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1 A Modified Transposed Farrow Structure Field of
the I nvention The invention relates to a transposed
Farrow structure for a receiver for a Software

Defi ned Radi o (SDR) system .1a feedforward -
-synchroni zer for an SDR receiver conprising such a

transposed Farrow structure and a nethod for -

Backoround o MR rRNepReed v ARl elEhTe o)t ens
(for exanpl e Software Defined Radio (SDR)), the

n a data receiver nmust be aware of the tinmng
Fielg g{ﬁ% VeRHen of the. incon ng data signal. In.

'Thedllrﬁ}etrﬁbhyrélﬁwsef@@ Ql%ngggggﬁ F o@ogﬁ%&“ecq rf‘%_%%}/er for .a

the sa - rate can be synchroni ze
_Software [Defi memg adio (BPR) sygterh, a feedfomardasynchromzer for an SDR

n e _cann
o8 UBRAIRS ol SRRt il St and remethod o
ces3iNa vecained 3 | irhan SORIreegivel ock at the receiver
Prormst rzrm(l:n |ndg“:{3néandenrt1 of trhe \s/yrrbol timng of the

recei ved signal .. In that case, various ways of

Bac‘l@rﬁhbﬂ%ftﬂh% mSeRtRf sampling rate to the inconing

have been proposed. One known arrangenent (see

In dommmemmapba syshgmhsMfGaestaarple ' $d5ﬂwar|©0l3@‘|héﬂ Rad|o (SDR)), the
Fundam%nt al s"

timikg 3Hs%&%'¥§nf§°8weédm+%loea%wm t%ﬁmmg Rbth% svrkais of the
. incoh#Ag. deﬂﬁ 95&4al5ﬂ‘7)i g@%ﬂf%?%rﬁé‘ﬁi@ﬁ'rﬂ@déﬁ\% fr?ggh\éeﬂr?um%tances

si gnal a fixe hat 1s not In
the gaypiing. csatm@am/bemynch@m;adam thel eyghbol rate ef th.dlmbohhﬂg gignal,

I out
but, B G Ay EE, W8, bl Tole cBntShber synstconizedto the
incantiag syighal apldpcitsr W&ééé/onté}eahbﬂ‘%rd%é‘ysdnﬁplm% clock at the
estimated only for the as¥nchronous sarrpl es at

receiRRest 'ﬁ”ﬂ@'@r‘”%ﬁ%’lﬁenéﬁﬁ hensympal timing efitbe rhaslvad signal.
-~ filter with an inpul se response that either precedes
or follows _ _
In that case, various ways of matching the receiver sampling rate to the incoming

_signal have been proposed.

One known arfangement (see for example Floyd M Gardner: “Interpolation in
‘Digital Modems — Part I: Fundamentals”, IEEE Trénsac‘tions on Communications,
Vol 41, No. 3 March 1993, pp 501-507) proposes sampling the received signal at
a fixed fate 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 matched fllter 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 -interpol'ator input is
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~different from the sampling rate at the interpolator output.




the discrete-time matched filter. The sanpling rate at
the interpolator input is different fromthe sanpling
"rate at the interpolator output. - II1FIII HII IH
[T~~~ v IH~II~*]%66166* 11121222 0 1 1Y 0
L T T I e e e N e e A R
*@0002* 2 However, this arrangenent is not ideally
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oM i SPGB B, O 1 L 3B ampigatons, wnere
flexgdenpe-ernfigurabdity, exdénside adAptationargelawntompisidty are required.
- provides an inprovement over the digital interpolation
arrangenent descri bed above has been proposed (see
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Filters for Synbol Timng Synchronizati-on in Of twar'e
arrghgenesy desrrbed abewe tasubeeh propeskdclses Aredwc iJ Harris and .
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/St In this "~ arrangenent, an up-sanpled version _
V°'rs>¥5rt 'ﬁgs %%t@ﬁ%%ﬁ‘??'l 202, I%J 4346-2357) mad providespopalypbase multi-
ot P08 . PSRRI And SSRERRRIAQR 1,308 systems. 1n i
arrangeinesnintant iupasamiphed agesion Tk thdvanritaegss fileh 1dised as the

. igenent are that no separate jnterpolation filter
inteadiioly MER alidoe RblYPNaRsx RGAMPPREPN Hefothe ME)Sampledgmatehed
filtePsisi MBEOT fo GHin ERTHILMPEatidH U .”PPQ B@an#a'gghn%f this
recovery | oop.-However, the up-sanpling factor o e
arrapgesty are tibet mg separatso intarpelatibe nfilbérgHs apsquidide and that

Jm ' L i 1 ed d th onplexity.of .
ma%]wgnggﬁg?@*ﬁ] @@g;g'@né?ﬁ%glﬁ o?eggrlljse@s y t%q1 QBe gd into the
timingceeassy flosp. . Howeper, th8agesamblivg fact6P6f the hestbRed filter may

Al so, the arra ment. only. acconmpdates two _
be #%ciaif%%swﬁﬁﬂt E%g‘ola&wbﬁ#eaﬁmmt adjugtraent ds i reguired, and the

complexity 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 .kn_own arrangements .has been
' .-proposed' an‘d is named the FarrowStructure. (The Farrow Structure and the
| Transposed Farrow Structure, which will bdfh be d'escribed below with refere'nce
to Figures 1 to 3, have been well described in, for exampie, Tim Hentschel and
'Gerhérd Fettweis: “Continuous-Time. D'igital 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) sampled at one rate, .which needs to be con‘ver_ted :
to an --output signal . y(mT2) sampled at a different rate. This is shown

_schématiCally in Figure 1. T4 is the time interval between samples for the input _



One known way to inprove on the above known
arrangenents has been proposed and is naned the

- Farrow Structure. (The Farrow Structure and the
Transposed Farrow Structure, which will both be
descri bed ‘bel ow with refere@ce to Figures 1 to 3,
have been wel| described in, for exanpl e, Ti m
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'epfp?ﬁeé Q] @Eﬂ%s & sAMPiRat the gaNt $igrat) sarrpl ed at
one rate, which needs to be converted to an output
signal . y(nir2) sanpled at a different rate. This is

