Translation Winternational, Patent Application No PCT/EP03/12655 In
general, when transmtting any si gnall via different 5 transm ssion
routes, a non-ideal transm ssion channel nust be assunmed. In travelling
to the receiver, the signal may be attenuated and reflected, e.g., at
connect i SA3HEL Atdo%r obstacles. In the case of time- d| screte systens,

tthis sig dg ekt er 2%% cl ock pul se,
synchron:ig’Eet’(?Iz’éf'%‘;}'gzalag'arrpr%ie?ilgjrE aI?B]%’%a%g’%\éﬁ @gﬁdﬁ}%@e the sanpling rate
(and/or of the syrrbol pul se) and the rel evant si gnal | evel is allocated

to a synbol i c-val If the transmn ssion channel is non-ideal, this |eads
to smal | 1N1E5EEPES pel"i” Bgs LRSI LS @y Saged! {0 3arf S gt synbol

al | 00ati Qharkihioden LR.EUDESALIINCAr LAY 3 0ot N hiansm ssi on

channel , a recéiver nust contain an equaliser. Thi's provides a system
behavi OUIm,llS\M‘llb@h asismmethe Icaseaofe ldingxdct tdenpersdticon dfha he linearity
error, 20 .o er.at es 2’ an exactlé%{l_ja nverse% manner to the transm ssion

s 79

behavi our *FP3h &3 §Fs L& R & vé the dlality of

recepti orcRinldte dnf @RS @G JRISRARS .JaRErAle MASUIES d0le1 he renoval
and/or 25 restriction of transm ssion interference nmust be inplenented

al ongsi dél@@rxtat@u@u@t@mpert@aﬁ @rlg@falt He dampdad tin ey i th an

equal ser_ nter(%rateqtlntlﬁ 310 Su estherdonslol |ons whi ch
represent “Thestat & fhtah éiret r?ctl Eorit ext i are rese ntefin a

t ext book seynp.ing algamyer—folhslaahumtq@iler iobard agug'L r{g'VBtSEﬁf’@e
Transm ssi on | SBN 3-519- 16142 7 Stuttgart, 1996, pages 196 205. Wth
these sud /6F wdt FdGs SV éﬂr’i‘ldgsJ thfe Falgrvasy Fignal

Nt level is allocated to a symbollc value. If the

ftransmission channel is non-ideal, this leads to small

15 eye-openings and, in extreme cases, to an incorrect
symbol allcocation. In orxder to compensate linear errors
of the transmission channel, a receiver must contain an
equaliser. This provides a system behaviour, which, in
the case of an exact compensation of the linearity error,

20 operates in an exactly inverse manner to the transmission

behaviour of the transmission channel.

To improve the quality of reception of the transmitted
; message, dgeneral measures for the removal and/or
25 restriction of transmission interference must be
implemented alongside continuous compensation of the
linearity error with an equaliser integrated in the

recelver,

30 Suggested solutions, which represent the state of the art
in this context, are presented in a textbook by K. D
Kammevyer, “Nachrichteﬁubertragung” [Message Transmission]
ISBN 3-519-16142~7. Stuttgart, 1996, pages 196-205. With

these suggested methods, the coefficients of a series-



~connected equal iser required for optinum equalisation are calculated via
iterative optimsation algorithns on2the basis of pseudo-random
sequences of transm ssion data and the associated data sequences
received at the end of the 5 transm ssion channel. A two-stage nethod,
wher ei n thenechadnefiukhpaesereaspondetps detémniinedushiaatipst ageage,

and, the [ efiag ﬁnts of . the, _channel .transm ssi g tﬁg ction, ﬂhlch are in
mrror-ifa T %efFGE?Eﬁ § °B l?ﬁﬁa qﬁ%l? &P Fn FRe®Ba56of an

exact equabisabtopsehddOrhhaohr aegiksskoncehanagkniaseosatigyubkanad from
the channel inpulse response, in the second stage, does not exist. The
present FRYenbFeRlrEcBadaBacRcEHENEBFeEECEiVededel bPENGTE REt KBS, wher ein

the chanpel,Lapulse,renpanse 18 Laodeteni pedsusingxEobonmapion availabl e

in the equaliser o e receiver, ino to pfovide a run-tine

measur enenanfeok ihpumséeﬁébpnnsé obstiackesihadt he at famsm sskge,channel .
20 This object is achieved by the features of claiml. , The filter

coef fici dRfls bRet ARCE{LALPREF QfethPr 63AYNCAVAFPRBI&SA4CR starting poi nt

for the pehbed.Accordindate Cnthe layenthon. <Ihese caprkecdehesn ned with
an adaptive 25 nmethod, e.g. with referenée to Kamreyer, ibid. Since

conpl et ecéqubki sghbonsby uhethquahssepfoﬁnthaactraqSHissabmoslgﬁal
subj ecte i near distortion _through t s SSi channel .is a
o or Bt Erber reRER SRR herheRBRLm BEFoHaFARGEr o FESTnyBroBRRL Fhe. 30
transm ssihen1benekkpBnet, t he eduakisshd Aeegedi BELY, nodf bk sexchangi ng
the denomi nator and numerator terms of the equal i ser transm ssi on

function, the coefficients of the channel transm ssion function

cor 1 esponl exacLLyt 9a,LRe 16826 L ELERLS AT chleogguaki sgr transm ssion

function
developing a method, wherein the channel impulse response

15 1is determined using information available in the
equaliser of the receiver, in order toc provide a run-—-time
measurement for the detection of cbstacles in the

transmission channel.
20 This object is achieved by the features of claim 1.

The filter coefficients of the equaliser are already

available as a starting peilnt for the methced according to

r’/-\\-
)

,; the invention. These can be determined with an adaptive

25 method, e.qg. with reference to Kammeyer, ibid. Since
complete equalisation by the equaliser of the
transmission signal subjected to linear distortion
through the transmission channel is a prerequisite, the
channel transmission function is inverse to the

30 transmission function of the equaliser. Accordingly,
after exchanging the denominator and numerator terms of
the equaliser transmission function, the ccoefficients of
the channel transmission function correspcnd exactly to

the coefficients of the equaliser transmission function.



The interpolation points of the channel inpulse response are calcul ated
fromthe z-transfornmed of the transm_ssion channel using the inverse
z-transformation according to the e&uati on: 5 1K(n)=(1/2)i)JHK(z)*zn-"'dz
(1) Existing nunerical methods for resolving ring-integrals 10 in

industrial practice are, on the on and, too expensive and, on the other
hand. Ao HoLL B O Hbe TGO (PRI BT  BectiBcy FOre ne B benc SaBBNFEat ] on.
Fhe inverdiomeveicomesrshi shdi 21t cyhtyobyedsbnorhbe-Lavenses:ibAUri er
transformation fromthe discrete Fourier spectra 15 of the transm ssion

path to ¢aeightesihe dieciererssanpteanviduestbdrt hpecehdhnel tempul se

response bé nét‘egg,. of the inverse z-transformation of the z-transforned
1 ol L1 CTl s . .

of the 1%rans ssTon” channel. 20 One necessary prerequisite for the use

of thke inverse Fourier transformation instead of the inverse z-

transformation, is a limted nunber of interpolation points of the

di screte tinme function to be transforned. | nstead of the usual discrete

time functi onIK@ye(m@)ﬂHQ@)i*@T‘d@es the coefficients(gf the equaliser as
i nput paraneters for the inplenentation of the discrete Fourier
transformation. In fact, if the discrete equaliser transm ssion function

&}he z- tfr 2NSE PR Gehm&r FERY Vbt kbdsnNedP HEEZITikE! Rifig)intag¥ans-z' n=1 4

10 in industrial practice are, on the one hand, too
expensive and, on the other hand, do not provide
sufficient accuracy for the present application. The

. invention overcomes this difficulty by using the inverse
Fourier transformation from the discrete Fourier spectra

15 of the transmission path To calculate the discrete
sampled values of the channel impulse response, instead
of the inverse z-transformation of the z-transformed of

the transmission channel.

20 One necessary prerequisite for the use of the inverse
Fourier transformaticn instead of the inverse z-
transformation, is a limited number of interpolation
points of the discrete time function to be transformed.

O Instead of the usual discrete time function, the

25 invention uses the coefficients of the equaliser as input
parameters for the ilmplementation of the discrete Fourier
transformation. In fact, if the discrete equaliser

transmission function (the z-transformed)

k_FIR

z:bn-z_“

0 He(g) = —0n—— @

k IR

1+ > a,-2"
n=}



is transferred via the perm ssible substitution z=e(a+O T (where a=0,
c)=2nf, T=synbol duration) into the formula: k FIRjb .e-J2xnfT n E(f)
-0+ kO 77R (3) 1+ Zan e fznnfT n=i 5 and this is conpared with the
formula for calculation of the discrete Fourier spectra X(k) fromthe
cor r espondi ngandisarete vtiame Heupetindss iNLe BRRX¥HK): =t ibrx (@9 F2iTbnl NF (4)
NF n=0 a mat hemati cal anal ogy for cal culation of the discrete Fourier
spectra X@kprer 6mdt he-dior dbe yiase fAniethiom )x (imto dare eoredani sed in

t he nunerator and denom nator ternms 15 of the discrete transm ssion
function HE(f) of the equaliser, if the follow ng conditions are
fulfilled: 1. The rummsng index n of the algebraic sumin the

denoni nator of HE(f) b2ghnsFtH 0 instead of the previous 20 1, and the
coefficient acgyigsyl=seethat the originally- initial ¥31'rn t he denom nat or
termof HE (f) fs ingegﬁéed_ﬂi,_,pftzo the sum function 2.° The sequences of
the coefficients an ah »'6f the 25 discrete equaliser transm ssion
funct%on HE(f) are linmited (n(denomi nator term) <= k Il R n(nunerator
term~< k FIR). 3. The nunber NF of interpolation points of the discrete

30 Fouri ehd st asmaldn@a olKviith great®yrrlan ddie Jeduigion of

the discrete Fourier spectra X{k) from the corresponding

discrete time function:

(> Np-1 ‘
= 1 () =5 T x(n)- 22 (4)

F n=0

a mathematical analogy for calculation of the discrete

Fourier spectra X(k) from the discrete time functicn x({n)

can be recognised in the numerator and denominator terms
15 of the discrete transmission function Hz (f) of the

equaliser, 1f the following conditions are fulfilled:

1. The running index n of the algebraic sum in the
denominator of Hg{f) begins with 0 instead of the previous

—. 20 1, and the coefficilent ap is 1, so that the originally-

A

P
N

initial 1 in the dencminator term of Hg (f) is integrated

intc the sum function

2. The sequences of the coefficients a, and b, ¢f the
25 discrete equaliser transmission function Hg{f} are limited
(n({denominator term) <= k TIR, n{numerator term) <=

k FIR).

