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of the Invention The invention relates to a transposed
Farrow structure for a receiver for a Software

Defined Radio (SDR) system a feedforward synch HHMW«HM““
for an SDR receiver conpriding such a transpos

Farrow structure and a nethod for processing:a *159159*

received sig DR recei ver. Background of the
I nvention | rﬂ%ﬂh\?ﬁgﬁ'@'ﬁp@?& érfgowf%ﬁruetwnm e
Software Defined Radio (SDR)), the timng in a data
recei ver nmust be aware of the timng of the synbols of

Fieldhof the:bwventipniat a signal . In digitally inplenented
rate can

o in_ spne.cirqunstanc the s
ThEdnEiont SRR 16 A AHATSpREG) Farid STUGIHE T Gurspiver for a
SoftvaraDefinbdlRadi® (SDRY sysitérhl BSfeabfotward B?né’rﬂﬂﬁiz’e?gor an SDR
rate cannot be synchronized to the incohing signal

recgiygr ¢Qmpwegr%lé@bra dranspesedrFamow stiwgiurengand & imethod for
[ ent of the synbol
proIcIBrg}]s%g%g%'ciéﬁ/(eedﬁ@ﬁea}l\yggﬂsgl%ﬁgg@éﬁﬁpt hat case, various
ways of matching the receiver sanpling rate to the
ihcom n i gpal have been proposed. One known
E %ﬁﬁrﬂwﬂeﬁf"%ﬁw&'\qlﬂ" exan‘pl e Floyd M Gardner:
In cd)r'i‘lhﬁfrf?é‘étﬁ)td §9stb%s Hop i Cﬁ\?@d@éﬁ\uarep @Vetflnled cRedio (SDR)), the

Fundament al s | EEE " Tr ansact 1 ons
timingl in4 2, data. reeiarcmusd e, awpresm-tﬁe?t)mmgopbstm symbols of the

e A il e
theamailing ralté ean Weadyrichedfizé®td HESsyaboITaes Bpﬂﬂi i‘h"coM"rhg? Blgnal

wi Il output the re-sanpled data in tine wt
buts i chemeiicumptanres hhes gameling rats CaUEQTabBySY mzeﬁ to the

Y e S Yo PR RO B o
I'eCBIVb]E' h’ltLr‘st revnan iadependérstafties ppmbdel tifiig 6f thBeeceives eitfrl.
or follows

Jl

In that case, various ways of matching the receiver sampling rate to the incoming
signal have been proposed.

One known arrangement (see for example Floyd M Gardner: “Interpolation in
Digital Modems ~ Part |: Fundamentals”, IEEE Transactions on Communications,
Vol 41, No. 3 March 1993, pp 501-507) proposes sampling the received signal at
a fixed rate that is not in time with (i.e. asynchronous with) the symbol clock.
After that there follows an interpolator which will output the re-sampled data in
time with (i.e. synchronous with) the symbol clock. Usually, the time delay is
estimated only for the asynchronous samples at the mateched filter output and the
interpolator has a filter with an impulse response that either precedes or follows
the discrete-time matched filter. The sampling rate at the interpolator input is
different from the sampling rate at the interpolator output.
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the discrete-tine matched filter. The sanpling rate at
the interpolator input is different fromthe sanpling
rate at the interpolator output 2 However, this
arrangenent is not ideally suited to SDR appllcatlons
where flexible re-configurability, extensive
adaptation and | ow conplexity are required. An
arrangenent whi ch provi des an i nprovenent over the
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compIeX|ty of the system increases quickly because of the storage increase for
the polyphase filter's coefficients. Also, the arrangement only accommodates two
functions: interpolation and matched filtering.

One known way to improve on the above known arrangements has been
proposed and is named the Farrow Structure. (The Farrow Structure and the
Transposed Farrow Structure, which will both be described below with reference
to Figures 1 to 3, have been well described in, for example, Tim Hentschel and
Gerhard Fettweis: “Continuous-Time Digital Filters for Sample-Rate Conversion
in Reconfigurable Radio Terminals”, Proc. Of European Wireless 2000, Sep. 12-
14, Dresden, Germany, pp55-59.)

Consider an input signal r(kT+4) sampled at one rate, which needs to be converted
to an output signal y(mT;) sampled at a different rate. This is shown
schematically in Figure 1. T4 is the time interval between samples for the input
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Equation [1] describes a time-varying system.

It should be noted that we have Rational Factor SRC |if

. L :
L =— withL,MeN,

T, M

If L=1or M =1, we have Integer Factor SRC (i.e. one of the sample rates is an
exact multiple of the other sample rate). If L = M = 1, we have discrete-time

convolution (i.e. no SRC at all).

Generally, the complete continuous-time impulse response h(t) must be known.
For rational and integer value SRC, described above, the system described by
equation [1] varies periodically with time. So, only certain values of h(t) are
actually required for the computation.
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Where cq is the coefficient for the g-th order polynomial.

There are two choices for A which simplify equation [2], namely A = T, and A =
T,. Using equation [2] and equation [1] above and setting A = T4 gives:
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g=0 where xq(mr2)= Er(kTl)cq MT -k k=- ~ 1 [3] [4]
and 5 ml2 nf2 ~Cm - - ]JEOLl) [5] La J denotes the

fl oor operation i.e. La] denotes the greatest integer
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i .e. the distance between tfe previ ous input signal
and the current output signal (see Figure 1) and has
no units. The above equations [3], [4] and [5]

repnésent nE ntati on of SRC known as the
H.Fa Tﬁt‘tuﬁ d Figure 2 shows a schematic (5]
i lustr f such a structure. The Farrow

structure shown in Figure 2 can also be interpreted as
a polyphase interpolator with an infinite nunber of

la paéu&egftﬁe '?Ib@F‘BESﬁatfo’ﬂqte déﬁ@tgﬁm gﬂaaté’é‘t ihtéer 38uch that

reference ase br ynom a
a' description of howto calculate the renaining ones.
The "reference" pol yphase branch can be obtained by
setting pn1— O in equation [3]. It represents t he

m h
o S, e oot Sl A Bblent{ibedrefiobealfur signa
andl'h%@.lrsérﬂrdutm gignalt(sed Faguretﬂ)gndrr@‘sem@nﬁms branch)

and the order of the connecting
The above equations [3], [4] and [5] represent an implementation of SRC known
as the Farrow structure and Figure 2 shows a schematic illustration of such a
structure.

