Method and System for Stabilising a Signal Technical Field The present invention relates to signal
processing and more particularly to a method and system for stabilising a signal. s Background of the
Invention Signal averaging is a signal processing technique that is commonly employed in measuring
periodical signals. This technique involves accumulating a number of repeated segments of a
periodical signal. Signal averaging exploits the fact that if a periodical signal is coherently summed,
the signal accumulates while io noise tends to cancel itself out due to its randomness. This
phenomenon enhances the signaljpsiRigeartie(SiiR) R xsighaingal Sidhe ratio of the power of
the signal to the power of noise, thereby improving the accuracy of the measured signal. For example,
the SNR of in iEEut ?lgnqli which provides a measure of how accurately the signal can be measured,
may be incr say, 10 to 20 decibels (dB) by accumulating (or averaging) ten (10)
neighbouring periods of the signal. SNR enhancement by signal averaging is based on the
assumption that thEhperiedantt iy émpiotsig e s thnenad mol e sstimgt aimd aadite, padievieryHs a
assumption on environments, the period 20 of the signal is
often irregulrﬂgxg%ég fa;?? drggsr?i%}g F%%%e@@%ﬁ%req%b drift of the oscillator used in signal generation
or, in more severe cases, sampling of the signal at a lower sampling rate than the frequency of the
signal. fn thEAEFOiHigaatgna SESA of the sampled signal is often less stable than that of the
original signal. When S|gnal averaging is performed on a signal with irregular 25 periodicity, the
waveform of the agignullaged:sigingl issunstaimandhrieBdsingt eigmiigastitrenhancedmiscaiigh, the

periodicity Of 3 Sllg naé |§1 urﬁgg”ﬁ%%bg.esgodzcal signals. This technique involves accumulating a

number of repeated segments of a periodical signal. Signal averaging exploits the
fact that if a periodical signal is coherently summed, the signal accumulates while

10 noise tends to cancel itself out due to its randomness. This phenomenon
enhances the signal-to-noise ratio (SNR) of a signal, that is, the ratio of the power
of the signal to the power of noise, thereby improving the accuracy of the
measured signal. For example, the SNR of an input signal, which provides a
measure of how accurately the signal can be measured, may be increased from,

i5  say, 10 to 20 decibels (dB) by accumulating (or averaging} ten (10} neighbouring
periods of the signal.

SNR enhancement by signal averaging is based on the assumption that the
period of the input signal is known and constant. |In reality, however, this
assumption often does not hold true. In most application environments, the period

20  of the signal is often irregular due, for example, to jitter and frequency drift of the
oscillator used in signal generation or, in more severe cases, sampling of the
signal at a lower sampling rate than the frequency of the signal. In the latter
instance, the period of the sampled signal is often less stable than that of the
original signal. When signal averaging is performed on a signal with irregular

25  periodicity, the waveform of the accumulated signal is unstable and SNR is not
significantly enhanced. As such, the periodicity of a signal is usually stabilised

with a conventional phase-locked loop (PLL) circuit prior to signal averaging. The



with a conventional phase-locked loop (PLL) circuit prior to signal averaging. The 1 conventional PLL
circuit compares the input signal with a reference (local) signal to obtain a phase error signal.
However, as this requires prior knowledge of the waveform shape of the input signal as reference,
signal stabilisation using a conventional PLL circuit is often ineffective in real applications as the exact
5 waveform shape of the input signal is often not known in advance in a real environment because it
changes over time due, for example, to multi-path propagation. Thus, a need exists for a method and
system for SEIYREHGNELohkl et H5eT RBIFaJlfre RIOWRlHTR BrEieRacEIPRANSRBE an input
signal to iorgenaEteDpaseSTEprBIGRMa). Thesaalan existhi negdifes dwetRadvaed Gy stenméor

stabilising a signal that js independent of waveform changes caused, for example, by multi-path
propagation&FATENB7ER FiveRtoRRECOMAUNR SESTREERR indISARb S FBURRAOT YR dspect, a

