! | |LPC/LTP-| 2 Excitation | O—F+ | | A@ !

: analysis | L | generating |C f :

! ' i

1520_/ L1 8; S71 831 Sy S_g{) S6r 580 ;
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said ratio ([err], [err]) is variable fromsolely denoting said 10

received signal (r) to solely denoting said estinmated signal ([err]). 18. A
met hod according to Caim 17, characterized in that transition fromsolely
said received signal (r) to solely 15 sai d estinated SicgRgbrooséc’])

t akes pl ace 74%?6a transition period (t[err]) of at |east a nunber
(n[err]) of consecutive sanpl es of saldlggcelved signal (r) during which
the quality parameter (q) for said recei'Véd signal (r) is below a -
predeterm ned quality value ([err]) 20 19. A method according to Cla|n117
characterized in that transition fromsolely said estinmated signal ([err])
to solely said received signal (r) takes place during a transition period

(t[err]) of at least a nunb ']) of consecutive sanples 25 of
said received si%h rdem¢i2g]l which the quality parameter (q) for
said received signal (r) exceedy—=apredeterm ned quality value ([err]).

WD 97/ 38416 ' 38 20. A
met hod according t §1a|n117 characterized in that the duration ¢f said
transition period §¢ ﬂ‘keiﬁsﬂ&ﬁ%@ﬁﬁnﬂﬁ a predeterm ned but variable

transition value (n[er . 4

815 820
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5 21. An arrangenent for reconstructing a speech signal froma received
signmal (r) and including a signal nodelling unit (500), characterized in
that the signal nodelling unit (500) functions to create an esti mated

si gnal ([eré%é correspondlng to 10 anti ci pat ed future peadidingoks sai d
recei ved si 9. in that the arrangement includes a signal conbining
unit (700) which functions to conbi ne §?§d received signal (r) and said
"estimated signal ([err]), therewith tof0orma reconstructed speech signal-
(r[err]), wherein the ratio {[err], [err]) according to 15 whi ch t he
conmbination is effected is determined by a quality paraneter (q). 22. An
arrangenent according to Claim2l, characterizgdei n that a pgocessor (710)

in said signal conmbining unit (700) 20 delfi ¥ers a firlst Sei ghting
factor ([err]) and a second weighting factor ([fefr]) on the sis of the
val ue of said quality, parameter (q) for:each sdeple g{ saifd r®cei ved signa
(r). 23. An arrangenent accoridding to Caim 22, {characterizjedlin 25
t hat the signal coﬁbln|ngJuui__4lﬂﬂ}__iuncLLaL§§to orm g fingst weighted
value ([err]r) of said received signal {r) by ruLLLpLyLngggsdhd recei ved
signal (r) wth isaid f|;sp—mekghphng—LaeLe4g@[erci) ina first
mul tiplier unit (720) and WO 97/38416 39
PCT/ SE97/ 00569 : = : ] =
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to forma second weighted value ([err]) of said estimted signal ([err]) by
nultlplylng said estimated signal ([err]) with said second wei ghting factor
([err]) in a second nultiplier unit (730), wherein the first ([err]r) and

t he second ([@igdrhsdiei ghted 5 val ues according to sald ﬁér]
[err]) are conbined in a first sunmating unit (740), and mherel 8
reconstructed signal (r[err]) is forned ag first sunmation signal. 24. An
arrangenent according to Caim 23, charactéglzed in 10 that a
transition value (n[err]) stored in said processor (710) denotes a snallest
nunber of consecutive sanples of said received signal (r) during which said
first weighting factor {[err]) can be decreased increnentally froma

hi ghest value to a kﬂmpsL_¥aITEf§n2-1aid second wei ghting factor ([err])
can be 15 inc#eased i norpReEn? ?Iy froma | owest value to a highest

val ue. 25. An arrangenent accordijng to Caim23, characterized in that a
transition value (n[err]) stored jfn sard processor 71626 notes a
smal | est nunber of @3 aid received signal (r) during

whi ch said first melghtlﬂ@&kanummeﬁﬁsamgﬂe an be increased increnentally
froma | owest value to a sai d second wei ghting fgctor

([err]) can be decrgaped |ncrene ally froma hi d8dSval u tﬂZOIcmest 25
val ue. 26. An arrangenen coxwdi to Claim 24 25,
characterized in that said R i

+
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n=ni >
No
n>n,? Yes
n=n-1]—1055 1070
1060
S
Yes