The Farrow structure shown in Figure 2 can also be interpreted as a polyphase
interpolator with an infinite number of polyphase branches that are implemented
by just one “reference” polyphase branch, and a polynomial description of how to
calculate the remaining ones. The “reference” polyphase branch can be obtained
by setting ym = 0 in equation [3]. It represents the samples of the impulse
response h(t) which mark the starting points of the individual polynomial pieces.
These starting points (i.e. the “reference” branch) and the order of the connecting
polynomial pieces determine the transfer characteristics of the SRC system.

In the Farrow structure equations [3], [4] and [5] above, the higher the order of
the polynomial pieces, the better the impulse response h(t) can be matched to
the application. If high order polynomials are not feasible, it is also possible to
use shorter polynomials of lower order. In that case, more “reference” polyphase
branches (i.e. starting points of polynomial pieces) are required. This can be

achieved by decreasing the length of the polynomial pieces by a factor J, that is:
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Substituting equations [6] and [7] into equation [2] above, we have:

YT)=3 3, xq(kﬂ)-cq[mJ —[kf %D [8]

(]=0 k=—00 2

where
x, (k)= r(kT; )- (1, ] )
and
T T
Ha =[k/;;1—k/7;€[0,1) [10]

Note that when J = 1, we return to the original Farrow structure and px becomes
equal to um, the previously defined inter-sample position.
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and Pk= kJT -uT EO0,1) T2 z [7] [8] [9] [10] Note
that when J = 1, we return to the original Farrow
structure and Pk becones equal to pm the previously
defined inter-sanple position. 7 Equations [8], [9]
and [10] above describe the7Farrow structure mhen t he
piece length O of the polynom al pieces is defined by
equation [7] above, and is known as the Transposed
Farrow Structure (TFS). Figure 3 shows a schematic
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still be improved.

It is an object of the invention to provide a modified Transposed Farrow Structure
and method which reduces or substantially avoids the problems of known
arrangements described above.

Summary of the Invention
According to a first aspect of the invention, there is provided a transposed Farrow
structure for a Software Defined Radio (SDR) receiver, the transposed Farrow
structure being arranged to implement:

sample rate conversion (SRC) for converting a received signal r having a
sampling rate of %to a transmitted signal y having a sampling rate of L;

1 2
timing adjustment using an estimated timing error 7 ; and

matched filtering of the received signal.

Preferably, the transposed Farrow structure equates the signal y to Q polynomial
pieces.



structure for a Software Defined Radi o (SDR) receiver,
the transposed Farrow structure being arranged to

i mpl enent: sanple rate conversion (SRC) for converting
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multiplier and plus network over aII orders k of the received signal r to produce
the Q polynomial pieces of the signal y,
the duration of the summation in the integration and dump circuit being controlled

by an overflow factor, the overflow factor being dependent on SRC factor ﬁand
2

the timing error .

The second part of the transposed Farrow structure may comprise a Finite
Impulse Response Filter for summing up the Q polynomial pieces generated by
the integration and dump circuit to produce signal y, the duration of the
summation in the Finite Impulse Response Filter being controlled by the overflow

factor.

The transposed Farrow structure may further comprise a unit for generating a
timing parameter y from T4, Tz and .

The transposed Farrow structure may further comprise a unit for generating an
overflow factor from T4, T2 and 7.
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Preferably, the transposed Farrow structure equates the signal y to Q polynomial

pieces.

In one embodiment, the transposed Farrow structure comprises a first part for
generating the Q polynomial pieces; and a second part for summing up the Q
polynomial pieces to produce signal y.

The first part of the transposed Farrow structure may comprise a multiplier and
plus network for generating Q polynomials for each order k of the received signal
r, the Q polynomials being dependent on a timing parameter u and the received

signal r, the timing parameter p being dependent on SRC factor %and the timing
2

error 7.

The first part of the transposed Farrow structure may further comprise an
integration and dump circuit for summing the Q polynomials generated by the
multiplier and plus network over all orders k of the received signal r to produce
the Q polynomial pieces of the signal v,



In one enbodi nent, the transposed Farrow structure
conprises a first part for generating the Q
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The transposed Farrow structure preferably comprises a portion for generating
an overflow factor from T4, T2 and .

The feedforward estimator may comprise a maximum likelihood based estimator.

The feedforward estimator may comprise an unwrapped estimator for
compensating for clock offset.

The feedforward estimator may comprise a differentiator.
The feedforward synchronizer may further comprising an anti-aliasing filter.

According to a third aspect of the invention, there is provided a method for

processing a received signal r having a sampling rate of % in a Software
1

Defined Radio (SDR) receiver comprising a transposed Farrow structure, the

method comprising the steps of:



The transposed Farrow structure preferably conprises a
portion for generating an overflow factor fromTi, T2
and r. The feedforward estinator nmay conprise a
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estimator may conprise an uhlwapped estimator for
conpensating for clock offset. The feedforward
estimator may conprise a differentiator. The )
f e RATIITHISG @yﬂ‘tﬁq?féﬁﬁlé%?edfrﬁ?"PWr BhUStUERNPAMBIE Fatgnconversion
anti-aliasing filter. According to a third aspect of
(SRQe fonvoenveding tréegieed ssignalv ir deaving net sampfing rate of —to a
processing a received signal r having a sanpling rat el
of T, in a Software Defined Rain (SDR) receiver
trartdrfited sidithl § Hdﬁ@ﬁ%&%liﬁ?ﬁé%ﬁi—ty?tw e, the nethod
conprising the steps of: Il perfédymng, in the
transposed Farrow structure, sanple rate_ conversion )
( SFEgrfargling.oify the tragspesad Fagow siragture, Hirpinggagdjustment using
i ok . a transmtted signal havi ng a
an é%ﬁ%“ﬁg{g}@%r % 58‘3 performng, in tghe t¥ansposgd
Far peorating.cinuthe tiansposed thanswrstructuse nmatehed filtering of the
estimated timng error z ; and performng, in the
recepvgd d Farrow structure, matched filtering of the
recei ved signal. Preferably, the transposed Farrow
structure equates the signal y to Q pol ynom al
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of generating the Q polynom al pieces nmay conprise
generating Q
The method may comprise the steps of generating the Q polynomial pieces; and

summing up the Q polynomial pieces to produce signal y.