method for dsrstabilishag #@signeisdhie teetifashcarapiising: receiving Srpitpuiosignal gasemiing a
plurality of delayed signals based on the input signal; comparing a segment of the input signal with a
Cogment of SR BT FaRE b SO alio e R hg o G MGl A GAUREE el and

performing signaimadnt adjustmentitbabadgen theerronsignilia20fédvaniagdously, hegaussatihe error
signal is generateofl’c{rom segments of the input signal, the invention is independent of waveform
distortion c&ﬁ%@ﬁ? P%’xample, by multi-path propagation and does not require prior knowledge of the
waveform shape of the input signal to generate phase error signals. In a preferred embodiment, a
correlation calculationsis dertsthedibstvierea method and system for stabilising a signal that

does not require prior knowledge of the waveform shape of an input signal to
10 generate phase error signals. There also exists a need for a method and system
for stabilising a signal that is independent of waveform changes caused, for

example, by multi-path propagation.

Summary of the Invention

Accordingly, the present invention provides, in a first aspect, a method for

15 stabilising a signal, the method comprising: receiving an input signal; generating a
plurality of delayed signals based on the input signal; comparing a segment of the
input signal with a segment of each of the delayed signals; generating an error
signal based on the comparison; and performing signal period adjustment based

on the error signal.

20 Advantageously, because the error signal is generated from segments of
the input signal, the invention is independent of waveform distortion caused, for
example, by multi-path propagation and does not require prior knowledge of the

waveform shape of the input signal to generate phase error signals.

In a preferred embodiment, a correlation calculation is performed between
25 the segment of the input signal and a corresponding segment of each of the
delayed signals. An optimal delay value corresponding fo a maximum correlation

value calculated may be determined from the correlation calculation performed.



25 the segment of the input signal and a corresponding segment of each of the delayed signals. An
optimal delay value corresponding to a maximum correlation value calculated may be determined
from the correlation calculation performed. 2 The optimal delay value may be determined from a
correlation curve generated based on the correlation calculation performed. The error signal may be
generated by determining a difference between the optimal delay values for successive segments of
the input sigl_nal. 5 The delayed signals mayé‘[ﬁ:)e generated by introducing} a range of delay values into

the input sigri¥. SAEMahgeByd MFYsRaHe BERFELH ABoft COURISHAMIESY O SRNAIEPE D

represents aasntingl delay estigatpandAcuRpiGsepisR MG ofgEokfhe apfiapl delpymstimate
D may be approximately eo%tejal to.one (1) period of the input signal and A may represent a i0 margin

of period erfSNYRIFY PO SPLRITHRENEmA BEREFRFINESD rétRicRRf DRlode kg e d8kh as,

for examplesibecalofie fegmencis tof arramplesyfEam a memory writing clock module, when the error
signal indicates that a period of a current segment of the input signal is of a longer duration than a

period qf a preceding segment of the 15 input signal, and increasing the clock frequency when the
error sicénal indicat@sgetha iﬁbfg %esri%ai?tﬁ]eg uPr%grﬁ%}éatf#e% ig\l)fE q%%%%é?%ﬁa%%pﬁa% ;ﬁg%ériod of

the precedinglsegniet.tPecliepailpjgntdst dhengenpartodf detainval signaday fitterbdtoae T hibonakes

ignal estimati le. The inputsignal may b led. A timing of 20 th led
Simal may 1L FDIAER AR et SRS S i BB A CERUITHE AP aystem

The input signabaetden caaigiousipesipshical sigral sparRackebkysedstimate D may be
approximately equal to one (1) period of the input signal and A may represent a

10 margin of period error.

Signal period adjustment may be performed by reducing a clock frequency
such as, for example, the clock frequency to a sampler or from a memory writing
clock module, when the error signal indicates that a period of a current segment of
the input signal is of a longer duration than a period of a preceding segment of the

15 input signal, and increasing the clock frequency when the error signal indicates
that the period of the current segment is of a shorter duration than the period of

the preceding segment.