3. The number Ny of interpclation points of the discrete

30 Fourier transformation X (k) is greater than the maximum



of the nunber of summands in the nunerator termk FIR or the nunber
summands in the denomnator termk IR 4. Fromthe conbination of
condition 2 and condition 3, 5 it follows that -the remaining
coefficients an with running indices between k IR and NF, and bn with
runni ng ioditdes niggteeent KwE R ENdLINE g en@uaNow, ot Heetidela OIR the

i tion,s t loit this ., 10 mat tical | ogy,, th
eauonce 1S BEET CTENEIL Hhd B DT EHE LAl ST Erhnen s on

function HE(f) is limted (condition 2) and all the other conditions
| i sted above can be fulfilled, the coefficient sequences an and b, of

the equaldser TFEhsHHSsTUP I FifretdloroMEFIC ah Ped useioton hér

cal cul.ati. t i.scr j p . Of r 1 SSI annel
Hk(f) > i nlgeggdllo&san@é%%rﬁ%%g%%ﬁs%?e?%iﬁn%%%%t%%ﬁﬂic n)%:'.sdln or this
pur pose, il chsdretwedolt i f Speaiy aaadeb, caltdul aledisepaiatety for the
numer at or and denom nator 20 of the equaliser transm ssion function HE(f)
from t he P&IeifiR Mator THef¥4 &%énts a" and the nunerator coefficients

b,,. The desired discrete Fourier spectra of the transm ssion channel
Hk(f) are then obtained, taking into account the inverse transm ssion
char act erN®st/i ctlpetwben @5 tihe irarstasion thamaelodndtithe equal i ser, by

di vi dj t d i nat Fouri t bt ai ned by_th t
Four 0y SHUGTFE Ot he AT Seie 77 Sark 3/ DI URCT i Bh. | By contr ast wi th

the alterqwdffe-0dntdenzddansf eFmahioaqud?itkhe sehdHknoBs4ShNY the
discrete Fourier transformation neans that only a |imted nunber of

gj'scret e HwrE N Byfddt i dedd el beceslidulont €d. amshveler  thheothsst
oL 11 ka0, oo d oo R 3650 910 el SUEBHL ke (1
sequences a, and b, of the equaliser transmission
15 functions Hg(f) can be used for the calculation of the
discrete Fourier spectra of the transmission channel Ey(f)
instead of an appropriate discrete time function x(n).
For this purpose, the discrete Fourier spectra are
calculated separately for the numerator and denominator
20 of the equaliser transmission function Hz(f) from the
denominator coefficients a, and the numerator coefficients
bn. The desired discrete Fourier spectra of the
transmission channel Hy(f) are then cbkbtained, taking into
N account the inverse transmission characteristic between
25 the transmission channel and the equaliser, by dividing
the denominator Fourier spectra obtained by the numerator

Fourier spectra of the equaliser transmission function.

By contrast with the alternative of the z-transformation,
30 the solution using the discrete Fourier transformation
means that only a limited number of discrete Fourier
spectra need to bhe calculated. However, the most
significant advantage of the method according to the

invention ig the use of the fast Fourier transformation



] for the discrete Fourier transformation and also for the inverse

di screte Fourier transformation. The ®fficiency of calculation can be
sbgnificantly increased through the wuse of the fast Fourier
transformation, for which the 5 algorlthn1reqU|res m nim sed cal cul ation

operati oA8F topariscEets §@u6ﬂ§¥'&éa§é¢§ﬁﬁ§§ééﬂk FHé%’d%Vbﬂ%ﬁhents of
the i nveQhkf%Qselgll-E%r@'%%V'E%%ﬂe\f' %‘i% o(}:lm%%r e%%%t %tfﬂ'?:l%fné

di screte channel inpul se response, e sanpl e val ues of t channel
i mpul se péspaﬁselmmsbnbeagubpeeﬂg@1&oca@dﬂ@1am@reaaqyuﬂhqwme93umg. Thi s

addi tional__si processj ng, includes a formati of ,absol ut e- nunbers
for the CBfpléx %@ itAcer O ﬁF&nLﬁéﬁﬁﬁ§fgﬁ*ﬁﬁﬁlcﬁgﬁhéF”1 e response.

An expedigBt-iphesert@tirer’ afintihe sevelsivaliues fowpd dat :@)HS
senl-logarlthnlc scale corresponding to the presentation selected in

Fi gure 1, reqU|res a Iogarlthnatlon of the sanpled values of the channel

| mpul se respanse i Lhe 208660001 9GS0 5LAGS, AL K compari son

of the eve thhe 7 ndi |nterp I"ati"on poi nt's anne

i mpul se b&spﬁ@s&nw&nsup@mrted by a scaling of the individual sanpled
values wth reference to the |largest sanpled value. A sorted
presentation of the scaled 25 inpulses represents a useful reduction of

| nf ongmt iign gk V08 RAnSONel: The dtiaridual, Pulsesyfc tdie, channel

i mpul se response represent écho signals of the transm ssion I npul se 30
refl ect ed¢hannieddiivipguale insts@roinerenddepaiantsl ddch vehleres reehdriessi on channel .

A SOmVer S gsch LhELOGRLLane L ILIE L BLerg speondo). af s, | Ul ses
tire by shgntnaRpsdcesisamhqveltegist Wddit it 1Cas@nal processing
includes a formation of absolute-numbers for the complex
15 interpolation points of the channel impulse response. An
expedient presentation of the level values found in a
semi-logarithmic scale corresponding to the presentation
selected in Figure 1, requires a logarithmaticn of the
sampled values of the channel impulse response in the
20 second processing stage. Finally, a comparison of the
level of the individual interpolation peoints of the
channel impulse response 1s supported by a scaling of the
individual sampled values with reference to the largest
\ sampled wvalue. A sorted presentation of the scaled
25 impulses represents a useful reduction of information fox

service personnel.

The individual pulses of the channel impulse response
represent echo signals of the transmission impulse

30 reflected at individual interference points in the
transmission channel. A conversion of the locations in
time (in micrc secconds) of the impulses into
corresponding distance data - by multiplicaticn of the

calculated time by the transmission velccity (in the case



7 of radio transm ssion: the speed of light) therefore significantly

sinplifies the geographical identification of obstacles relative to the
position of the nobile measuring equipnment. 5 Cains 15 to 18 relate to
a digital storage nedium a conputer program and/or a conputer software

product fdr radie ifipirafEmsitdon Wie t9regrtdod iddvor ditgre e the
P ion. e ' i . . ) bed |
oreat er _dAH 1 R bR e et o R D SRR Rl ar e as

foll ows: clib dBsginel €ls shaves: iare examile ©fs i grapht cchepigsend ati on  of the
channel inpul se response; Figure 2 shows a signal flow chart over a

transm sSIGPUpdth; PO HBYure 3 shows a signal flow chart of an equaliser
with @ recursive and a non-recursive filter portion; 25 Figures 4a shows
a flow chart explaining the nethod and 4b according to the invention for
det er m nidgintshel channdl nafpilese g espbinse-an stdraes wedcuet easystenm and

30 Figure 5 shows a fl ow cha expl ai ni thetmathod accor di to the
nvent | o B Rt ITAFHITY AHGPT Gh ORI e TH THE T RETHEFat FOR poi nt s

of a chamed inpseh tasPANSes he The vl had-@eeidihg ¢t he invention
for determ ning the

invention.
10 |
An exemplary embodiment of the invention is described in
N greater detail below with reference to the drawings. The
N drawings are as follows:
15 Figure 1 shows an example of a graphic representation
of the channel impulse response;
Figure 2 shows a signal flow chart over a transmission
path;
20
Figure 3 shows a signal flow chart of an equaliser
with a recursive and a non-recursive filter
. portion;
o

25 Figures 4a shows a flow chart explaining the method
and 4b according to the invention for determining
the channel impulse response in a time-

discrete system; and

30 Figure 5 shows a flcw chart explaining the method
according tc the invention for determining
the local maxima of the interpolation points

of a channel impulse response.



channel inpulse response in a tine-discrete systemis explained bel ow
wth reference to Figures 1 to 5. 5 The invention described bel ow assunes
a‘transm ssion path as shown in Figure 2. The transmtter 1 with the

system havi our descri bed by the transm ssion function Hs(f transmts
a signal &%\%F‘%ﬁl‘i@ ASETTETF 0 He Hﬁkfed'll?"eﬂ’?ilé’n % SR Y S h RS s

transm t tednHed &mddh ARSI L0 iGhanRein? (radidhe GARItGm ald, water
etc.). The transm ssion behaviour of the transm ssion channel 2 is
descri bedxpy atimet kadsnd suitdn fafrrotarore Hi( fHiLguatest He tTendb- of the

transm ssion channel, the transmtted signal is received by the receiver
3, which has the transm ssion 15 function HE(f). The receiver 3 contains,

anongst atkerinvedRere Hescrdbel il iserlasdlimnashiCh reguali sesort heath
transm ssion signal subjected to linear distortion by the transm ssion

channel 25 ZgoMie dgdadldse@ 21 The det@rsiiiid@ by tHefddic s pitedented in
Fi gure 3. i Vi i o Ijr .and £onsi; f-1t he
non-recurbse;lzl\téevs'L ﬁ%niq%gs-%}ﬁ%u sceﬂ-}{ gtg{)eoﬁélrealh: l%ﬁ I'ter clzénr%oHﬁggt} 22, the
recur si ver@nyrinist e isfpulasly- wheisponse as dunrkd)d fid ter icglonerttii3 and t he
summation 25 el erreptsﬁA. The input signal_ of the non-recursive filter

co.rrponganttrf‘?sl“&t[ J@ﬁ’gﬁl X(h)- récét Lvigneé %‘F‘d?sir?ﬂgs-sjtci’% i ndex n,
whi choi s SpRId1ed tQaifd,r tardel aying gl Sh. The del ayi ng el ement
51 delays the signal x(n) by a sanpling period T and therefore generates
t he si gndra@@mi(ssipn DHilay isiygnalf xre Hrarsmdelsyed dyemshnplisg  period
(and/ or synbal..duyati T by each .of the furth el ayi ng el enents
onnect e S5 l}‘kl)eed(’:%)e%’i gc??emkﬁrc % meiLvSeSlolndeérql I}cctéondg{"a{ﬁﬁg%beﬁgl\% &IfrrgBt o the
first delaying tdLmeiisSHbn emammercmef wdelmyning «f eemsl ofsthe FIR 4

received by the receiver 3, which has the transmission

15 function Hg(f). The receiver 3 contains, amongst other
components, an equaliser 21, which equalises the
transmission signal subjected to linear distortion by the

transmission channel 2.