The step of generating the Q polynomial pieces may comprise generating Q
polynomials for each order k of the received signal r, the Q polynomials being
dependent on a timing parameter y and the received signal r, the timing

parameter g being dependent on SRC factor %and the timing error 7.
2

The step of generating the Q polynomial pieces may further comprise summing
the Q polynomials over all orders k of the received signal r to produce the Q
polynomial pieces of the signal y, the duration of the summation in the integration

and dump circuit being controlled by an overflow factor, the overflow factor being

dependent on SRC factor %and the timing error 7.
2



pol ynom als for each order k of the received signal r,
the Q polynom als being dependent on a timng
paranmeter p and the received signal r, the timng
paranmeter p being dependent on SRC factor f-and the
timing error z . T2 The steb2of generating the Q

pol ynom al pieces nmay further conprise sunmmng the Q
pol ynom al s over all orders k of the received signal r

The $tap fuSHMMIBIQUP IS, (B nPRlYNYnial cRieees ttRe PEES signal v is
pregé}sbféluéd’ﬂtkﬂl%d%y 'the &}éﬁﬂ@\k'f‘agtdr WhiBR ddHtfm ft‘ﬁ? Yurafidh of the
unp-circult belng controlled by an overflow tactor,
surnimationer f | ow factor bei ng dependent on SRC factor T
and the timng error z . 2 12 The step of summ ng up
the Q polynom al pieces to produce signal y is
ThehestRo@thay Farhérotdprisy thé et} ef bbﬁ_éteftﬁh@t@ftimmgfﬁbrameter v
controls the duration of the 'sunmation. The nethod
fromely, Te@hler- conprise the step of generating a tining
paranmeter p fromTi, T2 and r. The nethod may further
conprise the step of generating an overfl ow factor
Thé histhod mayTfurthed compriseaherstép degeneReifigi an besdlowofactar from
one aspect of the invention may be applicable to
T1,da@Wef - aspect of the invention. Brief Description of
t he Drawi ngs Known arrangenents have al ready been
described with reference to Figures 1 to 3, of which:
Fedtumps describeddn selationto ondiasgeetnofithe ursterdiongay be applicable to

rel ati onshi bet ween i nput and out put sanpling rates;
anotﬁer aspec?ofﬁm mvent?on. P P P g

Brief Description of the Drawings

Known arrangements have already been described with reference to Figures 1 to
3, of which:

Figure 1 is a schematic diagram illustrating the relationship between input
and output sampling rates;

Figure 2 is a diagram of the Farrow structure described by equations [3], [4]
and [5]; and

Figure 3 is a diagram of the transposed Farrow structure described by

equations [8], [9] and [10].

Exemplary embodiments of the invention will now be described with reference to
Figures 4 to 11, of which:

Figure 4 is a diagram of a modified transposed Farrow structure (TFS)
according to the invention;

Figure 5 is a diagram of a feedforward synchronizer incorporating the
modified TFS of Figure 4;

Figure 6 is a diagram of the feedforward estimator of Figure 5;

Figure 7 is a diagram of the unwrapped estimator of Figure 5;



Figure 2 is a diagramof the Farrow structure

descri bed by equations [3], [4 and [5]; and Figure 3
is a diagram of the transposed Farrow structure

descri bed by equations [8], [9] and [10]. Exenplary
enbodi ments of the inventioBwill now be described
wth reference to Figures 4 to 11, of which: Figure 4
is a diagramof a ppdified transposed Farrow structure

Figyrer) d%@di'ag'i?@" phthedifferapdiatorii Figurgtie 5 is a
Flgﬁille""@r a OIQ A Bgﬁfggﬁew%ﬁ%ﬁ@%g% E)?gh%%?r%rnggg?ééié ?gnl?gure 5
of the f\mﬁdkmwaradramgemmttsxr of Figure 5; Figure 7 is

Fiofreglf 2" ahos, ik sERRREP RV BT af M prf et oPlipyig, phase

5; FigurgrSt arid ganBﬁggtrEgarmnce conparison of the
arrangement of Figure 5 known_ar r angenent s;

Figwiegiit e 1shoy~r$o\xhetmséeltatlﬁat efj THARRGSK deforen apgeafter timing
presenc Fdrﬁ%%lﬁ)nohase error and clock offset; and
Figure 1 constell ation of Tr/4- DQPSK before
and after t| m ng synchronization. Detail ed

Descr on  of Pref rre nents The invention
De%nlégl,q&plrép%a iof PJS erre ﬁengegfmmﬁiw Str Iuc;/ur eI (TFS).
Th{r:nﬁ\?oggu%ﬂuﬁt‘dv%s[ 8] moYRied2Y RinspbBEd) Farrdw *Sritdtlie §TF8TOF rom

equation [8], we have:

WnT)=3 3 x(,(le)-cqum—k%D [11]

q:O k=—00 2

As before, y(mT;) is the output and cq is the coefficient for the g-th order (q
running from 0 to Q). As before:

x, (kT;) = r(kT; )- (a4, ) [10]
To simplify notation, we set:
My =2p,'-1 [12]

which gives

x,(kT,)=r(kT})-(2p, 1) [13]



m kT [11] 2 1) As before, y(ml2) is the output and
cqg is the coefficient for the g-th order (g running
fromO to Q. As before: xq(kT,,)=r(kT, ) .(luk) [10]
To sinmplify notation, we set; Pk = 21 k'-1 which
gives [12] xq (kT,) = r(kH#) (2,uk'-1)9 [13] 14
and Pk = m- KT, m- KT, T2 T2 h(t), the function
representing the action of the TFS is given by [14] Q
h(mrz-kT,)=Ecq mKT 2 mkT - mKkT -1 [15] g=0 TZ T2

andl2 or nore sinply as (2/ak'-1)9 [16] h(mr2 -k7 ) =
Lcg mKk

kI, kT,
Hy —m—Tz_ m—-Tj [14]

h(t), the function representing the action of the TFS is given by

SR () (S e B

or more simply as

2

WnT, ~kT)= Y, um -k %ﬂ(m -1)’ [16]

Figure 4 shows implementation of the modified TFS according to one

embodiment of the invention. The modified TFS structure includes a position

sequence generator 401 receiving the SRC ratio %and the timing error (k).
2

Also included is a multiplier and plus network 403 receiving pk ( = 2’ — 1) from

the position sequence generator 401 and also receiving the input signal r(k). Also

included are Integration and Dump (I&D) circuits 405, just as in the TFS of Figure

3. Finally, there is a delay and adder unit — finite impulse response (FIR) filter

407, producing the output y(m). ov(m) is the overflow signal and will be

discussed further below.