Preferably, a fast change part of the input signal is filtered out. This makes
error signal estimation more stable. The input signal may be sampled. A timing of
20 the sampled signal may be isolated. This allows implementation of the signal

stabilising method in a larger system.

The input signal may be a continuous periodical signal or a packet-based

signal.

In a second aspect, the invention further provides a signal averaging
25 method, comprising: receiving an input signal; generating a plurality of delayed
signals based on the input signal; comparing a segment of the input signal with a

segment of each of the delayed signals; generating an error signal based on the



signal. In a second aspect, the invention further provides a signal averaging 25 method, comprising:
receiving an input signal; generating a plurality of delayed signals based on the input signal;
comparing a segment of the input signal with a segment of each of the delayed signals; generating an
error signal based on the 3 comparison; performing signal period adjustment based on the error
signal; and performing waveform accumulation after signal period adjustment. Advantageously,

because waveform accumulation is performed after signal period adjustment (and hence signal period
stabilisationJOfRE&MERNE GefeBiRgiRiAb RS RaVatHSTRhbRSS INROBIREr atiiduIaRet

waveform ig, &%@ﬁi@@%ﬁb&?@rﬁ?‘é@@grﬁ&l&@n%{é@%@ﬁﬁl%%M%ﬂﬁ%ﬁméfﬁ obtained as previously
described in respect of the first aspect Moreover, corresponding further features as described above

in respect of the fir ét as ect ma be emplo %?10 In a thir ect the mveg[ furthe rovides

a system for stabil ﬂY& aﬁ%ﬂg ]¥h %%fé%% EV §mga%°éf€’é&ﬂ @dgrﬁﬂf%@? eri’t@] plurality
of delayed signadis bagmn(mmn sgna; aiyeabrsgnal mbﬂaimmmpdhle shafigurstd fles

generate an error signal based on a com on of a e input | with ment of
ach of e ST HA R AT A0 i Ao Sonitstreg ey HERtR el Sno
adjustment bakadamtthe error signal. In the third aspect, corresponding advantages are obtained as
previously described in respect of the first aspect. In a preferred embodiment, the error signal

generation modulq iFydes s, §ALBAIORAdS £ #%@&t&g&faﬁe &8s ﬁs@%@?gﬁ@gzﬁgg |

between the 20 segment of e Input signal and a corfesponding segment of eac
described in respect of the first aspect. Moreover, corresponding further features

as described above in respect of the first aspect may also be employed.

10 In a third aspect, the invention further provides a system for stabilising a
signal, the system comprising: a delay line configured to generate a plurality of
delayed signals based on an input signal; an error signal generation module
configured to generate an error signal based on a comparison of a segment of the
input signal with a segment of each of the delayed signals; and an adjustment

15 module configured to perform signal period adjustment based on the error signal.

in the third aspect, corresponding advantages are obtained as previously

described in respect of the first aspect.

In a preferred embodiment, the error signal generation module includes a

correlation module configured to perform a correlation calculation between the

20  segment of the input signal and a corresponding segment of each of the delayed
signals. The correlation module may be configured to determine an optimal delay
value corresponding to a maximum correlation value calculated. The correlation
module may be configured to determine the optimal delay value from a correlation
curve generated based on the correlation calculation performed. The error signal

25  generation module may be configured to determine a difference between the

optimal delay values for successive segments of the input signal.