20 The equaliser 21 is determined by the device presented in
Figure 3. This device has a direct structure and consists
of the non-recursive (finite-impulse-response = FIR)
filter component 22, the recursive (infinite-impulse-

QJJ respeonse = IIR) filter component 23 and the summation

25 element 4. The input signal of the non-recursive filter
component 22 is the signal x(n) received at the sampling-
time index n, which is supplied t¢ a first delaving
element 5;. The delaying element 5; delays the signal x(n)
by a sampling period T and therefore generates the signal

30 x(n-1). This signal x(n-1) is delayed by a sampling
pericd (and/or symbol duration) T by each of the further
delaying elements connected in the chain, which have
identical delaying behaviour to the first delaying

element 5;. The number ¢f delaying elements cf the FIR



conponent connected in the chain corresponds to the order k -FIR of the
FIR-filtered conponents. Accordingly, the chain of delaying elenents in
the FIR filter conponent 22 conti nue$ after the del aying element 51 with
delaying 5 el enent 52 and ends with del aying el enment 5k-FIR The input

signal of the |ast del aying, el enent i.s therefore the signal x(n-k FIR+1)
ecer ved ST HHE n P et I U Ao TR RS AT | 2 T

gssoci at ed rout Pt gignalr- 15 Sl ondit K, AlRoFecelved ate t he
sanpling tinme 10 with the index n-k FIR After nultiplication by the

coef fi ci efaiyn G dehleryimd t9 pHiesrt B0LN tHee rieRi Viebt ot grrarpxen t | 42

suppl i ed 1. ' el e . 4 i dentj.cal nner_,  the del ayed
15 recei v(%gléﬁmglﬁaﬁsé X nf- %‘nﬁ oa%%r}}-]knq:l nengée}hter:éﬁ év(;f l“;%n Igé‘edw“ln,nqdi vi dual

del aybng edleet@nt £,5hntio ebidsFRtar ele laylitigpleileataritelsy Gonbrmedi mmnat
supplied to the sunmation elenment 4. The del ayed received signal x(n-1)

gener at e?1BRY 1R ddiayvidtf elehntns e ianeHerst o Seppre et o the 20

summat i ons ) erent 4 afi el tdplicalian by the,coeffighenti bl in the
mul tipli erﬁGl. Th(erl det aye+ )r ece(?éved sl gha ex(n-% FI%) gener%t ed by the
del ayi ng tleenente 6k FIRSl supplledhio ddeosimpad i ontelenengnal af t er

mul tiplicatiqgn by the coefficient bkFIRin the multipljer 25 6k-FIR The
nput i gRal Tt 3T ecurT ke T CerC Tofornt 183 SE LG HETine ti e
the out puiitsi gnd Qfadshe,eguatg ser 21 y(n) at the sanpling-tinme index n
and corresponds to the 30 output signal of the summation elenent 4. In

the recursive filter conponent 23 of the device 1, the output signal
/() B SN L S L LB PR e n (o8
el ayi ng naharigcltierd sdd,C tha® received signal x(n) is supplied to the
summation element 4. In an identical manner, the delayed
15 received signals x(n-1) to x(n-k FIR}) generated in the
individual delaying elements 5; to 5y pr are
multiplicatively combined and supplied to the summation
element 4. The delayed received signal x(n-1) generated
by the delaying eliement 5; is therefore supplied to the
20 summation element 4 after multiplication by the
coefficient b; in the multiplier 6;. The delayed received
signal x({n-k FIR) generated by the delaying element 5y prz

is supplied to the summation element 4 after

‘./I

7 "\.

o multiplication by the coefficient by yx in the multiplier

25 6x FIRr.

The input signal of the recursive filter component 23 is

at the same time the output signal of the equaliser 21

y(n) at the sampling-time index n and corresponds to the
30 output signal of the summation element 4. In the

recursive filter component 23 of the device 1, the output

signal y{n) of the equaliser is supplied at the sampling-

time index n to a first delaying element 7;. This delaying

element 7;, which has the same delaying characteristic as



10 the delaying elenments 51 to 5klIIR of the non-recursive filter
conponent 22, generates an output siglal y(n-1) delayed by one sanpling
period relative to the output signal y(n). This once-del ayed out put
signal y(n-1) is 5 delayed by one further sanpling period by each of the
further ofeﬁ%ﬂ%abéﬂr%%%f%m%% heet & i35 the®thal®, DURT ERCUREYES dent i cal
del ayi ng @ff@%'o | ayd he; el (9f 1 del ayi ng

el enents of t % ?%@%??%?grg§bg%%%%%ﬁégggﬂie%gé%u?ng%ﬁggghg{ﬁ %grresponds
to the ordeladdd koy | fhrofsahel 1R Petied cohpoheat so The chapntof del aying

el ayi ng HBHERY 1 w Th Debayrrge. &Y SRent 99 i nbsY W TR dbPayi ng.

del ayi ng &t ¥MehtY ¥’ wi TR dePa

el ement 7&d1R dhecynppé rerenal Ofmphend asér dehayingaghensentnies therefore
the 15 signal x(n-k Il R+tl) received at the sanpling-tine index n-k

| 1 R+, tetihte debaringed oDepus cegnarted ihethsighalnx(wWbhkehl R)

recei ved he I hg=Line. | - . I mult Lpli i on

W th 1 he TootrresBnree Rt e R ek B e e S e A L

si gnal y(Tr.l)Thegenedairedi rddlheyidel ayiargrelermehtthEl 18R siippiéed to the
summation el enent 4. The del ayed output signals y(n-2) to y(n-k IIR
gener at edCHPPPR T ehaiRERgSdetayF g ehehinteryeshbends ¥R| FREapeder
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the recursive filter -

signal of the last delaying element is therefore the

15 signal x(n-k ITR+1) received at the sampling-time index
n-k IIR+1, while the associated output signal is the
signal x{n-k IIR) received at the sampling-time index n-

k IIR.

20 After multiplication with the ccefficient —-a; in the
multiplier 8,, the once-delayed output signal y{n-1)
generated in the delaying element 7, 1s supplied to the
summation element 4. The delayed cutput signals y(n-2) to

K\;’ y(n—-k IIR) generated by the remaining delaying elements 7:

25  to Ty 1z are multiplicatively combined and supplied to the
summation element 4 in an identical manner. The output
signal y(n-k IIR+1l) generated by the delaying element
7x 11r-1 Of the recursive filter portion 23 and delayed
k ITIR-1-fold is then supplied to the summation element 4

30 after multiplication by the coefficient —ay 1z-1 in the
multiplier 8y rs-1. The output signal y(n-k IIR) generated
by the delaying element 7, ;g of the recursive filter

porticn 23 and delayed k IIR-fold is supplied to the



portion 23 and delayed k IlR-fold is supplled to the 11 summation
elenent 4 after nultiplication by thellcoefficient -ax IR in the

mal tiplier 8x |1 R= The FIR conponent 22 provides a transm ssion behavi our
5 with an inpul se response of finite |ength. The FIR component 22 is
used pri nBFFTGtEER EARPERSali 6A 6F PHeT1BERG6E51IOThEYI RS conponent 23, by

contrast,cg@§f%Clg§§nsgl%%é q1q§ﬂgymggglqmté}.qﬁ impul se response of
y

infinite [engt {Hét efore primari sui tabfe for 10 conpensati on
of post-echoes. The coefficients bo to bkFIR and -al to -ax IIR of the

multiplie 6 o0 6x FIR and.81 to, 8x-II R are adjuste a ,adaptive
optih?s;tﬁﬁﬁ ﬁé%hS&ngHen uéﬁ Qrﬁﬁﬁﬁgé thfapﬁglﬁkgﬁ§n2§éﬁgﬁ abyour of

the equalisar ahSimblikhe redpah<case, rexactl ¥ hover senlo stire 15
transm ssi on behavi our of the transm ssion channel 2. In this manner,

| i near di spBPPReRtol 2t Re vﬁéds@wﬂmé@l§Wgﬁ9K COW@§@Bﬁ¢n@nfpdhﬂﬂﬁrerference
sour ces |n %ggstr§R%nE§§pcom %g%nne ég %et%%%%ll% %y means of the
&P Sys "addi t

equallser t'i me-di"scCr et Conal |ﬁterFer|ng pre- echoes
20 and postaeehoesiane phedyiced bf)itthhenl in@an sél stopne® iof  the

transm ssion channel 2 fromthe inpulses transmtting the useful data;
these arelPéhbvEg BECORE @é@uﬂ§|@@eéﬁéorﬁoﬁrﬂ@@&ﬁéNV§uﬁq%ﬁ%eSQQHwtures
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d accor o the invention. Determnation o filter
coeff|0|ean§ aaltboakaiRmand bhe molbKBElLReafs ﬁheteqﬁaknsemmiéhregents a

f t d I ta 100 di d bef th t t
i thi ' CRBIE QYD BT 4 he TP ot Qo ol i T gt HEE CRARRGL™ | mpul se

response ggear di REnhe rFicduie the AvaRBRlisGASH HABAMEohe ff idifeer
coefficients are determ ned on the
equaliser is, in the ideal case, exactly inverse to the
15 transmission behaviour of the transmission channel 2. In
this manner, linear distortion of the transmitted signal,
resulting from interference sources in the transmission
channel 2 can be equalised by means of the equaliser. In
time-discrete systems, additional interfering pre-echoes
200 and post-echoes are produced by the linedr distortion in
the transmission channel 2 from the impulses transmitting

the useful data; these are removed by the recursive and

non-recursive filter structures of the egualiser.