Thesweliinown tsample catd g;or{t\mrﬁog L(SRr?) quibtiofﬂ rtemmg tlﬁi@ output signal
n,sanpl es, for the inp
to Ry SigREL BREUARIRIE e Bitedho s fessammin B Ssefor the

. casémpBigwwegnal ) and T2 is the time interval between

-sanples for the output signal vy (mT2) (m
representing the order of the sanple of the output
signal ), The well-known sanple rate conversion (SRC) -
ti [ \ Ngy .t oytpyt signal to the input-
al (2116(5)82[5): }?W:?g T 13l I'tering and re-sanpling of]
SRC fof=the case in Figure 1 is: 00 y(nml2) =
jr(kTj)-h(mr2 - le) [1] k=-00 h(t) is the _
continuous-time 'inpulse response of the required :
h(t) sisgtre ,comtihabus-title Ueipuldd @espar dff(fﬁ'E;Z)reahlré(Eemgﬁé( ‘which

e rate fromthe input signal

| de"%%rﬁﬁ}]% sighal y(eyT2) gtithe Agw samnls: rate fwm thecnput signal r(kTy) at

the Blén%é fé raf®! ?e;mth |tt§}?oth$|’:\évg§9 r&{;ﬂgﬁ? ucl:t{ogdc(e:cpléesentlng the

on t g inp S|gna
actl@mttlnmreqlsr@ﬁlter performs on the input signal to convert it to the output

-signal.

Equation [1] describes .a time-varying system.

It should be noted that we have Rational Factor SRC if

T, L .
—=— withL,MeN,

T, M |

IfL=1orM =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
equati"on [1] varies periodically with -time. So, only. certain values of h(t) are
actually required for the computation. ‘



Equation [1] describes a tinme-varying syst em It
shoul d be noted that we have Rational Factor SRC i f:
TI =L with L MENT2 M+ If. L =1 o0or M= 1, w have

I nteger Factor SRC (i.e. one of the sanple rates is an
exact nultiple of the other %anple rate). If L=M=
1, we have discrete-tine convolution (i.e. no SRC at

all). Cenerally, the conplete conti nuous-ti me i npul se
response h(t) nust be known. For rational and integer

In orabre SRGIifdesietidang tﬁ@%‘éﬁmlé@%f Alt erﬂsu%cféé@%%db%e look for

‘equation [1] varies periodically
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lmpgfsgponses It has be -found that, since polynom al’s
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ltersto piecew se”polynomal’ Tnpulse re

fO”QMFrposed from pi eces of equal Iength. G ven poI ynom al
pi eces of degree Q and length A, we may derive an
expressionfor h(t) as follows: Q]) h(t)Cqg t_ q,

D Wiere Cg is the coefficient for
maI he are two choices for 0O
h(%ﬁc yAeé77 t/ij on I n&ﬁely A=T, and 0 = [2]

T2 Usi ng ati ] and equat| on [1] above and
setting A = T gi ves:

Where cq_i's the coefficient for the g-th order polynomial.

- There are two choices for A which simplify equation [2], namely A = T4 and A =
T2. Using equation [2] and equation [1] above and setting A = T; gives:
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r/ I\ nmr2) =1Lxq (mT2 ). ~mlq [3] q=0 where xq
?mTZ) = jy(r(k)T,) cqg [rnT2 k [4] 0" k=-00 T, -and 5
mr2 mr2 ~m= T T E[O 1) [5] 1 LaJ denotes the floor
operation i.e. LaJ denotes the greatest integer a
such that a' 5 a. pmis t i nter-sanple position
i .e. the distance between the previous input signal
and ej::urr]nt ‘out put signal (see Figure 1) and has

no "4hi t equations [3], [4] and [5] :
'u"'repryese t Aan |%Bfgfrent ation of SRC known as the [5]
Far r bw rdc ure and Figure 2 shows a schematic
illustration of such a structure. The Farrow

structure shown in Figure 2 can al so be interpreted as

 |adgrait tizes éloor operaiohaledr| o\ ddhdtes thd GHdtb s iR Wuch that
LJpoTJ;dpﬁgse brancﬁes t hat zl'rz\év i npl ementé %y Jju

a < pef erence" pol yphase branch, and a pol ynom al
description of howto cal cul ate the remini ng ones.
The "reference" pol yphase branch can be obtarned by

Mm S&hélrﬁt@r-@,ﬁmplé) pbBrtrSHLi"ét 9 dlstancd E?Wﬂq%gﬂs"%ﬁ qys ipgut signal

anpl es of the inmpulse response
a”dsthﬁrqqrrrﬂj‘t Qutrmt@gﬁalr(m Figlirei1daad sl ononital  pi eces.

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 pm = 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 startrng 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 pdlyndmials of lower order. In that case, more “referen'ce” polyphase
“branches (i.e. starting points of polynomial pieces) are ‘required. This can be
achieved by decreasing the. Iength of the polynomral pieces by a factor J, that is:



These starting points (i.e. the "reference" branch)
and the order of the connecting polynom al pieces
determ ne the transfer characteristics of the SRC ,
system In the Farrow structure equations [3], [4] and
[5] above, the higher the orter of the pol ynom al
pi eces, the better the inpulse response h(t) can be
nﬁgched to the application. If high order polynom als
A=@Lé not feasible, it is also possible to wuse shorter
pof ynom al s of |ower order. In that case, nore
"reference" polyphase branches (i.e. starting points
Thigfmgy| haothoaghbiaicas) a ageneratizaticad of Thies Fearowoestructure so is
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Rabi ner: "A Digital Signal Processing Approach to
_Interpalation", Proceedings of the IEEE, _
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us with a generalization co red. with the case where
whef® A T, e GalHSKIR 1B RS WheIB dha s aade inloa@gmmediately set
instead, imediately. set 0 = T2 [7] Substituting
equations [6] and [7] into equation [2] above, we _
hdye: Q 00 Y(nir2)_ xq(kT) cq ml= kJT q=0 k=-co T2 [8]
A Sngr e xq (kT) = r (kT (Pk Y [9] and Pk = [kJ kI T E [7]
[01) [10] T2 T2 :

| Substituting equations [6] and [7] into equation [2] above, we have:

y(mTz)=iix;,(le)-cq(W—'[UEU | [él

q=0 k=-0

| where |
x, (KT, )= r(kT,)- (s, f | o 9
and
T T )
#ﬁ[/ﬂffj—kf—‘e[al) K - [10]

2

Note that when J =1, we return to the original Farrow structure and Py becomes
equal to U, the previously defined inter-sample position.