The modified TFS of Figure 4 is used to implement the equation:



g=0 Figure 4 shows inplenentation of the nodified TFS
according to one enbodinent of the invention. The
nodi fied TFS structure includes a position sequence
generator 401 receiving the SRC ratio T, and the
timng error r(k). T2 Al stPincluded is a mul tiplier
and plus network 403 receiving Pk ( = 2Nk' - 1) from
the position sequence enerator 401 and al so receivVving

th Si (k) included are Integration
@Eﬁ@ﬁﬁi{ 5@)7‘61): just as in the TFS of

Fi gure0k3» Fi naII t er s a del ay and adder unit -
finite inpulse response (FIR) filter 407, producing

t he out put y(n) ov(m is the overflow signal and w |

whn@ﬁ |sdbéﬁé't‘fo°r?ﬂ fH“?le%éE%‘ntlghﬁ fﬁéd'nﬁulﬁﬁ’l|e-FF§E8;;('>Irﬁ251etwork

ure t0|rrp ement t'he equati on:
—JJ Xq T;Wq k]ﬂ =Q k= -00 T2 which is
gengfjatesi t@ﬁ ek &n % % sHED icicuifs pemtormuthe nesrsumemation
pl us network geker he xq (kT, ) cqgqm- k T,
over i TR B s smaahe RUTer RURMBLAR YRR over o I

the multiplier and plus network 403, Xq for g = 0 to Q
is inplenented in accordance with equation [13] from
In theme&tlph@k)amh@IWnermk 4Q8,my4 forpni er@ tegQ( kTimplegented in

accy e, wifh, 35BebR G, FRLrCT, AT 130, &'iers
x kT | I m-k=
(T, { : J

are implemented for each input r(k). These are the outputs of the multiplier and

plus network 403. Then, in the duration that um—k%D remains the same, the
2

I&D circuits 405 perform the summation over k for each output from the multiplier
and plus network 403. The FIR filter performs the summation over q thereby
producing the left hand side of equation [8] i.e. y(m) as its output.

A tunable parameter for the modified TFS of Figure 4 is y«' and this is determined

by the SRC ratio -;—:‘—and derived at 401. The estimated timing error z(k) is also
2

used to control Yy’ as can be seen at 401. By regenerating tunable parameter py’

to integrate the timing error z(k) as well as the SRC ratio —fj— the modified TFS

2
can combine the functions of SRC, matched filtering and timing adjustment
without a huge increase in complexity.



plus network 403. Then, in the duration that [Lmii]
-L. 1) remains the sane, the T2 & circuits 405
performthe summati on over k for each output fromthe
mul tiplier and plus network 403. The FIR filter
perforns the summation over1€ thereby producing the
| eft hand side of equation [8] i.e. y(m as its
out put. A tunable paraneter for the di fi TFS. o
Howewr Gk anm (haq theicrdes abing sERRle ny @psﬁ@nd output

sugﬁ%\% ic-treé’s'lbd tHE"ihteR% Qﬁorﬁ‘m’ne gﬁﬁ%éﬁb&@ﬁ@éﬁl& isE he &H\ fitation

s use to con as can be seen
acclibdcy Wil scu:gedetealbratg anainthiel |thm|amlattem eonter! willt fail. Thus a more

sutable; puf <auiyalerio GpRPuiAteRal Fethad B pdSied Dpp vay 16 do this s

to fu%BCEW@né?e;SHraﬁq@lmlﬁEt Bﬁﬁnéﬂe'ré efhGraotidnkl Thitdval e and the
adj ust ment. wi t hout a gh increase in conplexity. 16

basapaintdndexask. kn that aasei we.havee orders of the sanple of
the input and output signals) increase, the
interpolation time grows unboundedly so the
comput at i curacyiwi Il soon deteriorate and the
i ntgr J0 will fail. Thus, a nore
Mg i tﬁ%\gﬁqgib’tj?‘ qu% P conput ational nethod is [17]
needed evvaytod thls is to use two separate

timng paraneters: the fractional interval Pk and the

basepoi nt i ndex nk. In that case, we have: nk+l1 = nk
+int uk ¥ T+ k) T2 nk+1 = .frc Pk + TT +
n, 4=X)rc Tﬂk EI-1—¢} + T(k [18]

Thus, the basepoint index at a particular order depends on the basepoint index at
the previous order, the fractional interval at the previous order, the timing error at
the previous order and the SRC ratio. The fractional interval at a particular order
only depends on the fractional interval at the previous order, the timing error at
the previous order and the SRC ratio. We can regard int{,uk +%+r(k)] in
2
equation [17] as the number of input samples to be shifted into the interpolator
until the next interpolant is computed.

In this embodiment, we introduce a new overflow accumulator, indexx where

index,,, = [indexk + % + r(k)] mod1 [19]

2

Note that, in equation [19] we have included the timing error z(k)so that we can

combine the three functions: SRC, matched filtering and timing adjustment. This



[18] Thus, the basepoint index at a particul ar order
depends on the basepoint index at the previous order,
the fractional interval at the previous order, the
timng error at the previous order and the SRC ratio.
The fractional interval at & particular order only
depends on the fractional interval at the previous
mng error_at the previous order and the

is @% FFQIT% gﬁe %Ckmatr@@aﬁaiq hactofs thertiming @gror; and the overflow
acc%ﬂtﬂ?%ﬂo?'?lot% ghog P@lét{}%ﬁg%% ||9(t.lu6&§’liﬁ tﬁ%'ﬁ%hﬁﬁiohoofbtﬂe overflow

acduntgatonl We coald: defing dadexy inhasotbebardyrbyt remeving (k) from
i ntroduce a new overflow accunul at or, indexk where
equatign;[t9) se-that @k SRCrand matshediltering are gorabinkdt e
that, in equation [19] we have included the timng
error z(k)so that we can conbine the three

Eqiiationt [19) snedpfsCGhatrttie bedu?n'\dd m}?bmglsaﬂd/a\]tcybrﬁ ngﬁr k = O . The
agdj ust nent , |scear romthe fact that th
OV%%N%%PV(’PEW?WM% eentionedpievirusyepe qfithe 401 OUtPUtS in
I f the previous order are included in the
F'ggefl ni tﬁﬁbgf&[ he overflow accumulator. W could

define i ndexk+1 in another way by renoving r(k) from
equation [19] so that only SRC and matched filtering

ot ey S AR BT 1L SERETES
i ch

signal ov(m was rrentl oned p’rew ously (one of

As Iaﬂ'ggég e IoEjlét SQ‘)e I&ﬁ fﬁ & 465—51%%%% r?orm 8\ summatuon of

the multiplier and plus network outputs over k. The duration of the summation is
controlled by the overflow signal. The integration operation continues until the
overflow occurs. Then the dump operation is performed. Moreover, the overflow
signal also controls the timing when the output y(m) is generated. Accurate
overflow signal generation is the key for a successful TFS implementation.