25 The assoclated Figures 4a and 4b provide an overview of

the method according to the invention.

Determination of the filter coefficients a; to ax 1z and by
to bg rir Of the equaliser represents a first procedural

30 stage 5100 disposed before the actual invention within
the procedure of the method for determining the channel
impulse response according to Figure 4. As mentioned

above, the filter coefficients are determined on the



12 basis of an adaptive optimisation algorithm e.g. in accordance with
K.D. Kameyer, ibid. In the next prockdural stage S101, by way of
preparation 5 for calculating the discrete Fourier spectra of the
transm ssion channel by neans of discrete Fourier transformation, the

i nput ved@iA@) ans Jrrantasst griddintigrat idie sldeultEdmore of - the

rumer at or_- sj iscrete E i cira A (n), and the input vector B(n)
is pre- asascldgoﬁrgdc?q’h% f"%‘r hlg'%deﬁéanr?l?legfeo%’- é@ecg"di screte Fourier spectra

B '(n). For this purpose, in the first part of procedural stage 5101,
the two input vectors A(n) and B(n), both of which have the | ength NF,
are provided NEGE (he FHifiber! ottadfe S<hpIled WAy wes PTHRMeAE19% range
and akso ddy t &ﬁgﬂﬁpqsemé/ dangeof fde fourder-transf orgation and, to
be meani ngf ucfla,el shoul d be greater t%an t he naxi%% val ue of the

coeffici emarmamirriof ¢hmnid R comporrentok dH & ¢tte Td R ieonmponent k IR
of the equaliser. In the next, part of raocedural stage S101, .the

el ement s _aqsr?gaﬁl?‘?pﬁftor%/’ec{}b'? sl%’%(%ﬁcﬁ%%f BT et &7 AT dagg?gned in
the fol |l M GaimBmnet iof\(&d thd A rax@n-4 olle U sdrsce kKrdhRier5 A(N) = 0
for Kk ITR<n < NF B (n) =bnfor 0 <=n<=k-FIR B (n) =0 for k -FIR
< n < NFSHECHEssiAnent o1d tie | Wpent veereovs () BhdeBEmds$s9B883based on
t he ndif | I qﬁgx. nt e 0 i t i scret ourier
trangﬁor n]%tachogtﬁnegné? e jfrlp%f%? glc(geef ll%(?regn%s %%hgﬁedr b%g%&?%egeﬁrﬁg[ i ser

i nst ead dfom thlisoreteodd meid uted | Oirsd Jart of procedural stage

5101, the two input vecteors A{n) and B(n), both of which

C’/ have the length Ny, are provided. Ny is the number of the
sampled values in the time range and also in the
15 frequency range c¢f the Fourier transformation and, to be
meaningful, should be greater than the maximum value of
the coefficient number of the FIR component k FIR the IIR
compeonent k IIR of the equaliser. In the next part of
procedural stage 85101, the elements of the input vectors
20 A{(n) and B(n) are preferably assigned in the following
manner:
B A(D) =1
N
N A(n) = ap for 0 < n <= k IIR
25 A(n) =0 for k TIR < n < Ng
B(n) = by, for 0 <= n <= k FIR
B{n} = 0 for kK FIR < n < Np

The assignment of the input vectors A(n) and B(n) is

30 based on the conditicns already presented zbove for using
the discrete Fourier transformation on the filter
coefficients a, and b, of the equaliser instead of a

discrete time function.



In the next procedural stage 5102, the output vector A (n), which
corresponds to the nunerator-side dist¢tete Fourier spectra of the
t.ransm ssion function of the transm ssion channel Hk(f), is calcul ated
by neans of the 5 discrete Fourier transformation fromthe input vector
A(n), usi hg the fhormupacotspuraliNstaga( AL82, ZAbk) eutpRt viegrtad <= n < NF
(*5) NF kz0.10 In. an.identical nper, . the output vector B (n), which
correspon s(Pg’tngagnSHFﬁgPBnggdgOnggrQP@eﬁggPFéFldgpg' &%kgﬁ t he
transm ssikenrfunctbenteh bietheansHhsaienicahannek ik b, drss cal cul at ed
by means of the discrete Fourier transformation fromthe input vector
B(n), usihA§ansnieRéoporhanastels (N - 118 ¢alcelatedybypoRyesi 2fkERe Np for
0 <= n.< NE k= o] . [0 L.t Lplicati and

addi t1ns 6 P EUEFSa For e Sar BTGk Cnr APy "and B (ny LAy {he
formul ae A%h)andsiG)y tespeotinveky,(50he use of the fast discrete Fourier
transformation (FFT, Fast Fourier Transforn) is proposed, because this
significantly reduces the volume of calcul ations by conparison with the
25 usual discrete Fourie@ratransformation without a | oss of accuracy in
the results. The(gi e Hayrd €r*'speebragok=t he<t xansnisssi on channel
Hk(f) are determ nedVpy @ viding the el ements of the 30 numerator-side
out put vector A (n) by the elenents of the denom nator-side output

vect or B'%n) according to formula (7) : 14 .
10 n an identical manner, the output vecter Bf (n), which

. corresponds to the denominator-side discrete Fourier

(Jf spectra of the transmission function of the transmission
channel Hy(f), 1s calculated by means of the discrete
Fourier transformation from the input vector B{n), using

15 the formula {&):

Ne-1 _
B'(n)zj—vl—-ZB(k)-e"'m'"wF for 0 <= n < Ny (6)

F k=0

To reduce the number of multiplications and additions
200 required for calculation of A’ (n) and B’ (n) using the
formulae (5) and (6) respectively, the use of the fast

discrete Fourier transformation (FFT, Fast Fourier

ST

Transform} 1s proposed, because this significantly
reduces the volume of calculations by comparison with the
25 usual discrete Fourier transformation without a loss of

accuracy in the results.

The discrete Fourier spectra of the transmission channel
Hy(f) are determined by dividing the elements of the
30 numerator-side output vector A’ (n) by the elements of the

denominator-side output vector B’ (n) according to formula

(7):



Hk(n) = A (n) / B (n) for 0 <= n< NFE (7) Because of the periodising
property of the discrete Fourier trafdf or mat i on, undesired deviations of
the 5 spectrumfromthe desired ideal characteristic occur in the
context of the

ti lim i f th | ed i.thin the ti
range using a \Iz'\;?‘lrtllggw%‘ niﬁ Ioﬁ%?’ﬁ%iegﬁggpﬁﬁo&%%%etsheV\fgﬁelcinal i gt e

| rterature as the | eakage effect a spectral broadening of the spectrum -
and the lattice 10 effect - a falsification of the absolute nunber of
the sanpPedavgeues ohet Perspeésitm pTorrithivmiode tiveskd Scgakage and

| attice etf . he di.screte Fourier spectr f .t tr 1 SSi on
channel H (’ﬁ%tlé%}fet%?‘e ef?:)é{l*._)"ldyLLv“ﬁx)/gl'gﬁl glgs\%rt%% g%vqggtlir&%sséjd?v%%n@dow function

F(n), #hesbecmrof Wiceh tihe e sddapt ddicka idhe mmdwrdtdtdnr signal iused.

Det er mi ni n% the w ndow function F(n) represents the content of

pr ocedur alfNesCegéexr09L 69 mpremdnfiitRé 1wsi gt ithg FHHEd MAISH i cati on
of the discret ri S u f e..tr 1, S.SI channel, H(d) by
the wi ndovﬁ\ﬁ%ﬁt&g ::tgllr‘lé E?;%e, &%81 teh?sﬁélﬁg{%hw&?#ﬁ@vﬂﬁﬁgg&%'unct| San vect or

F(n) nust kneerr espame: tspeidie liengtlh tiE adfurtehe sdit$er dtea eme iedifamect or  of

the transm ssi on channel spectrum n). The el enents , of the w.ndow
function veét &pe@%ﬁ)a ard CASENGREd Ogls((thfeolslp&ﬁst:r% FEE Fhy ?Jt?rt = n <nl

F(n) $0 korred < B e iR 180 JokhRl aFsdlute Mmdhe [apwer and
upper threshold frequency nl and n2 of the w ndow function F(n) are
est abl i she@dmod edepedd@scelupdhe sheetmdul IO ov ntiype cofthdre sigpkaga o be

ho.wi dt hobf: ARE S eee ot 10 SRESTRL o ey srovc s I and
\: pectrum o he
— transmission channel Hy(n) are preferably weighted with an
optimised window function F(n), the form of which is
15 adapted to the modulation signal used. Determining the
window function F(n) represents the content of procedural
stage S103. To implement the weighting or the
multiplication of the discrete Fourier spectrum of the
transmission channel Hy(n) by the window functibn Fin),
20 the length of the window-function wvector F{n) must
correspond to the length Ny of the discrete Fourier wvector

of the transmission channel spectrum Hy{(n). The elements

of the window function vector F{n) are assigned as

_ follows;:
25
F(n) = 0 for 0 <= n <m
F(n} = 0 for n < n < Ng

F(n) # 0 for n1 <= n <= np

30 The lower and upper threshold frequency n; and n; of the
window function F(n) are established in dependence upcn
the modulation type of the signal to be transmitted,
because the modulation type determines the position and

the width of the discrete Fourier spectrum of the



15 transm ssion signal, which consists of the carrier and the useful
signal, as yet not denodulated in the receiver 3, within the frequency
space. For a single-sideband signal (]é.g. 8VSB: Vestigial Side Band), it
is advisable 5 to set nl = 0and n2 = N/ 2 - 1, while for a double-side

band signal (e.aq. M adrat ure, Anplitude Mdul ati on the settin
onoul o et s SOt S Lo i S St et SRR dar
fanctions an be-sed{gathesghpicendd glnyindovefupetine FéRdiiBrt he

| ower and upper threshold frequency nl and n2. Wthin the framework of
t he nmet hod?, ackerdi nighe of 1d@¢myenthdPe f orotet ep Ml Ags tiebehdnnel

i npul se response jn a tinesdiscrete. systen wi, ndow. functi )
correspondslln%n%slo {%'eg’f oér%'a \?%t}%lal% %lrée% e?%%(lj[/]’ uls%d%s %Ygg?lgégsl 2)r
n-n" 13 (8o ddtn2- s M2-and Me=farm of +he, wyndow foncki @sub(s)yscas be
further 20 adapted in an ap&ii cation-specific and/or operation- specific

manner usiTRF4 helpadantt e¥ s @Mb ArtEatyre t fed hekedpr¥edabr biost age

5104, th i : i t ' channel Hk
€ ﬂﬁ%%%@%ﬁg%ﬁ&ﬁlcﬁsﬁfﬁéﬁ%% Be fran asrgi 9} chafng (n)

det er i ned i cedural ‘stage are wei ghted t6 mininise the
| eakage effects and |l attice effects with reference to the w ndow

function by nultiplication usjng the formula (9). HKk(n) = Hk(n)' F(n
for 0 o= faNpi G SEEatE 47 Laburcs . pih Foa, O Lepat e0bhaRRerhoLce

transnigssi on wimieh i pindt k) rprpvidesna selbablegspgstratniupsbian,
from which the discrete channel inpulse response |k(n) can 16 be
det er m nedf ¥eapeveedyr @ndsimageWSEbSnhyhpednemevork of the method

according to the invention for determining the channel
<J/ impulse respecnse in a time-discrete system, a window
function F(n) corresponding to the formula (B8) is