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 the _Farrow structure when the
piece length O of the polydom al pieces is defined by
equation [7] above, and is known as the Transposed
Farrow Structure (TFS). Figure 3 shows a schematic
illustration of such a TFS for J=1. Note that, in a

Equainlnm[ﬁpl[@]mnﬁ gt Opabode idesetivé Yise F%‘HM}’W sirﬁct]ureW%‘?n the piece
Structure (FS) performs well in the case o
'e”%tgré;Pg"}eaP%'YPﬂEP%iﬁéc%ts defingst y ﬁﬁt—‘eﬂ@l@ﬁ]ma angois known

[ C Nn., The
as 00T RApESad Fafloly SRR TEEY). TRURIA Sows a schemati
illustratiooadrseah 20VES thd FSNotes tht, mmaréa]r’mldméhta‘n@h Jis always
e rate decrease, but the effectiveness of the TFS
equ%g{ﬁ’ﬁj still be inproved. It is an object of the
invention to provide a nodified Transposed Farrow

. Structure and method which reduces. or substantially
Theak',@rrg\g Stpectpren gt @nredormaved in dhe aagenﬂm;ﬂesate imedease but

18 81e SHETREY, S SMERBLCRARERL Bk odhdt bebian. The
Transmt{adoﬁadoﬁﬂﬂr@MUré(TElS} prsvidey a n%%fré\)/@ﬁént &l t'Fl%dFS as it
S receiver, the transposed Farrow struct
pe Qémﬁg}'vél E‘? Pl%ratﬁﬂe@ﬁ%aﬁe by e effestiveness of $h€e)ﬁ'FS could
&Rﬁ;}, converting a received signal r having a
Stl"garrpl |rfr?gécriate of Tto atransmtted signal y having a

sanpling rate of 1; , TZ timng adjustnment using an

I and matched filtering of
It |starpeot$}§%te \;bla ?‘QQ Qn to prévude a modified Transposed Far?ow 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 TL |
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.




Preferably, the transposed Farrow structure equates
-'the signal y to Q polynomal pieces. 8 In. one

preferred enbodi nent, the transposed Farrow structure

conprises a first part for generating the Q

pol ynom al pieces; and a sedond part for suming up

the Q pol ynom al pieces to produce signal vy. The first

o B B o e ) S SRR
padpf@t}g@ﬂﬁr@tir@ frer CepsignemiR rpikced: értbears%%hﬁe&arﬁtcg‘@mmmg up

Q. pol ynom al s bei ng dependent on a timn
the QaP@MB?@\‘aer'%ﬁrﬁﬁ onrodeeesiga@l Ysi gnal r, the ti m ng
paranmeter p being dependent on SRC factor T, and the
timng Tz error z . The first part of the transposed

- TheFfinst partsmfrthrettuaresptmjedfmﬂrmrstﬂﬂﬂwe ﬁ\%yaébmpﬂée@%r Rultidlier and
sumi ng a/ﬁrom al s-

plus %%&’Péﬁ%r %%Petrﬁiing %PPWBPF&?'SJ%GB%@W tknek teoeseivad signal
r, th@rQq:fcﬂyrlforﬁfalé Beir g&?bérﬁ);enz'ogﬁéltrnﬁmb%eér‘?%t’&e gﬁ?ﬁeﬁhg rlegerved

pol ynom al pi ece nal darath

srgn%tJ nFnttB% lt?@ab rﬂﬁft/'grgrlet e %ﬁtg ! ar(‘i%p? o%@{fé&o} (W,%ctlhgrtrmrng

be| ng dependent on SRC factor and T2 the tin¥ng
erroertzr.or z-. The second part of the transposed Farrow

structure may conprise a Finite Inpulse Response

Filter for summing up the Q pol ynonial pi eces :

‘Thedf rﬁéﬁdopﬁfhettlﬁgn%q?s%gr% re asgr?.r ﬂﬁn'p ) rtreﬁ]%pﬂtprrse an

produce signa ura oon
integradioRi and @Jummtdrrsart Ffeseommm@ tHeeQ peiyhntigit geldratbd by the

ow fac
multtrpqler andr pllus network over all orders k of the received sngnal r to produce
- the Q polynomial pieces of the signal v, _
the duration of the summation in the integration and dump circuit being controlied

by an overflow factor, the overflow factor being depe'ndent on SRC factor L and
' 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 generatrng a
timing parameter ufrom T4, Toand 7.