signals. The correlation module may be configured to determine an optimal delay value corresponding
to a maximum correlation value calculated. The correlation module may be configured to determine
the optimal delay value from a correlation curve generated based on the correlation calculation
performed. The error signal 25 generation module may be configured to determine a difference
between the optimal delay values for successive segments of the input signal. 4 The delay line may
be configured to introduce a range of delay values into the iné)ut signal. Preferably, the delay line is

configured to introdfiéedRBYAifE BRUEEFORIRY BE HPcERaBEEE R A HFRIBY-valtuRRdéCD

represents @i ORBNRiGiAY STLraABRNEHA NESSERESS BIHBHLAL EHOTnIRtaIbE InRUESgaab5
Preferably, D is approximately equal to one (1) period of the input signal and A represents a margin of

period errorde Y Al RIWRRIIE AR He canfRiiFeaReybdices clibR Teeduaitsyesaotsasfor
example, theglfek| IIRMIPBEYAR:ACSARPIS RIFOS AENE PRIV IR ARCHROBeHNOER B erTor

signal indicates that a périod of a current segment of io the input signal is of a longer duration than a
period 6f a prefetinty séyireapeferimaielt signal, tandne ifldreasethefdbekifimegusigopviteh the error

signal indic%%sregmyg ﬁg@ﬁgﬁ@gr%rgﬁgﬁegment is of a shorter duration than the period of the

preceding segment. In a pre embodiment, a filter is configured to filter out a fast change 15 part
of the input signal._The filter may be an envelope detection module. In a preferred embodiment, a

sampler is configuretPtG PR eNastiissigiy. TRecentigherehiy Kedisarapigtl DrRitaetdhverter
(ADC). A bustpinery fhe srarigisedo naltaradinaing ofdhe sampiedsignsh Thedwley Maydye a First
In First Out (FIFO) memory. ) o ,
clock module, when the error signal indicates that a period of a current segment of
10 the input signal is of a longer duration than a period of a preceding segment of the
input signal, and to increase the clock frequency when the error signal indicates
that the period of the current segment is of a shorter duration than the period of

the preceding segment.

in a preferred embodiment, a filter is configured to filter out a fast change

15 part of the input signal. The filter may be an envelope detection module.

In a preferred embodiment, a sampler is configured to sample the input
signal. The sampler may be an Analog to Digital Converter (ADC). A buffer may
be configured fo isolate a timing of the sampled signal. The buffer may be a First
In First Out (FIFO) memory.

20 In a fourth aspect, the invention further provides a signal averaging system,
comprising: a delay line configured to generate a plurality of delayed signals based
on an input signal; an error signal geﬂe'raﬁon module configured to generate an
error signal based on a comparison of a segment of the input signal with a
segment of each of the delayed signals; an adjustment module configured to

25  perform signal period adjustment based on the error signal; and an accumulator

configured to perform waveform accumulation after signal period adjustment.



20 In a fourth aspect, the invention further provides a signal averaging system, comprising: a delay
line configured to generate a plurality of delayed signals based on an input signal; an error signal
generation module configured to generate an error signal based on a comparison of a segment of the
input signal with a segment of each of the delayed signals; an adjustment module configured to 25
perform signal period adjustment based on the error signal; and an accumulator configured to perform
waveform accumulation after signal period adjustment. 5 In the fourth aspects, corresponding
advantages are obfaitiedagriicaseasly, eesEraniingspbavhgrsseeoatitalptadpiRdoss)y

correspondiggduiticy fRatgs.as desHibeg-abaye Uy %%??%?Q&%'P,"%@ﬁ%%ﬂc%%%ﬁﬁﬁ%ﬁ owing

employed. Other aspects and advantages of the invention will become appare
detailed dedeApias, 2o ibesjGReIGNIVEsBRChet Siplriid e Raei RS alRgshasmaisyady of

example the principles of the invention. Brief Description of the Drawings The following detailed

description of prefeytegdrasgpedimants afitaatayestioniuilihehederwindsssind Wheareatem
conjunction{}q/ith the appended drawings. io The present invention.is illustrated by way of example and

is not limited Gy TP HEE BRI AGIRRT LGN WIRERTKE rERMREOHh el afn ASLRIBRANMEFIG. 1 is

a schematiciciagra, dfssigne) ayeraging syatapidtiaserndapess vitheneemkgdiment of the present
invention; FIG. 2 is a schematic flow diagram of a signal averaging method in 15 accordance with one

embodimené%;l]ﬁe%rcera %Ergr%na/ﬁp]tioa'r Fv{'% %is a waveform diagram showing a waveform of a sampled
signal in a f the present invention; FIG. 4 is a schematic diagram of
an approach to determining the error