15 preferably used:

F(n)za—b-cos(Zﬂ'- . J+c-cos[4}r- nTh J (8)

n, —n n, —n

The form of the window function F{n) can be further
20 adapted in an application-specific and/ocr operation-
specific manner using the parameters a, b and c.

N
Lo In the next procedural stage S104, the discrete Fourier

A
spectra of the transmission channel Hy{(n) determined in
235 procedural stage 5102 are weighted to minimise the
lezakage effects and lattice effects with reference to the

window function by multiplicaticn using the formula (9).

H v (n) = Hyin) F{n) for 0 <= n < Np (9)
30
The frequency-limited, discrete channel transmission
function H'¢(n) provides a suitable spectral function,

from which the discrete channel impulse response Iy(n} can



i nverse discrete Fourier transformati on. The discrete channel inpulse
response lk(n) is calculated accordiig to the formula (10). 5 N, -1

I k(n)Y, Hk'(k).ei2A for 0 <= n < NF (10) k=0 To achieve a nmeani ngf ul

i nprovenent in the efficiency of calculation, the fast Fourier
transfork%?a JereHiEer o BIRGSE FasttFBurs B0 a3 #)°kan al so be

used, in angﬁ%ég?éﬁbe Apcide di Ses el fourd erpiLansforaplion in

f or mul ae ( for the Inverse discrete Fourier transformation
accordi mjtatrmef]orzrmpwls(elogesgcﬁls'r&) hrlesents tthe cdilsdreet e clvanhialg itmpul se

respons 5‘{}% aphic formuseful to the user when inplenenting
servi cegcr}rbea %‘?‘f@rﬂ g'dz'azd"dl ti onal signal processing stages nmust be
carrised out. In this context, in a first part of procedural stage 5106,
absol ute nunbers are formed from 20 the conplex interpol ati on points of

t he channel [ respanse Lk(n). The interpolation 0| nts of the
channel £ Pﬁ?ﬂ g@péﬁse k(n), % 9 eveln of I\%hl ch 8 scattered

over several d&cades, are also logged to provide a meanl ngful
presentation in a serri-l ogarithm c 25 scale. The formation of

absol ut erumhers,and md H981d £ h o, find e ﬂhs@ﬁgtgfﬁbé‘ﬂélﬁ&y' apul se
response |lk(n) is carried out using the formula (11).

unscal ed(aﬁmrlc?tomro,gl‘@le( ﬁd(‘{fn)FCI?ur)lEéJ:l.lDra@@ECﬁma@l@ﬂi hIEFT\lF For a
conpar vi d a nt er po#atl on oi,nts o%}flt he

chanfe O se rae pons%rll?(]f n?‘—”afhs ﬁrflap%aré BENTC AN EAr i 1Y al |

inter p0|ﬁm@f}nﬂmﬁ SaM e adilderete Fourier transformatlon in
Q/f formulae {(5) and (6), for the inverse discrete Fourier

transformation according to formula (10).

15 To present the discrete channel impulse response Ix(n) in
a graphic form useful to the user when implementing
service measurements, additicnal signal processing stages
must be carried out. In this context, in a first part oif
procedural stage S106, absclute numbers are formed from

200 the complex interpolation peints cof the channel impulse
responsge Ix{(n). The interpolation points of the channel
impulse response Iy(n), the level of which may be
scattered over several decades, are also logged to
provide a meaningful presentation in a semi-logarithmic

25 scale. The fcrmation of absolute-numbers and
logarithmation of the discrete channel impulse response

Ixin) is carried out using the formula (11).

Tks 1cq, unscaled (1) = 20%1logy, (|Ix(n){) (11)
30 for 0 <= n < Ny

For a comparison of the level of individual interpolation
rpoints of the channel impulse response Ix(n) in a graphic

form, a scaling of all interpoclation points with a



reference paraneter is proposed. Since the maxi num interpolation point
of the channel inpulse response Ik(n)!7 represents an appropriate

ref erence paranmeter, the nmaxi mum value |k, og, unscal ed, max i s sought,
in the next part 5 of the procedural stage S106, fron1a|| NF

i nt er pol af$bArePor NP3 IS ERE %ﬁaﬁﬁ%?oﬁﬁﬁul%bn?%sb%ﬁs@aﬁka@g, unscal ed(n)

using t he; form) p(12) bl ogr tnscahedonx; zompel kelognunscaled(n) )

(12) e sca Ing o ed I nterpol afi on poi nts
of the chamne$emﬂ@u&seappsgpnsetékréﬁg;unseapedamayemkthheeference to

t he naxinun1inte;§ Latlon poi nt Ik, | og, unscal ed, nax n be seen 15 w th
r ef er enc et O FOR it BT 18) 1ek mtogien)ae 1%, FBHE N umstal Q?JE( A=t 1R og,

unscalsed, g8x;£d 3 rotOubar sf'ac?eNEl@@ | Brbhea eontiextin o r ST ¥i £6n
measurenents in practice, a p urallty of echo inpul ses are often

conta|nedp®nntﬁeofchbﬁn@hannghlsapuéspon@epomhﬁcﬁkaan1hhﬁnmm0)longer be

handl ed {Qe gerv%cg pfrsgggﬁl. A reduction of information, selecting,
for exanp B9 %?te% 25 %r tation on the basis of the 10 | argest echo

signals is therefore neaningful in this context. Accordingly, the next
procedural stage 5107 contains a search for local naxim of the scaled

i nterpol ati on gbhﬂnsmeﬁhﬁhexCﬁéﬁﬁéﬂlhbmpuhseeﬁ@%bbnse Kk€h). The nethod
accorgjng to the .39 Lovgntign for searching for the local maxina of the
channel inpul se response Ik?n) and sorting the nmaxi ma obtained according
to the size of their absol ute nunber |s shown in Figure 5 and will be

expl ained_jin greater etail in a later section. 18 To _detect. the
geographl%g? %8% t1'8n° ftBﬁsFaﬁFééeg lFE@rpo ation poiRts of the

channel impulse response Iy, i1og,unscaled (N) with reference to
the maximum interpolation point Iy, iog,unscaled,max Can be seen

15 with reference to formula (13)

Ik, 10g{n) = Ik,log, wnscaled (D) — Iy, 1cq, unscaled,max (13)

for 0 <= n < Ny

20 In the context of service measurements in practice, a
plurality of echo impulses are often contained in the
channel impulse response, which can then no longer be
handled by the service perscnnel. A reduction of

\_; information, selecting, for example, a sorted

25 presentation on the basis of the 10 largest echc signals
is therefore meaningful in this context. Accordingly, the
next procedural stage 35107 contains a search for lccal
maxima of the scaled interpclation points of the channel
impulse respecnse Iy{n). The method according to the

30 invention for searching for the local maxima of the
channel impulse response Ix(n) and scrting the maxima
obtained according te the size of their absolute number
is shown in Figure 5 and will be explained in greater

detail in a later section.



transm ssion channel, it is nore relevant for the service personnel to
determ ne the correspondi ng distancetof the 5 obstacles fromthe current
Jposition of the nobile neasurenent receiver, instead of determ ning the
time of reception of the echo signals generated by the obstacles. The
location in time of the largest echo signals of the channel i mpul se

’ Ik det d h 10 f.thi d I
Tage. 1L conbar ol si AeophEChuRe L paPe ot hre SPAbEIFRL At Fae

CorreSpO@QaﬂgmlgS§bﬁn@saBMemvl&tphﬁlmlréh@eheeahtO@oknthbn@ebwltae
transm ssion velocity. 15 In the |last part of the procedural stage S107,

the grapdrecnepresentatesnine the QP§€¢§P@ndhaQnéPStﬁﬁ@?s@f £8gponse
L k(n)s Ti %LgciégefrBEaEﬁ aéu§@§ h?sfk%gé o tﬁlh%o%E%@h'C
g contains 20 w

represen F'on - shown 1 n are € graphi c region
10, the geapitempnesestaiiren, ofinstbeaccbandeteirnpulisag raspense bk(n) wth
a tabular listing of the ten nunerically |largest interpolation points of
t he chanﬁ%FePﬁtﬁPs%frE§60ﬁ§EOIﬁ%ﬁ?aéﬁoﬁﬁnPﬁaFﬁé Pabtingr ©Ppégrefis20, by

way of e%EQPEScaEQSnQEBPQhﬁeV89'9He19agﬁe§9nééh85s§?ﬁéﬁh L@gapist hm ¢

diagramw th an ordinate axis , has a logarithmc scale with the

unit dB ahannsl meuﬂeéereﬂpenaglgkfmk tde devetmpfied héni nher pol ati on

poian of the _ channel W?ULE resp absci ssa access 12,
8 h°

I d.
Whi off haBTSCPRRag, PRER) A e A e

the | ocathembRt phpe ef thesi Btagpol ahtentpei Bbs rekpbhgieannel inpul se
response | k(n). In this sem-logarithmc diagram the individual

/lﬂterpolﬁ%ﬁéﬁnﬁélthmBﬁtﬂﬁéYéﬁanﬁéP LApaksen iBspansedVk(ERE are

p95|t|onggaggm%ggggnb@g§oé§tymhose 19 heights correspond to the |levels
of the interpolation

15 In the last part of the procedural stage 5107, the
graphic representation of the discrete channel impulse

response Ix(n) finally takes place as shown in Figure 1.