The transposed Farrow structure may further comprise a unit for generating an
overflow factor from T4, Tz and 7. '



The transposed Farrow structure may further conprise a
unit for generating a timng paraneter p fromT1l, T2 -
and r. The transposed Farrow structure may further
conprise a unit for generating an overflow factor
fromTl1l, T2 and z . 9 Accoﬁﬁlng, to a second aspect

of the invention, there is prOV|ded a feedformard

: QM s 0 re Def.in
AccIIRTEM Bhat asflpE oL MuRRINPoRerEie Bebvigol s fpepfarward
synttoonézeei foe a Sofgwale DMEN RIS ASVR Y Getdlér, Ofhe Teé’dTQnNard
rising: a feedforward estimator for generat Iﬂ’m%
SV“@%'NB 99 nir"ﬁ@ﬁg,ﬂq ¢ receiveng sighalandiyingl aFaempling rate of
1 Structure arranged to receive the signal r and the

— aptGampesingi ning error z and bei ng arranged to
T inplenent: a) sanple rate " conversion (SRC) for.

oo R o B PR 98 - o
saeptrangpd sk Fafro) strubiung &%d@@d@rece-we ‘{513 9ﬁ5|er an the

' estimated timng error z ; c) matched fi
estimated;itigRian. errpr et eﬁ@ﬁbl%InghérraHMﬂOSmlémea) sample rate

o SR 1 Pheled SR spoing rt of

1, st ture conprises a first part for elneratlngtheQ
—"‘is’s&{ {}%eﬁmgredp?@eagy *%ﬁrm%as%%raﬁmaaate ¢fo ;{—srhhﬁrn@gupdrustment _
al .

4 the Q -polynonial pieces to produce sig y. The

usinlg thétes@rﬁ{éteeftrrﬁrhg elfns p%ﬂﬁcﬁ)ﬁﬁéﬁﬂ%‘ﬂ vv?)r r EH@) Eﬂ? gwee:]gi:éggl. ng

corrprl se a I'ier us ne | .
poI ynom al's for each order k of the received signal

--Pref:egetg gtpa)n no@gﬁiearfcévgét@g&rgsqr%%gés %ggt@amhﬁe,@gpolynomral
piecea@l amet er p bel ng dependent on SRC factor. T, and the
tim ng

In one embodiment, the transposed Farrow structure comprises a first part for

generating the Q polynomial pieces; and a second part for summrng up the Q
polynomral 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 p and the received

signal r, the timing parameter p being dependent on SRC factor £arid the timing
’ 2

error .

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 polynom'ial pieces of the signalny,



z error r . The first part of the transposed Farrow
structure may further conprise an integration and
dunmp circuit for summng the. Q polynon als generated
by the multiplier and pl us, etwork over all orders k
of the received signal r to produce the Q pol ynom al
pi eces of the signal y, 10 the duration of the

the éUFin%h'd?rt‘hé BufritRatidh ﬁ’l%@tlh r&46h QH(?TE(LEJHOJV 8“‘]#41'(0 @v&bgg:tog rolied

controlled by an ove ow factor

o IS e 6P A8t S bor L anc

structure may conprise a Finite | rrpul se Response

the fimirigeerrdoe . summi ng up the Q pol ynoni al pi eces
'~ generated by the integration and dunp circuit to
produce signal y, the duration of the summation in

troll -
Thet REdioER bRUE SFafRERRRN° Bkl St BRLESa0HEALES Bt
Impphseﬂ%es;hin;seo?:h@rrfosmnanmy (1) lee @po@ﬂbﬁﬂélt pieBed generated by
ar anet er fromTl, T2 and r . The transposed
the rinfHogdh >

Al SUENR  GiFGMIt 9 yPROGNGR T Si88ak Yoothe diuralien of the
sumAeAtRIneihi thE Fifife ﬁﬁngulfsleméc ts%rFlftéroﬁ%lﬁﬂj comroﬂgg by th&Serflow

feedf orward esti nmat or nprise

facton. kel i hood based esti mator. The feedf or vvard estl mat or
may conprise an unw apped estimator for conpensati ng
for clock offset. The feedforward estimator may

ThearaR¥posed Fafitohf erﬁ@&'ré‘b?éferé'ﬂ]? chbRffisesvR grtlon for eneratlng a
Ao

synchroni zer yl_ urther conprising an anti -
timing paegmeter p fromT,, T, and 7.

The transposed Farrow structure preferably comprises a portion for generatlng
an overflow factor from T4, T and 7. o '

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 cbmprise 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

pfocessing a received signal r having a sampling rate of % in -a Software
. i.

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

method comprising the steps of:



~According to a third aspect of the invention, there is
provided a nmethod for processing a received signal r
having a sanpling.rate of T, in a Software EEflned
Radi o (SDR) receiver conpri 1ng a transposed Farrow
structure, the nethod conprising the steps of: 11
performing, in the transposed Farrow structure, sanple
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an estimated tining error z ; and performing, in the
transposed Farrow structure, matghed filtering of the
tranpanittga,signal yhavingrr sampling yatetdrfe—tr ansposed Farrow
structure equates the signal y tgth p:)l ynomf al
t.he steps of . .
e RerRmible T he Wafneskl PAISE. beordieg TraBamaiysigpent using
an etslhm@@d:hyng)mmlr Wi@eps to produce signal y. The step

neratl ng the Q pol ynom al pieces may conpri se
geH armwg ({5(";l tB@I&%@ﬁﬁ%eg Farowastiugiutier mataitect fikering of the

RGE signal r, the Q polynom als being dependent
recé(‘)n\ aélgﬁ?rll ng paraneter p and the received signal r, the

timng paraneter p be| ng dependent on SRC factor T,

t|mn T2 The step of generating
P re'?ﬂ%"bnﬁS dppo Clieen stGture cangtesBepyigRal wime m]ynomlal
piecebe Q pol ynom aI s over all orders -k of the received
' signal r to produce the Q polynom al pieces of the
signal y, the duration of the sunmation in the

Theirﬁ‘etﬁ%arney'&omprise the steps of generating the Q polynomial piec_:es; 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 p and the received signal r, the timing

parameter p being dependent on SRC factor %and the timing error r.
. T,

The step of generating the Q polynomial preces may further compnse summlng
the Q polynomrals 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



~and dunp circuit being controlled by an overf | ow
factor, the overflow factor being dependent on SRC

- factor T and the timng error z . T2 12 The step of
summi ng .up the Q polynonial pieces to produce signal ‘y -
is preferably controlled by the overflow factor which
controls the duration of the summation. The method