Equations 19 and 20 give us:

u,'=1-index, [21]

These new definitions allow the modified TFS to actually be implemented in
hardware and the method is applicable to both rational and non-rational SRC

systems integrated with timing adjustment interpolation. u,' is tunable and
incorporates the estimated timing error z. The range of ,' is defined as (0,1]

rather than [0,1) as in conventional methods. The overflow condition is also
changed. In the described embodiment, two separate steps are employed, to

control the overflow accumulator indexx and generate inter-sample position z,'

respectively.



As already nmentioned, the I& circuits 405 in Figure 4
performthe summation of the nmultiplier and plus
networ k outputs over k. The duration of the sunmmati on
is controlled by the overflow signal. The integration
operation continues until th® overflow occurs. Then
the dunp operation is perfornmed. Mreover, the
overflow signal also controls the timng when the
output y(m is generated. Accurate overflow signal
; r [ =
Flgﬁfé‘ﬁe%ebwa Itmhaggég\%’erg%oﬁ gﬁ:‘b?ﬁ@%ﬁﬁgltog nl?%dlfu’ed TFS of Figure
4, Eugurencse}tlklstratds irfeedfomardjsynmrbnrzes 510 ommphemg anti-aliasing

fiteh i, reciiaiiast Ssbalr SUa BB et BRt Rt GRs, ifpfentator 507
and'@bdifiéd 9T (&%@rdlﬁﬁstbeﬂ@uké‘hﬂfo@t elq'\é/\bhfbu‘t'df‘tﬁé differentiator

adj ustment interpolation.” k t unabl e and
507 rs:mqotummgeerroheshmtmr(le)dwhloim g desosibed. abtive, iswged, along
Is defined as (0,1] rath

| uk’ rthnéoo,l_[) as in
WItfadh@éﬂwtoﬁlsnahﬁ(kh@éslnwhéo e modliee ik B0 The auigt of the
mo&[ﬂ%ﬂgﬂﬁb 508 id ngggﬂsfé g stﬁagétS%gf thé If’i\%ﬂﬂfti%él.)

steps are enp contro ove
accunul ator i ndexk and generate inter-sanple position

..Uk’ t ly. 18 Fi .. 5 sh
Tl RS, BB L, el e om
feeﬂforﬁ/'a‘é’d” A Efeéﬁfdf'\ﬁbfoats@%cﬁrdcrﬁﬁ#f [ ‘é&éﬂerﬁéﬁ“ CAHP rt!és%hbégo since

onprising anti-aliasing [ter f eedf or war d

feedbacMymhrsmzatlonm apped:badéot butsty trapsmisHion @ndnearmatso face

proBie B GE% Fioklniand] BokGriBrRodt s Padt el bagioper -

estimate r(k) which, as descrlbed above, is used
al ong V\Aththelnput si gnal t) as input to

Refasting ite drigyrs Sothe rﬁﬁ?@'V@Gt ?igf'ab'ﬁ el o amuaha%lag ﬁlisr 88F) 501
is y(m. (Note that, for 1baseband the AAF is

and g trmmad;ampl"édmtmg)mg mater oni The isamplesfrom tHeaAAFfthed input the
into two categories: feedback and

feedforward estimator 503. The feedforward estimator 503 is shown in detail in
Figure 6.

Figure 6 shows a Maximum-Likelihood (ML) based estimator, The ML based
estimator and the O&M method (as described in, for example, Umberto Mengali
and N. D'Andrea, “Synchronization Techniques for Digital Receivers
(Applications of Communications Theory)’, Plenum Publishing Corporation,
1997) are two known non-data aided feedforward estimators which are
essentially equivalent in performance. In this embodiment, a ML-based estimator
is used.

In the estimator of Figure 6, the samples from AAF 501 follow two separate
branches. In the upper branch, the samples are first complex conjugated at 601.



feedf orward. A feedforward synchronizer is preferred
and descri bed since feedback synchroni zation is not

i deal for bursty transm ssion and can al so face

probl enms of false |ocking and | ocking losing in a poor
channel condition. Referrlnbgto Figure 5, the received
signal is fed to anti-aliasing filter (AAF) 501 and
is then sanpled at sonme rate T . The sanples fromthe
AAF then input the T, feedfoid@rd estlnator 503. The

Thesh P ST PIES GIP M BNBHEREYa Evenel it CPREPREAFI(GRS. Then, the
sarﬁé@@%r@?ﬁt&ef@d at fllt% @O%nk’cﬁéq&NeﬁﬁFdn‘Eﬂt Eh"e §é‘ﬁ1g¥é§earg&Multlphed

as described 1 n, tor exanple, Urbert Mengal i
and; Mk D' Andr ea, Synchronl zation Technl ques for
Digiffal Receivers Aé)pl i cati ons of Comruni cations

by theor y)at, ofrstanlgakb0 % tiengdetayebatdelay block®09. ar e
two known non-data aided feedforward estinmators which
are essentially equivalent in performance. In this

Theshslitsfrom the Mo bRfirfes Hré *l'ﬁérﬂfnulﬂuﬂledst@gAtHdﬁ at Ia)?erator block

esti mat or of F%?ureG the sanples from ol | ow
611 ac et e Produst dheiecumvIatag: e Block thhcRhe aigument of the

sanpl es are first conplex conjugated at 601.

accunddlator oliyput, givesctheatimingse stimeatewithinp b ifactob pf e—N at
operator bl ock 603. Then, the sanples are fiYftered at
filter 605. In the | ower branch, the sanples are
multiplied -j21rk by e N at operator bI ock 607 then

AN, e AR A Ay oR Pl of SO Lo Bmatr
In thebckse:611 and then the product is accunul ated at

bl ock 613. The argurrent of the
NL,-1

=2—Targ Z |x(kT)‘ e E

Where x(KT4) are samples from the matched filter. The O&M algorithm seems
more simple to implement than the ML-based scheme as it does not involve any
filtering of x(kT1). However, an oversampling of 4 is needed in an O&M estimator,
whereas oversampling of 2 is sufficient with the ML-based method. In practice,
the ML-based scheme is actually not as complex as expected, because the
digitized signal generally comes from an efficient AAF followed by an analogue to
digital converter.