The graphic representation shown in Figure 1 contains
20 within the graphic region 10, the graphic presentation of
the channel impulse response Ix({n) with a tabular listing
of the ten numerically largest interpolation pocints of
, the channel impulse response Iyx{n) shown in the tabular
Ldf region 20, by way of example. The graphilc region 10
25 contains & semi-logarithmic diagram with an ordinate axis
11, which has a locgarithmic scale with the unit dB and is
the reference axis for the level of the interpolation
points of the channel impulse response Ix(n), and an
abscissa access 12, which has a linear scale with the
30 unit us and is the reference axis for the location in
time of the interpolation points of the channel impulse
response Iy(n}. In this semi-lcgarithmic diagram, the
individual interpolation points of the channel impulse

response Ix(n) are positioned as level bars 13, whose



points at the position on the abscissa 12, which corresponds to their

| ocation in tinme. In a three-colum able in the tabular region, the ten
nunerically largest 5 interpolation p&%nts of the channel inpulse
response lk(n) are presented, sorted in descendi ng sequence according to

t heir absol ute nunerical value. The first col coptains _,the sequenti al
or der; tﬁ%e%%%gﬁdc%ﬁF%ﬁﬂo%gnggiE@etﬁﬁve Bs%fu#ggnﬁﬂggFPSEaFﬁgnleveI; and
the thirdephtgnadOcgeNbaknsibhechoenti 8PskNsEhNME20f whheni nter pol ation

point of the channel inpulse response |Ik(n). As nentioned above in
connect i OFCHF ¢ PP prAeeliar aes¥ agecabior, 1nhelBab- FBufi ABLEBrC8éaFEhi ng for

a local naxipum 15, of L nt ti poL nt - a i.apul se
response T?%E?, %hf%ﬁ Féﬂﬁ}%gs?%g?ég’iﬁﬂﬁigégeﬁgggggg?%gp ?%@ sgggdural
stage H110nw:thoi heical cuiatsoafoththehafhedt idenivat reppbk'sen) Ofi) t he

di screte interPoIation poi nt sequence Ikén) of the channel inpulse
response ST ngre®etheds of AHFEI(12) deFREPBYNT(AFILCTRE| BHERFA) NI Fﬁzlog(n)

(14)  fori Q57 MpsoNrrelndpebichbeypext  stagerdibl. cbhgrsecand jdeki vation
lk'"(n) of the sequence of discrete interpolation points I'k(n) of the

channel itipal seqrespbaseokrderal thtatedondi ngltihe fonkelias ¢h&). 30

I K, 1og" ( = lk, log . (n+l) . 1k,i0q9" . (n) .( or 0 <= n< NF-2 After

t he runni%%Sgﬁygabpggbéﬁuﬁ%thef8?vg%é P%ga%ggaﬁﬁﬁﬁd SPLPWQ i nt erpol ati on
poi ntm of céheachanark 18pEtsen20n tespopsecthk(mhtewBbchthavepbeer found,
and n for the interpolation points of the channel 1 npulse response |k(n)

have beerncfniifafigedebyiFerspPfigreaBonAguitr{l s carried

. As mentioned above in connection with procedural stage
2107, the sub-routine for searching for a local maximum

15 of the interpolation points of the channel impulse
respense Ix{n), which is illustrated in Figure 5, begins
in procedural stage 3110 with the calculation of the
first derivation Iy’ (n) of the discrete interpolation
point seguence Ix(n) of the channel impulse response using

20 the fermula (14).

IK,.‘Log’ (l’l) = Ik,lo':;{(]:-]-'l':l-) - Ik,log(n) (14)

for 0§ <= n < Np~1

25 In the next stage 8111, the second derivation Iy’ ({n) of
the sequence of discrete interpclation points Ix(n) of the
channel impulse response is calculated using the formula

(15).

30 IK,J.og’r‘r (n) = Ik,log' {n+l) - Ik,log’ (n} (15}

for 0 <= n < Ng=-2

After the running variables “number” for the local maxima

of the interpolaticn points of the channel impulse



out on the basis of a question regarding whether the 5 running variable n
is less than NF - 2, to establish wRBther or not all interpolation
poi nts have been investigated in the search for a |local nmaximum In the

case of a negative answer_to the inquiry, in _procedural stage 5116, the
| ocal rra%ieﬁﬁg’&set He (P nt e‘f‘”%?]ét]il%ﬁep%?ﬁ?sf?ﬁ@n@k(ﬁ?dofl ?Hé Ehﬁnnel i mpul se

response;found R tike $eaReh off eeduR WA ithe 1wl e dJmvndd m), (and the
| ocation in ime max-n(n) are sorted according to the size of the
absol ut ebpgrbecemaXi nitipliEsd bt keredse ofzra ipegiittiwe samswrigd t he

inquiry, the ne uestio regardi.ng whet her. the . first derivation
e on A6 e 2aence of SRR AeT it Rednd he samp! i ng
timessn an@nitly eireGudle 1O izenesandnahether, 2at tot betsameshi me, the

second derivation I" k,log(n) of the 20 sequence of interpolation points
at the sampitibey Crmaai+ialli sntespalisand ofeelrdeét daiendesihet her a | ocal

Taxi mum i,5,, A§32AL PLveED. the 190 SAM g ges B A0d Hlend n the

event of "a positive answer t i's inquiry, the nex el enent of the
vect or max sk( mfimae medaari vichanahsal wtoe t2&% numersy ofint herdaasal ratmaxi m

found is assigned, in the fallow.,ng procedural stage S112, to the

absol ut esﬁ@ﬁﬁerﬁléf' tHhe ﬁﬁ’t‘:é”ﬁ‘pg‘laé‘tw%n Soi FEEDFHUSE 8t SMHed usi ng
formgha (16} 3@ MBX- LhAHABE Ympubkel 08s6BhsE16buhA thetRexkcstage S113,
the next elenment of the vector ~nmax n(nunber) for the |ocations in tine

of the | pealcedwnd e tfhodde ivelassimgired @i ra Hévef dranAta L7An 21 Max
n( nunmber EXO.HS(n'l;hi s denates, t hat tohe i S present

.= N nynber.-t:,. maxi
ei\@ctly )CE;L Settéen N arf enff.rtﬁflo@é:scﬁrnd‘n %%%%Lﬁe\/gf{ﬁ;ﬂ@r to

absoclute number max I(n}.

15 In the case of a positive answer to the inquiry, the next
question, regarding whether the first derivation Iy, igq(n)
of the sequence of interpclation points between the
sampling times n and n+l is equal to zero and whether, at
the same time, the second derivation I77y j14({n) of the

20 sequence of interpolation points at the sampling time n+l
is less than zero, determines whether a local maximum is
present between the two sampling times n and n+l. In the
event ¢f a positive answer to this inquiry, the next

&x: element of the vector max I (number) for the absolute

25 numbers of the local maxima found is assigned, in the
following procedural stage 3112, to the absgsolute number
of the interpolation point Ix(n) just determined using

formula (16).
30 Max T (number) = Iy 10g(n) (16)
In the next stage S113, the next element of the wvector

max n{number} for the lccations in time of the local

maxima found is assigned using the formula (17).



the last-nanmed inquiry is ended by increnenting the runn

ng variabl e

"nunber" for the local nmaxi na found. 2The end of this processing sequence,
and al so a NEGATIVE 10 answer to the last inquiry, leads to a further

. check to determ ne a possible | ocal maxi mum between two

i nterpol ation

points at the sanpling tine n and n+l, which is not |ocated exactly in
the mddle behween(%%eneggo=p%iqt% R and n+l, if the product of the first

15 derivation kaﬂ

f the intérpol ati on point sequence at the

sanpling tinme n and the first derivation 1'k,log(n+l) of the
interpolation point sequence at the sanpling tinme n+l is |less than zero
and, at {RéSsdfBOMGMEDathe hee et SdeT | VBT BT "kS | BER 5 bf SYRET 20

| nt er pol 3Lk QRROKNL SLGUENCS Bl AT iK0G TR S arl 58, Lhan zero.

In the case of a positive answer to the inquiry, the next

el enent of the

vect or maken(astbesnecaf inumilrgedls emded 2 time cofertthend daded  maxi num

found is determned .i procedurgl sta S114 using the fornulae (18),
(19) andTUP26YY d&r 'eon-“i“@%tef: féﬂrK?C%ﬁgglﬁﬂ /?@%T@Wﬁf%ﬁtrg;—) /20 (18)
30 derivation-right = 101K, | og(n+2)/20_I0I K, og(n+l) /20 (19) derivation
_left 35 max n(nunber)=n +0.5 (20) derivation right -derivation

left 22 The ginecedutdlisstagecsEIBg tieausaxe elaveml ssf a REGARTGF  nmax
| (nupper )an}s%e%ssclog%%% fl%gttp/g_)?_%,{%(%@az”t %_e)%lgzéb&%, of u%euke'zr‘i)cc%!eéﬁ?xwum found

X a
usi ng the formula nurtber "0 9¢(
determine a possible local maximum between two

e interpolation points at the sampling time n and n+1,

which is not located exactly in the middle between the

two points n and n+l, if the product of the first

15 derivation I7,104(n) of the interpolation point sequence

at the sampiing time n and the first derivatiocon

I"y,109in+l) of the interpclation point sequence at the

sampling time n+l is less than zero and, at the same

time, the second derivation I'’y, 159(nn} cf the
20 interpolation point sequence at the sampling time
less than zero.