' t ise t t of generatjng a.timn o
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from T1,T2and r. Features described in relation to
SUMIARUQS pect of the invention may be applicable to

anot her aspect of the invention. Brief Description of

t he Drawi ngs Known arrangements have already been _
Thedgmethrach swrywfurther efosnniase theo stépyof genérdting 3 tinshgwbaimeter p
f i e 1l is a schematic diagramillustrating the
ronfg%,;f% %ﬁi'p bet ween i nput and output sanpling rates;

Figure 2 is. a diagramof the Farrow structure

descri bed by equations [3], [4 and [5]; and Figure 3
Thej rgethagi mgy fkitber comprisaitise stenl ofgenenatingrarcoveriow factor from
T fle ﬁcﬁi bed by equations [8], [9] and [10].. Exenplary"

v e?r%odirrfent s of the -invention wll now be described

with reference to Figures 4 to 11, of which: Figure 4

is a diagramof a nodified transposed Farrow structure:
Feafuresdescribed in relation to one aspect of the invention may be applicable to

another aspect of the invention.

Brief Description of the Dréwings

Known arrangements have aiready been described with referencé to Figures 1to
3, of which: B | o |

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: i
Figure 6 is a diagram.of the feedforward eStimator of Figure 5;

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



according to the invention; Figure 5 is a diagramof a
feedf orward synchroni zer incorporating the nodified
TFS of Figure 4; Figure 6 is a diagramof the

feedf orward estimator of Figure 5; Figure 7 is a
~diagram of the unw apped estimator of Figure 5; 13
Figure 8 is a diagramof"the differentiator.of Figure
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FiguFe Qure i&a%ﬁpdﬁmmicermirﬁﬁamwn obtrey afrangBridhe of Flgure 5

presenc f tim nlrgq@f‘)hase error and clock offset; and
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Fioue (0 vk ephSualien gt mistiapls Belthe) B ster tming
t he out Qyﬁcmedlzgqons the coefficient for the g-th

order (g running fromO to Q. As before: xq (kT,) =
r(kT) . (Pk )gq [10] To sinplify notation, we set: Pk -

Detgii‘éﬂ(bbéc['ﬂ)?i]on SfbrdtePleEmbodiments
The invention provides a. modified Transposed Farrow -Structure (TFS). From

equation [8], we have:

y(mTz)=ikixq(kﬂ)-cqﬂm-k%ﬁ o . [11]

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

(1) =0T, (s, . s
%I'o'isimplify notation, we set:

.ﬂ".zz’u" - | - [12)
whiéh gives

x,(kT) = r(kT,)-(2p4,"-1)° | [13]



xq (kT,) =r(kT) (2,ukl-1)qg [13] 14 and U, kT ,uk
=m - m [14] T2 T2 h(t), the function representing
the action of the TFS is given by Q g h(mr2-. k2)=lcq
mk 2(m-kT - mk 1] -1 [11] 4=02 2 2 or nore sinply
as h(mr2 - kT,) _c9 m- k (2, uk' -1)9 [16] -a=o T2
Fi gure 4 shows i npl enent atl on of the nodified TFS
according to one enbodinment of the invention. The
nodi fied TFS structure includes a position sequence’
andgenerator 401 receiving the SRCratio T and the timng
error z(k). 2 Also included is a nultiplier and plus-
network 403 receiving Pk (= 2Pk’ 1).from the position
sequez&e ene'radzénzl 401 and al so receiving the input
U 21 (k) i ncluded are Integration and Dun'p
“(1I'&D) i r UItS’I4 , just as in the TFS of Figure 3. [14]
Final I'y, tthere ‘a del ay and adder unit - finite
i mpul se response (FIR) filter 407, producing the
output y(m. ov(n) is the overflow signal and will be
h(t),dhe duncten repregentingehe\actifhef tel TFiSed gies b§ Fi gure 4
is used to inplenent the equation: 15

h(mTz.—__le)‘= écq@m —k%J}[Z(m.—k%—[m—k%J]—l]q [15]

h(mrz—k:q)=icqum—k%D(zyk'—l)" | B .[16]

Figure 4 shows implementation of the modified TFS according to one
embodiment of the invention. The modified TFS structure includes a position
s_equence generator 401 receiving the SRC ratio %and the timing error z(k).

. 2

Also mcluded is a multlpller and plus network 403 recelvmg M (= 2p = 1), from

the position sequence generator 401 and also recewmg the input signal r(k). Also
included are Integration and Dump (1&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:



Y(nir, ) - xq(kT).cq m [k]) g=0O k=-co T2 which is _
equation [8] with J=1. Essentially, the nmultiplier and
pl us network generates the xq (kT ) cq m- k T, 1&D
circuits performthe inner sunmmation =z over k and the
FIRfilter perforns the out summation over g. In the
‘mul tiplier and plus network 403, xq for g = 0to Qis

i npl enented in accor anc&l with equation [13] from

fﬁgiikg@%nﬁ% ?ﬁgjwmpners xq (kT )cgq m

for each input r(k). These
ar e tHY=Tut puts of\ th iplier and plus network
403. Then, in-the duration that [[mkjJremains the
same, the z 1& circuits 405 performthe summat i on

. whiahv és - équatione §8ihwithit Pt . - Bseghtiag, Miet 'nﬁhltlﬁlfer ang ﬂhHSnetwork
network 403. The FIR filter perf’orrrs the summatio

t here rodu e left hand side of
96”86@%& ‘il% é’}f’ ?’ { WE’&%F 'k[Ds cHauiRPeriRrmuHigbingier summation
par arreter for th difi’ed TFS of Figure 4 is Pk' and
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to control PKk' as can be seen at 401. By regenerating
ter t0|ntegratethet|mng error
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- are |mplemented for each |nput r(k). These are the outputs of the multlpller and

2

“plus network 403. Then, in"the duration that ﬂm—kﬂﬂ remains the same, the

1&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 pk; and this is determined
by the SRC raﬁd }TL and d_erived at 401. The estimated”timi_ng erfor-_r(k)- is also
) _ o -

used to control pi’ as can be seen at 401. By regenerating tunable paraméter Hi’