The foliowing detailed description of preferred embodiments of the invention

will be better understood when read in conjunction with the appended drawings.
10 The present invention is illustrated by way of example and is not limited by the

accompanying figures, in which like references indicate sirmnilar elements.

FIG. 1 is a schematic diagram of a signal averaging system in accordance

with one embodiment of the present invention;

FIG. 2 is a schematic flow diagram of a signal averaging method in

15 accordance with one embodiment of the present invention;

FIG. 3 is a waveform diagram showing a waveform of a sampled signal in

accordance with one embodiment of the present invention;

FIG. 4 is a schematic diagram of an approach to determining the error

signal in accordance with one embodiment of the present invention;

20 FIG. 5 is a waveform diagram showing a plurality of correlation curves
generated in respect of successive segments i, i+1, i+2 and i+3 of the input

signal r(t) ;

FIG. 8A is a waveform diagram showing a clock signal from the clock circuit

of FIG. 1 prior to any frequency adjustment;



signal in accordance with one embodiment of the present invention; 20 FIG. 5 is a waveform diagram
showing a plurality of correlation curves generated in respect of successive segments i, i+1, i+2 and
i+3 of the input signal r(t) ; FIG. 6A is a waveform diagram showing a clock signal from the clock
circuit of FIG. 1 prior to any frequency adjustment; 6 FIG. 6B is a waveform diagram showing the
clock signal of FIG. 6A after frequency reduction when the input signal period t, is greater than a set
optimal signal period t2; FIG. 6C is a waveform diagram showing the clock signal of FIG. 6A after 5
frequency incremeht@h8R tsednpaveigral giagsam isHevdnbdhe slochpsigraa! sifjfdGefibdfieFIG. 7 is
a schematic,Aigaiam, L 2ueioRs AYRLATING SYSIRLactorance Wil angingLAmbodiment of the
present invention; FIG. 8 Is a schematic tlow diagram of a'signal avetaging méthod I io Actsrdance
with anothesgmbbgériedt of the present invention; FIG. 9A is a waveform diagram showing an
Ultra-Wideband (UWB) pulse waveform under a first set of conditions prior to period adjustment and

accumulation; FIG %g |5%§ waveform %i%%ra_ showing the UWB pulse waveform of FIG. is 9A after
period adjustmentl; -ateuhfafiBncEE! &3 Bren G giar sHstm Phif o P thdliriual

wavefosms fusgigstiag firereaiafcandiions prgito fgrad peliveimeny axkagrinylalianyFial0B is a
waveform diagram showing the 9 individual waveforms of FIG. 1 OA after period adjustment and
accumulatiodignal period t,;

FIG. 7 is a schematic diagram of a signal averaging system in accordance

with another embodiment of the present invention;

FIG. 8 is a schematic flow diagram of a signal averaging method in

10 accordance with another embodiment of the present invention;

FIG. 9A is a waveform diagram showing an Ultra-Wideband (UWB) pulse
waveform under a first set of conditions prior to period adjustment and

accumulation:

FIG. 9B is a waveform diagram showing the UWB pulse waveform of FIG.

9A after period adjustment and accumulatior;

FIG. 10A is a waveform diagram showing nine (9) individual waveforms

under the first set of conditions prior to period adjustment and accumulation:;

FIG. 10B is a waveform diagram showing the 9 individual waveforms of FIG.

10A after period adjustment and accumulation;

20 FIG. 11A is a waveform diagram showing nine (9) individual waveforms

under a second set of conditions prior to period adjustment and accumutation; and

FIG. 11B is a waveform diagram showing the 9 individual waveforms of FIG.