Fig. 10



WD 97/ 38416 40 PCT/ SE97/ 00569 i n that
said*l owest value is equal to zero; and in that the sum ([err]+[err]) of
said first weighting factor (a) and said weighting factor ([err]) is equal
to one. An arrangenent according to any one of i 26,
characterlzeHKT%%?ﬂgt said signal nodelling unit (500) inclggggﬁiﬂﬁi”

anal yzing unit (520) which creates in7 cordance with a linear predictive
signal nodel (LPC/LTP) paraneters (a, c, L) that depend on certain
properties of said 10 - received signal (r). 28. An arrangenent
according to Caim?27, characterized in that said paranmeters (a, b, c, L)
include filter coefficients (a) of a first digi %% filter (5¥Q) and a

second digital 15 filter (580) whose r ctive ttlansfer
functions (A(z), I/A(z)) are the inverse of e other. 2p. An ar r angenent
according to Caim28,: characterEzed [ i firsh dig}t filter (510)
is an inverse filter 20 (A(z)); and itn that the secohd wlgltal filter
(580) is a synthesis filter (1/A{z¥)- — Mngel@nt afco mlng to any
one of Clainms 21-26, characterized in that t -3tgna+a el-ling unit
(500) 25 includes:a first digitar fiTter (p%0) and a pecond digital
filter (580) whose respectlve transfer funqtlonid((AQg), 1] A(z)) are the
inverse of each other. - : ~
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W7/ 38416 PCT/ SE97/ 00569 41 31.
An arrangenent according to Claim 30, characterized in that the first
digital filter (510) has the character of a high-pass filter; and in that
t he second di lter (580) 5 has the character of

filter. 32. Atgbg?%sg%dgerrent according to any one of clains 28‘-?%‘11&,]5%’9‘%%S
characterized in that said first digital fjlter (510) functions to filter
said received signal (r), therewith 10 8/ generating a residual signa
(R). 33. An arrangenent according to Caim32, characterized in that sai d
signal nodelling unit (500) includes an excitation generating unit (530)
that functions to generate an estimated 15 signal ([err]) that is
based on three of said paraneters (b, ¢, L) and a second sumation signa
(©, and a state machine (540) that functions to generate control signals
(s[err]-s[err]) thaglare based on said quality parameter (q) and one of

said paraneters (c). arrangenent accordi ng tq Clalds 33,
characterized in that | nodel ling unit (500l s a second
sunmmat i on unit (570) s to conbine a thi ed val ue
(s[err]R) of said res with a
. |
ta Ty
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25 fourth weighted value (s[err]), therewith to generate said
secend summation signal (C). WO 97/ 38416
PCT/ SE97/ 00569 42 35. An arrangenent according to C aim 34, characterized
in that saig,s ﬁ(‘; gdl gital filter (580) functions to filtecrsaswbesescond
sunmmat i on signa 9{]) therewith to generate said estimated signal ([err]).
5 36. An arrangenent according to any og of Clains 34-35, characterized in
that said excitation generating unit (5 % i ncludes a nenory buffer (620)
'and a random generator (630). 10 An arrangenent according to
Claim 36, characterized in that said rrermry buffer (620) functions to store
the historic values ([err](n+l), [err](n+2), ..., [err] n+N)) of said
second sumation sjqEpl—+0). 15 38. An arrangenent according to Caim
37, characterized rn that \said nmenory buffer (620) functions to generate on
the basis of tw gizsatd-parameters (b -tra—ft+rst—sigrat—cHery]) that
represents a voice ect‘iSsi@uF\(Aj 2015203‘39.153!@1 rraggérent according to
(“2& :

Cl ai m 38, char act ér irzet—m—tirat—=s ramrdormmgen nd‘:ti ons to
enerate on the basiis of said con | isignalisgfdis[err]drf second:si gnal
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Ros718-~0 -

represents an unvoi ced speech sound. 25 40. An arrangenen.a di ng
to Cl’®¥ m %9, characterized by a third summation unit (660) which fufictions

to conbine a third WO 97/ 38416 43
PCT/ SE97/ 00569 wei ghted value (S[err]H err]) of said first si ¢¥

wth a
t her ewi
accor di
si gnal |
An arr
in that
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(57) Abstruct

'pxe present iuv.emion relstes to 2 method and an arrangoment for reconstmction of & received speech signal (r), which has been
transmitted over a radio channel that has been subjected to disturbances, such as e.g, noise, interference or fading. A specch signal (fec),
where the effects from these disturbances are minimised, is generated by an estimated speech signal (), corresponding to expected future
values of the received speech'slgnal (1), being produced according to a Jincar predictive reconstruction model in a signal modelling circuit
(500): The ref:eived speach signal (r) and the estimated speech signal (r) are combined in a signal combination circuit (600) sccording to
3 va:nabk ratio, which is determined by a quality parameter (q). The quality parameter (q) may be based on measured power level of a
received radio signal, an estimate of a received power level of the desired radio signal in proportion to an interfering radio signal or a bit
cxvor Tate signal or bad frame indicator alternatively, which has been calculated from a data signal that has been transmitted via a certain
radio chanvel and which represents the received speech signal.