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

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



However, as k and m: (i.e. the orders of the sanple

of the input and output signals) increase, the

i nterpolation tinme grows unboundedly so the

conputation accuracy will soon deteriorate and.the

i nterpolation control-wll fail. Thus, a nore _

.sui tabl e, but equival ent, conputational nethod is

needed. One way to do this’iés - to use two separate

timng paranmeters:. the fractional interval Pk and.-the

basepoi nt index nk. In that case, we have: nk+l nk +
Howayer,prs +k mrnd py Kie Ttl{elmderg @fktﬂe safmpde dPkthe ifput andk putput

&gna?s&?cr%%%éh é“HﬁeE bogusﬁrygo' I@ib%( c}ed?)hg ptﬁg\%]c{;ﬁéutatlon

- acconade will tsbenfdaélﬁcbr@t@bnd ﬁhérMéPp@étld$§oM&WNmW§|I OTIQ’L?S’ a more
error at the previous order and the
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" previous or timng error at
basepaelat indey nichka tSRCcase,ivee hée:can regard int Pk. + T +
r(k) in T, equation [17] as the nunber of input -
sanples to be shifted.into the interpolator wuntil the

next i nter pol : onputed. In this enbodi ment, we
mt,,; E ZSVJFO ngl ow accunul ator, indexk where

M i éxkn, +-r(k) nmod |_ T [19.] 2 Note [17]
that, in equat?on [19] we have included the timng
error r(k)so that we can conbine the three functions:
SRC, "matched filtering and timng adjustnent. This 17

T
i =frac{uk +F'+T(k)}u , _ 18]

2

Thus, the basepoint index at a pa.rticular order depends on the basepoint' index at
the prewous order, the fractional interval at the previous order, the timing error at
the prevnous order and the SRC ratio. The fractional interval at a particular order
only depends on the fractional interval at the previous order,-the_tlmlng error at
the previous order and the SRC ratio. We can regard int{,uk +%+r(k)} in
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, index, where

- index, = (indexk +A§ +r(k)jm0d 1 ' | - [19]

2

Note that, in equation [19] we have included the timing error 7(k)so that we can

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



iIs clear fromthe fact-that the SRC factor, the timng
error and the overflow accunulator for the previous
order are included in the definition of the overfl ow
accumul ator. We coul d defi nﬁl ndexk+l i n another way
by removing r(k) from equation [19] so that only SRC
and matched filtering are corrbl ned. Equatl on [19].

s oo e (88 SERURECSRETIANS, | Dol ofakiatd ik Svertow
accamuntaton ot theem'eomb)orﬁeﬂer@fndlﬂ@ecﬂq}lti@élﬁéﬂhﬁlohrbf the overflow
e 4) is defined as; ov(m = indexk + T +z- k)

r
accgmyvettgo] €] copld %fir@adﬂﬂai‘&ﬂt iNoaRether veay &D reimaexing sz(k) from

_ t he su tjon of the
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duratl on of the summation is controlled by the
fl ow signal. The int egratl on operation conti nues

Equaﬂ9n|[19]h@eaaséhaﬂ & srauanse imdex tsh@w@um:: d)p‘er &tF On.i,s. The
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Figute d)iimtefineyasf | ow si gnal generation is the key for a -
successful TFS inplenmentation. Equations 19 and 20
give us: Pk indexk [21] -These new definitions allow
the nodified FSto actual |y belrrplementgd |hn I
dwgy h hog is applicable to both rationa
?j norﬁ@ﬁd $zg3t2 2ystems integrated with tinm ng [20]
N adj ust ment i nterpol ation. uk' is tunable and
|
As ARERAAEAIGTG 1o T80 RS 0T RgBH Ripdriopm {8 aifftdon of
the guMtirdier iapdlaplusaehdek oumetsmeerfko‘ﬁhe:ducbttdm@f the &lidmation is

conOBREY e CoistotaToa” Shsinigoraie eamlpd.gontnues unti the
overﬁl@W}Jm&Lﬂfs OTI'heMﬁé'ﬁuﬁW OBERAICH B Pl MbRREF thbBlerflow

respecti vel
sugnal also controls the tlmlng when the output y(m) is generated. Accurate

o overflow signal generation is the key for a successful TFS. implementation.

Equations 19 and 20 give us:

H,'=1—index, | . ' - [21]

o Thes‘é- new défi'nitions allow .the modified TFS to acfuaily be implemeht_ed in
hafdware and the méthod is applicable fo both rational and non-rational SRC
systems integrated with timing adestme_nt'interpolation. o' is tunable and
- incorporates the estimated timing error 7. The range of 4,' is defined as (0,1]
rather than [0,1) as in conventional rﬁethods. The overflow condition is also

changed. In the described embodiment, two separate steps are employed, to

control the overflow accumulator index, and generate inter-sample position I,

respectively.



18 Figure 5 shows a timng recovery loop . .
incorporating the nodified TFS of Figure 4. Figure 5
illustrates a feedforward synchroni zer 500 conpri si ng
anti-aliasing filter 501, { edf orward esti mator 503,
unw apped estimator 505, ditferentiator 507 and-

nodi fied TFS (according to Figure 4) 509. The out put
of the differentiator 507 is the timng error
estimate r(k) which, as described above, is used,

FigarleoB ghowist & titrtieg iregumers ilgsindotidratig ithe Whodifled I'TFS of Figure
' Igmdl fi e_ﬂ TFS 509., The output of the nodified TFS 509
4. figutg B llugikgles 3 fapdionuardy avesmnize O0ARPMpEising anti-aliasing
itepBDY RSkl SSGYthS Caly  f hiaor s7
andf esdiifmdnhF8 @pcohdiopitedriguse @) &08r Mbe autbudes thibdifferentiator
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sanpled at sone rate T . The sanples fromthe AAF t
input the feedforward estimator.503. The feedforward

e R23iohS caho¥e ihtd Bwo LGS rifls: |
T e RCMor etk cal1 R, (s dfied o uoctMBrids; Tpedtk and
- feedfoheamil. Aafeatifopvardnsyochranizerhis Efdlemeichahd adescribed since

foo S S satl iNOLeGh ISLBHRPGUBESFirSian gndagen also face
probient ofefafse I6QBAY idatibeKkifg Wsike mry-anérPJiﬁeT%ﬁambH:

Pl enum Publ i shi ng Corporation; 1997) are two known
" non-data. aided feedforward estimtors which are
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sanples are first conpleX conjugated at 601.
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,l “SynChronization Téchniques for Digitél 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.