In the case of a positive answer to the ingquiry,

25 time of the local maximum found is determined in

nis

the next

v element of the vector max n(number} of the leccation in

procedural stage 5114 using the formulae {(18), (19) and

(20},

(n+1)/20_1OIK N

derivation left = 10%, .4 og 20 (18)

30

derivation right = 107 104 "720-10% 10, "™ 7% (19)

derivation _left

35  max_n(number) =n— +0.5 (20)

derivation _right — derivation _left



Processing the POSI TI VE answer to the last-nanmed inquiry is ended by

i ncrenmenting the running variable " nuitber” 10 for the local naxima
found. As a final calculation of the algorithmaccording to the
invention, in the case of a POSI Tl VE answer and a NEGATIVE answer to the
| ast-naned inquiry, the running 15 variable n for the interpolation

poi nts ofrd he-channell 4¢uud se 1esponsed ki n1dmehICs ENERL eG-£0p -t he
i nvestigation of the next |nterpolat|on poi nt and branched back to the

i nput of mdre ¥ immbemquis yas20uHR 19 nehe esotetion ofinbhe ¢Hcahemaxi ma of
t he int tlon 0|n;s of the channe | s esponse lk(n) can be
S|gn|f|ca($cf°§/f31 %?%ase %él%%ﬁn%aﬁdilé??ﬁﬁg E 2 |ed out in procedural
stagesS114 of the nmethod illustrated in Figure 5, if the local maximum
is not 25 |l ocated exactly in the mddle between two sanpling points n
and n+l . The rEthob( et des™ alpossibl e sol ution for rgéfea5|ng the time
resolution. The sanpled values of the first derivation Ik'(n) are
approximated using a linear traverse, of which the passage through zero

repr esentBr3eddingxact POSITIGh afstdme t®camenha$hﬂnamédhig@3iryine-
resolution in ol ation caq}be achj eved bX@%ilng uncylons of a

h |nter
hi gher orﬂ%re?éﬁg'b%pﬂ? CRYMCERONS D r P A B oY F£ i oRYfoeE5 23

Caing i.cMethod forapnghyshdgedheqachannel inpul se response 5 (lk(n)) of
a transmi ssion channel (2) using a tinme- discrete adaptive equaliser

(21), which is connected in series to the transm ssion channel (2),

W@{Fh it}ﬁg%gl%fﬁgﬁ ggféhfi%ﬁé@'&@“@ﬁg algorithm acccrding to the

o invention, in the case of a POSITIVE answer and a
NEGATIVE answer to the last-named inquiry, the running

15 wvariable n for the interpolation points of the channel
impulse response Ix(n) is incremented fcr the

investigation of the next interpolation point and

branched back to the input of the first inquiry.

200 The time resolution of the local maxima of the
interpolation points of the channel impulse response Iyx(n)
can be significantly increased with the calculations
carried out in procedural stage S114 of the mathod

\“; illustrated in Figure 5, if the local maximum is not

25 located exactly in the middle between two sampling points
n and n+l. The method provides a pessible solution for
increasing the time resclution. The sampled values of the
first derivation Iy’ (n) are approximated using a linear
traverse, of which the passage through zeroc represents

30 the exact position of the local maximum., A higher time-
resolution in the interpolation can be achieved by using
functions of a higher order (e.g. spline functions or

parabolic sections).

35



procedural stages: 10 - determ nation éSlOO) of the IIRfilter
coefficients (an) of a recursive filté portion (23) and the FIRfilter
coefficients (bn) of a non- recursive filter portion (22) of the
time-discrete adaptive equaliser (21), 15 - at least partial assignnment
(5101) of a first input vector (A(n)) with the IIRfilter coefficients
(an) and pfgzasecond input vector (B(n)) with the FIRfilter
coefficients (bn), - determ nation (5102) of a first output vector 20
(A" (n) fromthe first input vector (A(n)) and a second output vector

B f th d input t B i h. ing th
i screte “Fouri GFLLPANSP6r RPT8H SPor bt FORP TS 1051 of e TRELPE o
channes 25 transm s prof unct tonshtkéndn dyaghyi ding tiBenfi Estimeut put

vector (A (n)) by the second output vector éB‘ (n) and - determ nation
(5105) of the dAsécecéecRERRELVe ApURddsSpEsPBAse (NKEH) )Lsfrom t he

di screte channel. o 30 LLANSH 53500 f YACLEAN, CHKCA) USLAD ki ddiver se

di screte Fourier ‘transtormation. according to c aim 1
characterised inf2)hatvh24h ttheepnpiti seec¢t eishAthge dad 1Bingof the discrete
Fourier transformation are assigqed as follows: A(O) =15 A(n) = an for
0<n<=k ||Rpﬂo€ﬁ)?‘u£a FEARIRSFIR < n < NF B (n) = b" for 0 <= n <= k
-FIR 19 - determination (3100) of the IIR filter

coefficients (a,} of a recursive filter portion (23)

S and the FIR filter ccefficients (b,) of a non-
recursive filter portion (22) of the time-discrete
adaptive equaliser (21}, A

15 - at least partial assignment (S101) of a first
input vector (A(n})) with the IIR filter
coefficients (an) and of a second input vector
{(B{n}) with the FIR filter coefficients {(by),
- determination (5102) cf a first output vector

20 (A’ (n) from the first input vector (A(n)) and a
second output vector (B’ (n)) from the second input
vector (B(n), in each case using the discrete
Fourier transformation,
~ formaticn (8102) of the discrete channel

25 transmission function {Hx(n)) by dividing the first
output wvector (A" (n)) by the seccnd ocutput vector
(B’ (n) and
— determination (S105}) of the discrete channel
impulse response (Ix{n)) from the discrete channel

30 transmission function (Hy(n) using the inverse

discrete Fourier transformation.

2. Method according to claim 1,

characterised in that



B(n) =0 for Kk -FIR < n < NF 10 wherein n the index, which determ nes
the interpolation points of the inpu4vectors, Kk IIR the order of the
recursive filter portion (23) of the tine-discrete adaptive 15 equali ser
.(21), k -FIR the order of the non-recursive filter portion (22) of the
ti me-di screte adaptipputeggarrser A(nl) 28AdBNRE)t RE RbRbER 567 288Dl ed

val ues for the LSC Let tr f .on. _3. t .accordi ng
to claim1 or ZFggﬁg%gc?g%ﬁggggﬁh%§ﬁgtg?%eggggébgguﬁgug%gégﬁgf A(n) is
formed by discrete 25 Fourier transformation of the first input vector
A(n) assigned with the L#R filter coefficients wusing the formula: |
An(n)=- Y, A(k)e iz" ®(U1oF & <= n < NF NF k=0 30 that the second out put
vectors Bl (n) is formegd Ry =discretesfoyrier, transfgrymati on of the second
input 25 vector B(n) assigned with the FIRfilter coefficients using
the formula: Np-! B(RA)XB{kFeOj' 2nkdleNFkf GLR0<<n £ ¥NF NF k=0 5 and the

channel transm ssion E?H?tLOB Hk(n%okso <= n <= k FIR
="5, = = k_

B(n) =0 for k FIR < n < Ng

10 wherein
n the index, which determines the
interpolation points of the input vectors,
s k IIR the order of the recursive filter portion
(23) of the time-discrete adaptive
15 equaliser (21),
k FIR the crder of the non-recursive filter
portion (22) of the time-discrete adaptive

equaliser (21) and

Ng the number of sampled values for the
20 discrete Fourier transformation.
3. Methed according to claim 1 or 2

characterised in that

the first cutput vector A’ (n) is formed by discrete
25 Fourier transformation of the first input wvector

A(n) assigned with the IIR filter coefficients

using the formula:

1 Nyl s
A'(n):—-ZA(k)-e s for 0 <= n < Np
F k=0
30

that the second cutput vector B’ (n) is formed by

discrete Fourier transformation of the second input



formed using the formula: Hk(n) = é@) / B (n) for 0 <= n < NF 10
wherein NF the nunber of sanpled vaI es for the discrete Fourier

tvy ansformation, n the |ndex whi ch deternlnes the 15 interpolation points
-of the output vectors aSS}heelnde gIge%héglnes t he

i nt erpol ati on p0|n?% o? np%? e@% hod according to any
ohe of clains 1cé@f§1c§@ﬂt§0ﬁ§ih§edhenfbhﬁﬁl&he conpl ex channel i nmpul se
response Ik(n) is formed wusing the formula: NF-1 25 Ik(n)= jHk(k) e
2.k-n/ NF k=0 wherein HK(n) the channel transm ssion function, NF the
nunmber of sanpl ed val yes,for the 30 discrete Fourier transformation, K
the discrete frgquygci_ %gqgﬁ{eaﬁdwﬁ&th@ri@dex,nmbigp determ nes the
sanpl ed val ues of th¥.cl@nnel inpul se response. 26 5. Method according
to any; one of clainms 1 to 4, characterised in that after the

determ nation (5105) of the channel 5 inpulse response (Ik(n)) t he
procedural stagesdothefohapnedbntoinshésabsol GuachufbeH; mbghﬁlthnatlon

and scaling (Slgg}mgé &anghgﬂgekokﬂggg§e response

Hy(n) = A’ (n) / B’ (n) for 0 <= n < Np
10
- wherein
iﬁ; N the number of sampled values for the
discrete Fourier transformation,
n the index, which determines the
15 interpolation points of the ocutput wvectors,
and
k the index, which determines the
interpolaticn points of the input vectors.
20 4. Method according to any one of claims 1 to 3,
characterised in that
the complex channel impulse response Ix(n} is formed
{;) using the formula:
Ne—1
25 I, (n)= ZHJ: (k)'ej'wc'nlNF
k=0
wherein
Hx (n) the channel transmission function,
Ng the number of sampled values for the
30 discrete Fourier transformation,
k the discrete frequency wvalues, and
n the index, which determines the sampled

values of the channel impulse response.