11A after period adjustment and accumulation,

Detailed Description of the invention




20 FIG. 11A is a waveform diagram showing nine (9) individual waveforms under a second set of
conditions prior to period adjustment and accumulation; and FIG. 11 B is a waveform diagram
showing the 9 individual waveforms of FIG. 11A after period adjustment and accumulation. Detailed
Description of the Invention 7 The detailed description set forth below in connection with the appended
drawings is intended as a description of the presently preferred embodiments of the invention, and is
not intended to represent the only form in which the present invention may be practiced. It is to be
understood that thd kantietadeduilesient tofursstots indyehera g araplisietia o ydiff etfen teembodémients

that are inte - ) ithi C 0 i [ ferring. now to FIG. 1, a
signal avera%%ﬁg'ég}s%ﬁ?n%%ls 5%180\%%% gy%;fé'%ﬁ% %?Réﬁd%é%%%ge %ergr?vgr% kg)})‘? é’é\frgl%r& Sf%lquency
14 generateiit®yrvesidok candiid 6¢hiniendddidd byraa st smentiyntuoiei3Ovasbxitlaipessbetow). io
The ADC 12§ ' t in [ ( E ry. 18 ing, an.jnd dent
write and re%zall’ld§ cloc ‘%ﬂh%%v ) |sﬁc§\1?j piIe?t?a%??u%p%?@?réf@g%%gfz%%h%éﬁé.o&ma% u(')\fé %%ﬂs
configufed thiRdligrsatiayiig dicherspiigprd ighitie rknteavdlogerdetisctiont racslintep0lehtbabe |
waveform agg) Jasiator. 22 %%iHQHB'EQJp@BfQHEOH\%ESﬁFO memory 18. The envelope detection

module 20 is is configured to filter out a tfast change part of the input signal r(t) and the waveform
accumulator 22 is configured to perform waveform accumulation. A delay line 24, coupled to an output

of the envelope deBBIFSHTHOBEE 0, fCeohfiguigialgaKeraging phiRiaR of GdRydr¥gnaittased on
the input signRliEl®:. AniaBiotsigRal aeneratoreruls; 2 ldeshesiuBlysoyRIed HR thepquiputs of the

2 BNl T T8 (Srd o aited oy i Bfistmbat moduls 30 se manahed below).
10 The ADC 12 is configured to sample an input signal »(r). A FIFO memory 18
having an independent write and read clock (not shown) is coupled to an output of

the ADC 12. The FIFO memory 18 is configured to isolate a timing of the sampled
signal. An envelope detection module 20 and a waveform accumulator 22 are
coupled to an output of the FIFO memory 18. The envelope detection module 20

15 is configured to filter out a fast change part of the input signal rt) and the
waveform accumulator 22 is configured to perform waveform accumulation. A
delay line 24, coupled to an output of the envelope detection module 20, is
configured to generate a plurality of delayed signals based on the input signal ().

An error signal generation module 26 is respectively coupled to the outputs of the

20 envelope detection module 20 and the delay line 24. The error signal generation
module 26 is configured to generate an error signal 28 based on a comparison of

a segment of the input signal r{r) with a segment of each of the delay signals. An
adjustment module 30, coupled to an input of the ADC 12 and to outputs of the
clock circuit 16 and the error signal generation module 26, is configured to perform

25 signal period adjustment based on the error signal 28 it receives from the error

signal generation module 26.