19 -j2irk Then, the sanples are nmultiplied by e N at
- operator block 603. Then, the sanples are filtered at
filter 605. In the | ower branch, the sanples are
multiplied -j2irk by e N afgoperator block 607 then
del ayed at delay bl ock. 609. The outputs fromthe two
‘branches are then nultiplied together at operator
block 611 and then the prodysl; is accunul ated at
bl ock 613. The argunent of accumul at or ‘out put
Thei, Yes shhplds Biarenasslicabe @i thin a basiatsr Block &3, Then, the
“Alternatively, we could use an O&M estimator | nstea
samyrles, ang_filtrred atddier @S0 in the lawerderanchsthe savbples ae2multiplied
. z= ;Targ x(kT,)12e N 27r k=0 Where x(KT,) are sanples

' f e he matched filter. The O&M al go(rji t hhm seens nore
' ; ' - _ as it
o Soas nét OPREPGEREk FOTeh AR AR PR LS o

an oversanpling of 4 is needed.. in an O8M esti mator,

wher eas. oversanpling of 2 is suffici.ent with the
: Them‘!feafs‘»é‘!ao’ﬁéhﬁé\er}g hrﬁ%ﬁ'ﬂ%@iec@,en mHKiPled degethes aheperater block

611355(3‘EIhéﬁ(éﬂé’.tprﬁalJEP@E‘égjrﬁﬁla?é‘é’eaqtl?gck %el%agﬁft? ta'?@.hment of the |

igitized signal generally comes from an

AAF. fol |l owed by an anal ogue to .digital converter.
acofighiator ayBUEGVAY 1BF tioe el within s tacter ot p
estimator 503 is fed into unwapped estimatdor 505..
The unwrapped estimator is shown in detail in Figure ‘
7. The purpose of the unw apped estimator is to solve
- Alterativeho bves cocldusssl ahyOBM gstimator instead of a ML-based estimator.

In that case:

: T NLo-1 5 —Jj2nk
T=——ar x(kT) e V
~Larg] > [(kT))

k=0

Where x(KT) 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'
filteﬁ_ng of x(kT,). HoWever; an oversémpling of 4 is needed_ih an O&M estimator,
whereas oversampling of 2 is sufficient with the ML-based method. in-practice, _
the ML-based scheme is actu'ally 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 estifnator 503 is fed into unwrapped
estimator 505. The unwrapped estimator is shown .in detail in Figure 7. The
purpose of the uhwrapped 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



clock offset. The timing error r(k) varies in tinme due
to the clock offset between the transmtter and the
receiver. As T (i.e. the output of estimator 503 and
input 20 to unw apped estifmtor 505) is restricted to
- 25 ~ZS, it occasionall xhibits junps of Ts

" seconds by junping fromone clock to another. If this
is not properly accounted for, hzsrre st robes will be

- to unissppbd estimatorcB08)is restraby et e it Qﬁ:bb%h@ﬂy EBxhibits
rrust be unvvrapped - see UnbertoZangbll and

e 5 o A BP0 B, Db}t movers

accélhruednﬂoPubbnfd‘lstrgbé‘@rvmtbrwé Irﬂi&sed%ﬁduﬁﬁﬁaﬁéél T 8@@knthis, the
to Figure 5 t he out put of the. unw apped esti mator
estigigiey & RSt he o UNMARPRRY f or 28R iLimBertadvengale and N. D'Andrea,
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e estimte mng error is~accumu
Connrrnaq wahoys dhebhg” |H’lanmCPublkslmgi Carperationdt9gZvar d
synchroni zation is an open |loop, a differentiator of
the timng estimate is needed between the feedforward

Ref@higjam td FRiire e éﬂﬁbutt e thé‘HﬁMé@ed@sﬁrﬁQ@r 5‘0% is fed into

counteract- t he accunul ation effect er 1 nent-al
the défergntiater SOEdfTbweveiffaranyiator isnshawn érf deta;l or Elgeme 8 Because
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the synchroni zati on schene of the Invention with

estigiaip)iigi perded rhatwegnkthey feedionvart .Qsﬁmtwer(éOB,TrﬁéJS) and the
mod%ﬁ’éﬁ’?@t |5@ggk {) P%ér{%mégﬁg%u@aq%t&éﬁtge early-late

gate timn an oversanple factor of 4,
a separate matched filter and an interpolation-filter
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Figure 9 shows a comparison of the BER of the synchronization scheme of the
invention with a traditiona-l 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 feedfonNérdscheme has
equivalent performance as the traditional feedback method.