Referring again to Figure 5, the output of the estimator 503 is fed into unwrapped
estimator 505. The unwrapped estimator is shown in detail in Figure 7. The
purpose of the unwrapped estimator is to solve the problem caused by large

clock offset. The timing error z(k) varies in time due to the clock offset between

the transmitter and the receiver. As 7 (i.e. the output of estimator 503 and input



accumul ator output gives the timng estimate within a
factor of T 27r Alternatively, we could use an O&M
estimator instead of a M.-based estimator. 1In that
case: -T z = arg 2Tr k=0 NLa-1 -j2nk | Ix(k7)I2 e N
Where x(KTi) are sanples f#®dmthe matched filter. The
Q&M al gorithm seens nore sinple to i nplenent than the
M.- based schene as it does not |nvolve any filtering

fo Mw?égksﬂzd)estm\m@%@ ) PostiAEd APL fng dt 4 o;casraﬂsﬁy ieRhibits

estI mat or reas oversampll
] suffl i ent th {the M.-based net hod. ract ice,
jumps_of %‘b’%@r@l jumgipg fram )Pnﬁcﬁb%t%%'ﬁ%th@k Ik this is nOt pfOperly
d efal
am?éﬁ?‘* Foi, SR S bRCwICRE SR o GUBHcABROTE) sdve s, the
estiumates af mst/éuet amwrBpped'’t i—ngeeag.a'nbetto Meggale and NheD Andrea

“Sy@ebiaions o oA Ssr dbocDlel miRBrVERk ngARRlipations  of

Coﬁﬁﬁlﬁﬁléatidhs':ﬂ%ﬁr?)ﬂPlemﬂr PRBliSHIRG CYrpbRgionnyegpped
estimator is to solve the problem caused by | ar ge

clock offset. The timng error z(k) varies in tine

. f ef t m I - :
Refiffing Boaiar 6t §. thERuBRAIRE nliodd BEFRIF 0508 gou ino
theadiffergmtiator 807, OThe iffepesttatests Qmwnﬁ iPAelail b FRRiré 18 tB8tause
to - 2s zs , it occasi onallg exhibits
the estimated timing error is accumulated at the frequency of the input clock and
the feedforward synchronization is an open loop, a differentiator of the timing
estimate is needed between the feedforward estimator (503, 505) and the

modified TS (509) to counteract the accumulation effect.

Experimental data using the feedforward synchronizer of the present invention
are shown in Figures 9, 10 and 11. A baseband transceiver is used with /4 —
DQPSK modulation.

Figure 9 shows a comparison of the BER of the synchronization scheme of the
invention with a traditional feedback synchronization scheme. The conventional
feedback scheme adopts the early-late gate timing estimator with an oversample
factor of 4, a separate matched filter and an interpolation filter (the Farrow
structure). In fact, that scheme has one of the best performances of any
feedback scheme. It can be seen that the proposed feedforward scheme has
equivalent performance as the traditional feedback method.

Figure 10 shows the estimated timing error with timing phase error (left hand
side) and with timing phase error and clock offset (right hand side). It can be
seen that the proposed timing synchronization scheme can estimate the timing



junps of Ts seconds by junping fromone clock to
another. If this is not properly accounted for, sone
strobes will be mssed or duplicated. To solve this,
the estimates i nust be "unw apped” - see Unberto
Mengal i and N. D Andrea, "&Ynchronization Techni ques
for Di gital Recei vers (Applications of Conmunications
Theory)", Pl enum Publishing Corporation, 1997
errgeMthr 09Qd ApsURAGY andg@t dhe same tinepiltcan alse track the clock

el RHARRE SPEAEERReSH i Pl Iecrases ncany

detail |n Fi gure 8 Because the estinated t|n1ng

Figk,dd SRS £ WAeuP K does RIRNGR W BRI Mg Gpase error

and @Rk dHset Bfe,e\'rﬁfﬂdlﬁb@ﬁnl%fthbrb%/sférﬁ‘ THe Ieﬁﬁhbﬁatsﬁjé §hows before
needed between the feedforward estimtor (503,

timingosytniebronizatian aad tSando®peen thal dhe constellatien is not glscermble

g S B e m SHRIEEERY R RrihE SRchiizatign.of the

inveERBoW héreFa aieady Qistdiutan dcohbteliatibasie basidld., f'Hiél'eells.V@rmarked
is used with n/ DQPSK nodul ati on. Figure 9 shows

a
impreMement Jde dhe t srnstelfation Mf@nsﬁh%hp@fﬂof’ﬁf’l §ﬁh%f6ﬁehﬁe gsopted.

the invention with a traditional feedback
synchroni zati on schenme. The conventional feedback
schene adopts the early-late gate timng estinator
with an oversanple factor of 4, a separate matched
filter and an interpolation filter (the Farrow
structure). In fact, that schene has one of the best
performances of any feedback schene. It can be seen
that the proposed feedforward schenme has equival ent
performance as the traditional feedback nethod. Figure
10 shows the estimated timng error with timng phase
error (left hand side) and with tim ng phase error
and cl ock offset (right hand side). It can be seen
that the proposed timng synchroni zati on schene can
estimate the timng 21



error with good accuracy and, at the sane tine, it can
al so track the clock frequency offset, which causes
the phase to increase or decreases linearly. Figure 11
shows the rr/4 - DQPSK constellation when both timng
phase error and clock offs#4 are introduced into the
system The left hand side shows before timng
synchroni zation and it can be seen that the
cl Bstellation is not discernible. The ri ght hand si de
shows the constellation with the timng
synchroni zation of the invention; here a clearly
1. di sA rirangpesedofrarrom stiusturesfori ai BofiwatdeDefinad aRadio (SDR)