The input signal r{t) is a continuous periodical signal represented by the

following equation:



module 26 is configured to generate an error signal 28 based on a comparison of a segment of the
input signal r(t) with a segment of each of the delay signals. An adjustment module 30, coupled to an
input of the ADC 12 and to outputs of the clock circuit 16 and the error signal generation module 26, is
configured to perform 25 signal period adjustment based on the error signal 28 it receives from the
error signal generation module 26. The input signal r(t) is a continuous periodical signal represented
by the following equation: 8 r(t)S[t+i(T+A)]+n(t), (1), where S(t) is modelled by the following equation:
~S(t) s(t) O<t<T+A (2), O otherwi(@jﬁs( r§&)r§ﬁ?n£s ivagsform of one (1) segment of the input signal
of4ke‘in :

rt), T 5 represents an ideal per'f signal r(t),”A represents argin of period error, n(t)

represents the noise in the input signamlwmr(t), and values of i represent respective segments in the input
signal r(t). Because the input si‘%nal r(t) is continuous, the number of signal segments is infinite,

therefore | ¥&HBsSHONS (BalPfRViredodoniag 8aHABuUS components of the signal averaging
system 10, the operation of these components will now be described in greater detail below with
reference to FIGS. 1 through 5. FIG. Z%P(?WS @ signaj-avgraging method 100. In a first step 102, an
input signal r(t) is received and Séhpled by the ADC 12. Sampling chand@®s the 15 continuous
periodical signal received into a discretd signal®BE"$Shows a waveform of a sampled signal 32. As
can be seen from FIG. 3, the sampled signal

s{t) represents a waveform of one (1) segment of the input signal r(z), T
5 represents an ideal period of the input signal r(t), A represents a margin of period
error, n{t) represents the noise in the input signal r{t), and values of i represent
respective segments in the input signal r(t). Because the input signal r() is

continuous, the number of signal segments is infinite, therefore i extends from

—eo 10 oo,

10 Having described the various components of the signal averaging system
10, the operation of these components will now be described in greater detail

below with reference to FIGS. 1 through 5.

FIG. 2 shows a signal averaging method 100. In a first step 102, an input

signal r(t) is received and sampled by the ADC 12. Sampling changes the

15 continuous periodical signal received into a discrete signal. FIG. 3 shows a
waveform of a sampled signal 32. As can be seen from FIG. 3, the sampled signal

32 includes a plurality of pulses 34 having a period P therebetween.

Referring again to FIGS. 1 and 2, the input signal #(t) is sampled at a

sampling rate determined by the clock frequency 14 received at the ADC 12 (i.e.
20 the clock frequency 14 generated by the clock circuit 16 and adjusted by the
adjustment module 30). The number of samples drawn from one (1) period of the

input signal r{r) is dependent on the period of the input signal r(¢) and the

sampling rate.



32 includes a plurality of pulses 34 having a period P therebetween. Referring again to FIGS. 1 and 2,
the input signal r(t) is sampled at a sampling rate determined by the clock frequency 14 received at
the ADC 12 (i.e. 20 the clock frequency 14 generated by the clock circuit 16 and adjusted by the
adjustment module 30). The number of samples drawn from one (1) period of the input signal r(t) is
dependent on the period of the input signal r(t) and the sampling rate. 9 Because the clock frequency
14 generated by the clock circuit 16 is dynamically adjustable by the adjustment module 30, the clock
frequency 14 rec&geguahtnaDAoLk idraguaniyrmargesereiardoly uifsaitalsieiforittuing $héds other

modules in ' Y j stem. 10 t ive iform.clo fr f
example, th@gﬁ{l/%?o%ieg dgelst%%tiogr?i r%o%léﬁzgo ,Q%}é%\:vﬁg\%‘\{ormggc&céju %E?fa?(};rg 29}%@& ggg@%ﬁ]@ﬂ%nd the

error signalgefrdich Heddie@ 6! 2AscoriHgile theastthnisl duasigfivadispaisiteblenfoughiving RO
memory 184, I50/atR e iRY eifhe a@@@l@ﬂgigp@efmmdhﬁa%@sdﬂ%ﬂ Hﬁﬁg WeBAHSIGR-k04. The