Figure 10 shows the estimated timing error with timing phase error (left hand
S|de) and w1th timing phase error and clock offset (nght hand side). It can be

seen that the proposed timing synchronlzatlon scheme can estimate the timing



Figure 10 shows the estimated timng error with timng
phase error (left hand side) and with tim ng phase
error and clock offset (right hand side). It can be
seen that, the proposed tinm.ng synchroni zation schene
. can estimate the timng 21 2brror with good accuracy
~and, at the same tine, it can also track.the clock
frequency, offset, which uses_t he phase to increas
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sanpling rate of T to a transmtted signal y having a
sanpling rate of , TZ timng adjustnment using an
estimated timng error z ; and matched filtering of
the received signal. 2. A transposed Farrow structure
according to claiml1l, wherein the transposed Farrow
structure equates the signal y to Q polynom al pieces.
3. Atransposed Farrow structure according to claim2
conpri si ng:



a first part for gene.r'ati ng the 'Q pol ynoni al pi eces;
"and a second part for sunming up the Q pol ynom al

pi eces to produce signal Y. 4. A transposed Farrow LLOYDWISE

structure according to claim 3 wherein the first part
conprises: a multiplier an | us network for
generating Q polynom als for each order k of the _
Clainssei ved signal r, the Q pol ynom als bei ng dependent
on a timng parameter p and the received signal r,
the timng paranmeter p being dependent on SRC factor
T gnd the tim'l_j error r. T2 5. A transposed Farrow
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Response Filter for summ ng up the Q pol ynom al pieces

' by t i ntegration and du circuit to
2. g?gg&%l%gpa%g Ee’rrow s%ructure accordingpto_ claim 1, wherein the

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

3. A transposed Farrow structure according 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 p 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: ' _

o 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,



the duration of the sunmation in the Finite | npul ’se
Response Filter being controlled by the overflow

.factor. 7. A transposed Farrow structure according to LLOYD WisE

.any one of the preceding clainms conprising a unit for
generating a timng paranet p fromTl, T2 and z .
8. A transposed Farrow structure according to any one
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8. A transposed Farrow structure according to any one of the preceding

claims comprising a unit for generating an overflow factor from T1,-T2.and' T.

9. A feedforward synchronize‘r for a Software Defined Radio (SDR) receiver,
the -feedforward . synchronizer being arranged to receive a signal r having a
' . 1 S
sampling rate of Fand comprising:
A _

~a feedforward estimator for generating an estimated timing error r ; 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
| -;—to a transmitted signél y having a sampling rate of TL; b) timing adjustment
l 2

using the estimated timing error 7 ; and c¢) matcHed filtering of the signal.



12. A feedforward synchroni zer according to claim11l

wherein the first part of the transposed Farrow

structure conprises: a multiplier and plus network f or LLOYD wisE
generating Q polynomals fo 4each order k of the

received signal r, the Q pofynom als bei ng dependent

on a timng paraneter p and the received si gnal r,
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Y- synchroni zer according to claim 13 wherein the second
part of the transposed Farrow structure conprises: a
Finite I nmpul se Response Filter for summng up the Q
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parameter y and the received signal r, the timing parameter Y being dependent

on SRC factor £and the timing error .
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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 recelved signal r to
produce the Q polynomial pieces of the signal y, . |
the duration of the summation in the mtegrat_lon and dump circ_Uit being 'centrOIIed'

by an overflow factor, the overflow factor being dependent on SRC factor ﬂand
_ . : 2

the timing error .

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 y,
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wherein the transposed Farrow structure conprises| a

portion for generating a timng parameter p fromT1, (LOYDWISE

T2 and z . 16. A feedforward synchroni zer according to
any one of claims 9 to 15 yherein the transposed
Farrow structure conprises portion for generating an
overflow factor fromT1l, T2 and z . 17. A feedforward

' 74 i to : ai 9.t0 .
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synchroni zer according to any one of clains.9 to 17

wherein the feedforward estinmator conprises an
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of fset. 19. A féedforward synchronizer accordin
wheggip thigetranspessdhE agowo strgctund eostpriselsea frertibn rfoargenerating a
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claims 9 to 19 further conprising an anti-aliasing
filter. 21. A nethod for processing a received si-gnal

16. 1 Raleegforvarminsynelyoniaes agcarding, to jany adef ofiaclaims 9 to 15
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. converting received signal r having a sanpling rate of
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whereih the feedforward estimator comprises a maximum likelihood based
estimator.

18. A feedforward synchronizér 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 accor_dihg'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 —;—

. . 1
'in a Software Defined Radio (SDR) receiver comprising a transposed Farrow
- structure, the method comprising the steps-of:



performng, in the transposed Farrow structure, timng

~adjustment using an estimated tining error z ; and LLOYD wisE

performng, in the transposed Farrow structure,

mat ched filtering of the Zggei ved signal. 22. A

met hod according to claim wherein the transposed
Farrow structure equates the signal y to Q
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eces; and sunm ng t.he Q pol ynom al pieces to
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an %tmated&nﬂnng eimrordam@ to claim 24 wherein the step of
ener_fatl ng the Q | ynom al pieces further conprises:

sum@eEM e in thesi Vﬁaﬁﬁ)%ﬁeéi beEpwaBiruetuger matched filkering of the

Si gnal r to produce the Q polynom al pieces
reCé?&&Egﬁ% gnal y, LLOYD WSE 27 the duration of the

surrrratlon in the integration and dunp circuit being

roII v f ctor, the overfl ow
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'23. A method according to claim 22 comprising the steps of:
» generating the Q pelynomial pieces; and

sUmming up the Q polynomial pieces to produce eignal y.

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

| generating Q polynomials for eech order k of _the received signal r, the Q
polynomials being dependent on a timing parameter i and the received signal r,

the timing parameter p being dependent on SRC factorﬂ_ and the timing error 7.
. 2

25. A method according to claim 24 wherein the step of generating the Q
polynomral pieces further comprises: _ 7

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



26. A nethod according to claim25 wherein the step of

summng up the Q polynomnial pieces to produce signal LLOYD WISE
y is controlled by the overflow factor which controls

the duration of the summtuzzaf 27. A net hod_ a_ccordl_ng :

to any one of clainms 21 to 26 further conprising the

-step of generating a timng paraneter p fromTl, T2

C. one. of. clains _
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by a°n"8\5£r'ﬂ8¥vv ffac{:otr?{hef (r)\%nrﬂg\}v factor_abemg dependent on SRC factor %and '

. 2 )

the.timing error 7.

26. A method according to claim 25 wherein the step of summing up the Q
polynomlal pieces to produce signal y is controlled by the overflow factor which
controls the duration of the summation.

27. A method according to any one of claims 21 to 26 further comprising the

“step of generating a timing parameter p from T;, Tzand 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 r.