: ' to.lh nstellation, when the

recffg, e yolRhONE T ahoh b Bre g 5irbbsd W RRBelmios e
Fargamupletratec tomversioh (&RID) fonanaverings deddived slghaR} having a
receiver, tdh_e transposed Farrow structure being 3

sarfAlreaR ol o I e ited SOy hAv RoR SRS P X
rate of 1 to a transmtted signal y having a sanpli'ng
r attimiaf) adjystment usingramestidatesittineing erscorng; and est i nat ed
tim'n& err?r Z gqnd mat ched filtering of the
r edBREBRASiltg g of .ef@qen“‘c?ﬁgﬁ%%‘d Farrow structure
according to claiml1l, wherein the transposed Farrow

structure equates the signal y to Q polynom al pieces.
2. 3. A traespgassedarrow ostrectute t accordingortdi stpimo | avhergin  the

narfBPRRY el pBucthle bRt s BBePEIq Y SV riecss
the Q polynom al pieces to produce signal Y. 4. A

transposed Farrow structure accor di nlg.to claimg3
3. wheht EARSROREY Fagewdructuregeprdiag to claim 2 comprising:

a first part for generating the Q polynomial pieces; and
a second part for summing up the Q polynomial pieces to produce signal

y.
4, A transposed Farrow structure according to claim 3 wherein the first part
comprises:

a multiplier and plus network for generating Q polynomials for each order
k of the received signal r, the Q polynomials being dependent on a timing
parameter y and the received signal r, the timing parameter y being dependent

on SRC factor %and the timing error 7.
2

5. A transposed Farrow structure according to claim 4 wherein the first part
further comprises:

an integration and dump circuit for summing the Q polynomials generated
by the multiplier and plus network over all orders k of the received signal r to
produce the Q polynomial pieces of the signal v,



a multiplier and plus network for generating Q
pol ynom als for each order Kk of the received signal
r, the Q polynom als being dependent on a timn ng
paraneter p and the received signal r, the timng
parameter p bei ng dependent23on SRC factor T and the
timng error r. 2 5. Atransposed Farrow structure
according to claim4 wherein the first part further
th fion egtheaﬁummaé@naﬂ it Infegradiomangi dwnp ciredit beineneongrolled
the Q polynom als generated by the multiplier and T
by phusvenftowbadtonthe avelflaw fanter being dependenkon &RGifactal —- and
r to produce the Q pol ynonial pieces of the signal yn
th 3 IInhe duration of the sunmation in the integration
CMBNGFH T rcuit being controlled by an overflow
factor, the overflow factor being dependent on SRC
factor T and 2 the timng error r . 6. A transposed
6. Far Advangposed ur amew cifustuig accordiaprtosclaine fewhereip the second
.part conprises: a Finite I npul se Response
pa@?z{)ﬁ@?lsgg? sunm ng up the Q polynom al pieces
geng Fatited Inpuls b Respopge dHilternforsdning up theUQt pdignomial pieces
rEﬁ;oduce si gnal ry the duration of the summation in the
gengratadby HaINgRo Rﬁ%@ﬁgéj@i‘ﬂ’ giseuibio prgdue $ignal Yed by
thet RBireR o Me! 86 Matiof: irftﬁéafﬂiﬁﬁgsﬁﬁjpﬁ%rﬁ&n@ﬁéémﬁﬂeer being
according to any one of the preceding clal
comtootiedi ksi the averflow factor.generating a timng paraneter p
fromTl, T2 and r. 8. A transposed Farrow structure
according to any one of the preceding clains

CONRAS jr8y U i ' i Vekd | r i
7. frgﬁw %[zélﬁé@zs%gngbﬁrop@‘strgm‘?é AdcBrdiRg 1BVSARY | chE RQRE preceding

claims comprising a unit for generating a timing parameter p from T4, T2 and 7.

8. A transposed Farrow structure according to any one of the preceding

claims comprising a unit for generating an overflow factor from T4, T2 and 7.

9. A feedforward synchronizer for a Software Defined Radio (SDR) receiver,
the feedforward synchronizer being arranged to receive a signal r having a
sampling rate of %and comprising:
1

a feedforward estimator for generating an estimated timing error = ; and

a transposed Farrow structure arranged to receive the signal r and the
estimated timing error r and being arranged to implement. a) sample rate
conversion (SRC) for converting the received signal r having a sampling rate of
}l—to a transmitted signal y having a sampling rate of }1—-; b) timing adjustment

1 2

using the estimated timing error = ; and ¢) matched filtering of the signal.



9. A feedforward synchronizer for a Software Defined
Radi o (SDR) receiver, the feedforward synchroni zer
bei ng arranged to receive a signal r having a
sanpling rate of T and conprising: , a feedforward
estimtor for generating anZéstinated timng error r
and a transposed Farrow structure arranged to receive

10L2$A3e%$fggﬁél£gfr@ r%zérﬁtg{:,q%art Er% tg)la \ QFGQgrern thedtransposed

Far‘?&ﬁ‘é%%tdr& B@s Fh@sr%ﬁ%\}@b&d){i%l%?nré?ﬁr%bé@d signal r

having a sanpling rat transmtted signal vy
having a sanpling rate of 1 ; b) tinmng adjustnent T,
the estimat.ed t

Z ' I d
o ARV, SiehETh et S&dBiihe 1o it 10 el tye sansposed
Faﬁd\n@n{u@{uré%nﬂﬁ%dl ng to claim9, wherein the
transposed Farrow structure equates the signal y to Q

pol @/fifﬁhP@Iﬂ for seaerating tha Q @@hrﬂ@mr@lrnre@qm@ndom zer

2t T hePePR gartof i Rnth fle'cl PavhRARIIRR 1o Bl giona

y. pol ynom al pieces; and a second part for sum“n ng up
the Q pol ynom al pi eces to produce signal Y. 12. A
feedf orward synchroni zer according to claim11l wherein

12t heAffééél‘onﬁéfot mﬁchr{;ﬁ]ﬁer‘ éé‘é&ﬁﬂﬁ@:@ &8s W \?ﬁér‘éﬁ{ tHePfirst part of

npri ses: net wor Kk
theqmrap@sedganrqmswmmmbempuses;ach order k of the

r ec i ganquaP@aﬁe'iegWﬁ‘ gq{ca’%nq%réna al S |§ngﬁg:}or 85ch order

k dfhthet rmm@em%"@rmtﬁrth@ Qelpagjnéﬁnsledﬁéhg aepé‘rﬁﬂ?erftaéﬁoa timing
T and the timng error r .
parameter p and the received signal r, the timing parameter u being dependent

on SRC factor —;%and the timing error 7.
2

13. A feedforward synchronizer according to claim 12 wherein the first part of
the transposed Farrow structure further comprises:

an integration and dump circuit for summing the Q polynomials generated
by the multiplier and plus network over all orders k of the received signal r to
produce the Q polynomial pieces of the signal y,
the duration of the summation in the integration and dump circuit being controlled
by an overflow factor, the overflow factor being dependent on SRC factor Eand

2

the timing error 7.