I k(n)) are inplenented. 10 6. Method according to claim5 characterised
in that the formation of the absolute:nunber and |ogarithmation of the
conpl ex channel inpulse response ka%) are i nplenmented using the
formula: 15 Ik, log, unscaled(n) = 20 * [og10(l Ik(n) 1) 7. Method
according to claim6 characterised in that 20 the scaling of the

di screte channel inpulse values [Ik(n) is formed by seeking the |argest

sanpl ed yal ue wipnb&r BBcOFaangabsokulecArmber chkikhegy wasaal ed, max(n)
using the follow ng function: 1k, 1og, unscaled, max(n) = max{ Ik,

| 0g, unscaled(n?h?xéstaﬁas§§b§€q§BﬁF cal cul ati on usi ng the formul a:
Ik, 1og(n) = Ik,Log, EH§C8F§g£HlEat559l?giﬁ§? a'%ﬂe”gﬁSQ%eﬁaththOd

accordlng to any one o terised in t 30 before
t he deternlnatnmpu15é05¢spbnsbe chamnne] thepotsesdespbnseat&éndta
wei ghting (5104) of the channel transm ssion function Hk with a

wi ndow functi 6ATRERY OPsOf npREnBREBYUIR- BFHE?rt018EF§Fﬁh'g§?OWN

frequency- bandaha%EsﬁlﬁBaEQQb@ré@s'Ehésb%nnfew‘%bﬂrl‘sék&@sp %'s'”ég the
formula: Hk (n) = Hk(n) hod according to clai

characterised Em(mhhbalmeumyh@m¢mWe$%n) 0 for 0 <= n <= nl

10 6. Method according to claim 5
characterised in that
the formation of the absolute-number and
lcgarithmation of the complex channel impulse
response Iy(n) are implemented using the formula:
15

Ik,].cn_:;, unscaled () = 20 * lOC_ho(IIk(n) [)

7. Methed according to claim 6
characterised in that
20 the scaling of the discrete channel impulse values
Ix{n) is formed by seeking the largest sampled value
in terms of an absolute number Iy, 1o, unscaled,max (N}

. using the following function:

TN
Y

— Ik,log, unscaled, max (Il) = max{ Ik,log,unscaled (I'l) }

25 and subsequent calculation using the formula:

Ix,109(n) = Iy, 109, unscalea(n) — Ig, 1og, unscaled,max (T1) +

8. Method according to any one of claims 1 to 7,
characterised in that,
30 before the determination {S105) of the channel
impulse response Iy(n) a weighting (5104) cf the
channel transmission function Hy(n) with a window

function F(n) is implemented in ocrder to cbtain a



F (n)

=0 for
t he wi ndow functi on,

N2 < n < NF 10 F(n) # 0 for nl <= n <=n2 is selected as
wherein n the di’screte frequency index, NF the

RAunber of sampled values for the discrete Fourier transformation, 15 nl
_.the lower threshold frequency of the w ndow_ function, dependent upon the
modul ati on %ﬂ&g

threshol d frequep

nodul ati on 20 type 5$£{h§ Si é

to claim9,

typge

g oSy 6

Vil e tGHeaidia t e D SiheE 0% he upper

Whn f ti pendent upon the
%%Wn gggtfgggﬁggted 10. Met hod accordi ng

chataghéer Fse&d (nn th@h@ﬁhe wi ndow function F(n) is forned

using the 25 fornula: F(n)=a-b cost 2)rn2 n Jn

_n’

fora <=n<=n2, J

30 wherein n the discrete frequency value, a,b,c freely sel ectable

par angt ers, det@@@HBduhcéggaf§§J@éﬁ citde, wi ndow function, 28 a nl

| ower threshold frequency of

nodul ati on

nodul ation typ :§¥bnal to be transmtted. 11. Method according to
any one of claimg&miteh chasach et sed mit hat
F(n) = 0 for n; < n < Ng
10 F(n) # 0 for n; <= n <= ny
is selected as the window function, wherein
o n the discrete frequency index,
o Np the number of sampled values for the
discrete Fourier transformation,

15 ni the lower threshold frequency of the window
function, dependent upon the modulation
type of the signal to be transmitted, and

n; the upper threshold frequency of the window
functicn, dependent upon the modulation

20 type of the signal to be transmitted.

10. Methed according to claim 9,
. characterised in that
s the window function F(n) is formed using the
25 formula:
F(n)=a-—b-cos[27r- T ]+c-cos(4z- noh j
Ry, =1 y =1y
for n; <= n <= ng,
30 wherein
n the discrete frequency value,

e wi ndow ' function, dependent upo

t ypthasfaqtarisiqrhan tthake transnitted, and n2 the upper

t hreshol d freq%gpc%fof t.he wi ndow 5 function, dependent upon the

a,b,c freely selectable parameters determining

the form of the window function,

t he
n the



10 after the formation of the absol ute-nunber, Iogarithmatidn and
scaling (S106) of the channel inpul s€ response (1k(n)), a determ nation
(#107) of the local maxi ma of the scal ed, sanpled val ues of the channel

k.mpul se response (lk(n)),.is inpl nt ed .15 according t bsol u nunmber
and location in tnl(lrre. % i\%@r%ro?}grcecsg}oalidﬁg@]ieoq%ﬁ%ﬁ:%Cﬁ,ﬁ%%a“ri%t% ®fised in
t Aat the determination {(GkdA)orof ddeddeal umxi Mehofnddela?loscal ed
sanpl ed val ues of the channel inpulse response (1k(n)) conprises the

foll owi ng procedural st¥Rfe<Lt idimatidiy S1dye drramaittred: it vati on

I k, 1og' (n of...t he di,scr i .esponse
§| k(n) )g ( 1203 mat 1%on (%%)ﬁoﬁel}t]ﬁée@sc%\%& g%ﬁ !ga\fi oin O%ﬁ(ﬁ%h%@o‘{ n) IO) of

t he disscrete val ues of fithectchannelepdmprnts expes pons enddkla) Jon -
determ nation of the absolute nber, 30 (max | (nunber 5112) and the
|l ocation in time (nmax W%r%%r%e (BIAHT of° tl%‘% ‘}%%%?I)“%%i‘? m if the
first derivation is zero and the second derivation 1is negative, 29 a
determ nation of the exact l|ocation in tine (nmax n(nunber)) (S114) of
t he | ocallhaxi Metved a¢¢eeding nterpoy atironcbfctabnsi pstodérivati on by

and of the assoaiaritertdediin it POU N (hunber)) (8115) of the
| ocal 1o0maxi mum aftéhecheroducsitddntdhe fhe sdbserivathanseat two adj acent
logarithmation and scaling (S106) of the channel
impulse response {Iyx(n)), a determination (3107) of

the local maxima of the scaled, sampled values of

the channel impulse response (Ix{(n)) 1s implemented

15 according to absolute number and location in time.

12. Method according to claim 11,

characterised in that
the determination (35107) of the local maxima of the

20 scaled sampled wvalues of the channel impulse
response {(Ix(n)) comprises the following procedural
stages:
~ formation (8110) of the first derivation

Lv; {Ix,10¢" (n)) of the discrete values of the channel

25 impulse response (Iy(n)),
- formation (5111) of the second derivatiocn
{Tx,104" ' (n}) of the discrete values of the channel
impulse response (Ig(n)),
-~ determination of the absolute number

30 (max I{number)) {S112) and the lccation in time
(max n{number)} (5113} of the local maximum, if the
first derivation is zero and the second derivation

is negative,



interpolation points (n, n+l) and the second derivation are negative,
and 10 - sorting (5116) of the absol e nunbers (max | (nunber)) and the
lsocations in time (max_n(nunber)) of the |ocal nmaxima found, when the
.search procedure s concluded. 15 13. Method according to claim1ll or 12,
charact eri sed i 3G dterhi S FTRISL0HDH The 1t ocH maxi na of t he

channel i npul se -85 RONHEHLK(N) )5l S0 FONUL SES- R HOPMBEST #1s Of the
|l ocations in tinme imto 20 correspondi ng di stances. 14. Method according

to claim13,
maxi ma of the

dhigrsaot amitsedd mttdvat of tidre thier detdemivation of the | ocal

25 channel. i npul.se response. (Ik(n) nd the conver.sion of
the | ocations "3 i%hed nLtrbfecfr?(;Alesscho%La%)n" B 'Sstéﬂtg?ng’pgé@é%(tnzﬂ ilan of
t he indivi dual Ikﬁjoﬁ@xﬁé‘feminéﬁdip@fath@”a@@b@i_at’éﬁuéﬁs@ﬂuthenﬁi‘ﬂ@@@m

i mpul se response (

k(n)) and of the local maxima of 30 the channel

i mpul se r espons@EH_KY MIer)gr aphi o) arfd/Gre tlabra hrndsimytakes prace. 15.

Digital
whi ch can coop
i N suctegpateinern thatntthe(metrhiod aaodbridheagsécomty  one of

st orag

processor
claims 1 to 14 s realised. 5 16. Cpquter software product with

pr ogram code

BRI, S Tt 6 Gt oF S QAT o g

progranmabl € conpu si gnal

VAR E gh B IRch Sre-3¥hdabl e nmedium for the

i npl egent ati on ofsald; 5 ages; @ccor dirng s anycongumdrelaims 1 to 14,
when the software is run on a

o
Q_, v

i5

20

25

30

13.

14.

15.

{max I(number)) and the locations in time
(max n{number)) of the local maxima found, when the

search procedure is concluded.

Method according to claim 11 or 12,

characterised in that

the determination ({(8107) of the local maxima of the
channel impulse response (Ix({n)) also comprises a
conversion of the locations in time into

corresponding distances.

Method according to claim 13,

characterised in that

after the determination of the local maxima of the
channel impulse response (Ix{n)} and the conversion
of the locations in time into corresponding
distances, a presentation of the individual
discrete interpclation-point values of the channel
impulse response (Iy(n)) and of the local maxima of
the channel impulse response {Ix{n)) in graphic

and/or tabular form takes place.

Digital storage medium with electronically readable

control signals, which can cooperate with a



conputer or a digital signal processor. 10 17. Conputer software with

program code nedia for the inplenment#tion of all stages according to any

one of clains 1 to 14, when the software is run on a conputer
processor._ 15 18. Conputer software wi th program code

digital signal
medi a for the

claims 1 to 14,;when.the sofivare,ls storgd-phya,

medi um 20

5 ls.
10

17.
15

18.
20

PROYEMERT AL oOPOBRUBET RF afedl betof HPRY! t BraRySBAE

one of claims 1 to 14 is realised.

Computer software product with program-ccde media
stored on a machine-readable medium, for the
implementation of all stages according to any one
of claims 1 to 14, when the software is run on a

computer or a digital signal processor.

Computer software with program-code media for the
implementation of all stages according to any one
of claims 1 to 14, when the software 1s run on a

computer or a digital signal processor.

Computer software with program-code media for the
implementation of all stages according to any one
of claims 1 to 14, when the software is stored on

machine-readable data medium.

or

a

of

<OBERI RE-£6adabl e data