14. A feedforward synchronizer according to claim 13 wherein the second part
of the transposed Farrow structure comprises:

a Finite Impulse Response Filter for summing up the Q polynomial pieces
generated by the integration and dump circuit to produce signal vy,



72 13. A feedforward synchroni zer according to claim

12 wherein the first part of the transposed Farrow

structure further conprises: an integration and dunp

circuit for sunmng the Q polynom als generated by

the nultiplier and plus net#®rk over all orders k of

the received signal r to produce the Q pol ynom al

pi,eces of _.the signal, t he tion of the sunmatj on .
theP HEEEEEN Bt SBF SVBRELRN i ie e Iindse g eemaeg: Fdier being
coHﬂbblIéEl b%/\/tﬁéfd\/é‘fflcﬁ\ﬁ%(%r the overflow factor being

dependent on SRC factor T and =z the timng error r

14. A feedforward synchroni zer according to claim 13

1551 A ctbetotaRg ARt Rortrdind B caRRadli i bine 9 to 14

whéin shetiargposed fF&aerﬁ@tMﬁﬁﬁbaéorﬁp%Sa ﬂ@rﬂ@h%ﬁ‘g‘aéﬁhﬁératmg a
the i nte ratlon and circuit to produce SI gha

timing paramelierald frem &, TZh%n @Grmation in the Finite | npul se
Response Filter being controlled by the overfl ow
factor. 15. A feedforward synchroni zer according to

16. anonfwdfrirwairdu wncﬂrcbmzérﬂr acebrelig) rot ary ternsifosiains 9 to 15
Far r tructu rises a portion for %eneratln
wherein g,ngﬁﬁ ﬁ{rqqturq-gomlsps a gortjgn for generatlng an

ovérr?&ﬁffgét%f gpq@ré}m zer according to any one of
claine 9 to 1

wherein the transposed Farrow
structure conprl ses a portion for generating an
ove fact mTl T2 and r. 17. A feedforwa
HeHioR WIHIRIZ41, B5RONG tei Ay Hnk o Sigms % to 16
whéﬁéﬁﬁ ethg fééﬂféﬁ?é’rﬁo BYAEtERS EbAMTigEs C8 MRfaikREM? IRBAHIBYbased

i kel i hood based
estimator.

18. A feedforward synchronizer according to any one of claims 9 to 17
wherein the feedforward estimator comprises an unwrapped estimator for
compensating for clock offset.

19. A feedforward synchronizer according to any one of claims 9 to 18
wherein the feedforward estimator comprises a differentiator.

20. A feedforward synchronizer according to any one of claims 9 to 19 further
comprising an anti-aliasing filter.

21. A method for processing a received signal r having a sampling rate of l,
i

in a Software Defined Radio (SDR) receiver comprising a transposed Farrow
structure, the method comprising the steps of:



estimator. 18. A feedforward synchroni zer according to
any one of clains 9 to 17 wherein the feedforward
estimator conprises an unw apped estimator for
conpensating for clock offset. 19. A feedforward
synchroni zer according to ad§ one of claims 9 to 18
wherein the feedforward esti mator conpri ses a
differentiator, 20. Ai:QéHormard s nchroni z )
acc%‘?'&?rH@]”G-o"hH%P Giaespesed fiamow stry ti’f!)eﬂ‘ SRR : rate conversion
conprising an anti-aliasing filter. 21. A method for ,
(SR pdes stanyertinge deceived ssignal rr havingng aaswlipgi rajer af e—to a
of T in a Software Defined Radio (SDR) receiver I
conprising a transposed Farrow structure, the nethod
trassmittedsigheal yteaving asaphplingtrapeof orm ng, in the
transposed Farrow structure, sanﬁle rate conversion
RC) for, copverting received signal r havin
na%rfwgﬂ'nat i §1e YransPesqq ARsiont ﬁtsact@r@nwrgg ﬁQlHSHQeat using
an%@ﬁmhhﬂﬂﬂh effbr T:and Performng, in the transposed
arrow structure, timng adjustnent using an
est pemforening; in ltige déranspoged Fanmbvpastrlioture ngnatcimed hidtering of the
trans sqd Farrow structure, matched filtering of the
recelyedi J@flsi gnal . 22. A nethod according to claim 21
wherein the transposed Farrow structure equates the
si gnal o Q polynomi al pieces. 23. A nethod
22ac cArme%‘@dtaﬁoolr@ngthzlaj tiwhergin the traegrossid Farrow structure

ol EIGABRAal VB BB eSSy, S 0 P 1

23. A method according to claim 22 comprising the steps of:
generating the Q polynomial pieces; and

summing up the Q polynomial pieces to produce signal y.

24. A method according to claim 23 wherein the step of generating the Q
polynomial pieces comprises:

generating Q polynomials for each order k of the received signal r, the Q
polynomials being dependent on a timing parameter u and the received signal r,

the timing parameter y being dependent on SRC factor -;—:‘—and the timing error 7.
2

25. A method according to claim 24 wherein the step of generating the Q
polynomial pieces further comprises:

summing the Q polynomials over all orders k of the received signal r to
produce the Q polynomial pieces of the signal y,



24. A nethod according to claim23 wherein the step of
generating the Q polynom al pieces conprises:
generating Q polynom als for each order k of the
received signal r, the Q polynom als being dependent
on a timng paraneter p and2{he received signal r,

t he tining parameter p being dependent on SRC factor T

error .z od accordij ng
theéﬂgﬁmg Uiferinitin 18 e, nieor3iiaa Ao dugng REGes beng controlled
pol ynom al pieces further conprises: suming the Q T
by poloyediavafacton dhe averflomdtactondeing dependert are $RE factor -and
to produce the Q polynom al pieces of the signal v, T,
ration of the summation in the integration
the%ﬁwhggﬁ%%0|rCU|t being controlled by an overfl ow
factor, the overflow factor being dependent on SRC

factor T and z the timng error r. 26. A nethod
26. acc/érraeﬂi@dt acearding tosclaier2s wherin éh@p%tgm of gummindipp the Q

po'&ﬁ@?r ol e(f\é n@n%@lg ug{e/:s? O\k{) #s cﬁ'ﬂ mﬂ%ag con?':rﬂéy\’sfatcﬁor which

cordm151thmdunatnohlmétlmmumtma1imn. 27. A nethod according to
any one of clainms 21 to 26 further conprising the
step of generating a timng paranmeter p fromT1l, T2

27.andA lmethBd &&?@lﬂ%rl g&ﬁ%ﬁ%@g cldimd™_#'86 %rtﬁélabéﬁﬁﬁéing the

to 27 further co step of generatin
step\wé geheratinga timing panamaterrp feomol T, T2 and 7.

28. A method according to any one of claims 21 to 27 further comprising the
step of generating an overflow factor from T4, To and = .