FIFO memory 18 acts as a buffer to align the'timing of the signal output from the 10 ADC 12 with that
of the cther\fREHERGAY, THe tifify ¥ the KignarvelpaefrsiaiaRiqnFoOedenoR L8 Rahywwaffg and

aligned with, the, pifxatdnoshilesdn e-5ional auerrnt sy YRBY oAk SigmPiidasieinngsspart of

the input signal r(t) is filtered out by thé envelope detection module 20 as noise. This makes error

signal estinfsRRATFHY . hetgBIEPICRISIANG) b BRRSAY il ihgdnEQiatemancd 848 Hpte delay
line 24 basp eriing IBPHSISRAIIEL S delryacsianaisREcasaerRiRR Y 1Bt efiries a fajage of

delay values into the input signal r(t), the range of dela){ values bein% '
FIFO memory 18 acts as a buffer fo align the timing of the signal output from the

10 ADC 12 with that of the other modules. The timing of the signal output from the
FIFO memory 18 is thus uniform and aligned with the other modules in the signal

averaging system 10.

At step 106, a fast change part of the input signal r(t) is filtered out by the

envelope detection module 20 as noise. This makes error signal estimation more
15 stable.

A piurality of delayed signals is generated at step 108 by the delay line 24

based on the input signal »(r). The delayed signals are generated by introducing
a range of delay values into the input signal r(¢), the range of delay values being

between about D —A and about D+ A, where D represents an optimal delay

20 estimate and A represents a margin of error. In the present embodiment, the

optimal delay estimate D is approximately equal to one (1) period of the input

signal r(t) and A represents a margin of period error.

At step 110, the error signal generation module 26 compares a segment of
the input signal () with a segment of each of the delayed signals and generates

25 an error signal 28 based on the comparison.

Referring now to FIG. 4, an approach 50 to determining the error signal 28

is shown. This approach 50 involves generating at step 52 a piurality of delayed

10



between about D - A and about 5+A, where D represents an optimal delay 20 estimate and A
represents a margin of error. In the present embodiment, the optimal delay estimate D is
approximately equal to one (1) period of the input signal r(t) and A represents a margin of period error.
At step 110, the error signal generation module 26 compares a segment of the input signal r(t) with a
segment of each of the delayed signals and generates 25 an error signal 28 based on the
comparison. Referring now to FIG. 4, an approach 50 to determining the error signal 28 is shown.

This approagirEsnyoss peneiating at steps2daf Qieta{rtwama{ymﬁd &Oﬁigmﬂlsirﬁé hrénirpdticing a
range of delay vaIu [D-A, D+A] into the input signal r(t). At step 56, a correlation calculation is
performed SRRk segment of the input signal r(t) and a segment of each of the delayed signals
54. As shown in 5 FIG. 4, the error signal generation module 26 in this approach 50 includes a

correlation mOdU'%@t@%ﬁ@U@Qéﬂ&ﬁfi&ﬁ”&éﬁkﬁj%Fﬁ%?b%‘%@é'%%\é’ﬁ%s 'BEH LT the

input signal r(t) and a corresponding segment of each of the delayed signals 54. The correlation

calculation I8 pérfoignal Wilkaieé fReamgntelarsh 00 tb@;iﬁt ad[:syeﬂe3§ 5. whérélovepiBsents a
calculaged cigiréequlo&ga ureolf (é rreg‘r ﬂs % -3 g\ﬁavne}focgn? segt%%nt of trhe |p‘pgb Q%FP étg f(t+D)
deTaved Signars 6:[

represents a waveform of & corra |n segmen each of'the y represents a
duration of thersdapinentraftble |B|5ut:enjrw n&t), @np@fmmdmntssereﬂamamiew{anmmmmto the

Input S'gnalth@ gg&rrr]]gr?tao ?h‘éeaRSh %?é‘nz ﬂt O?aggdatré%rrespondmg segment of each of the

delayed signals 54. The correlation calculation is performed with the following

equation:
10 C(Dy= | £(1)F ¢+ D @3),
e

where C represents a calculated correlation value, f(r) represents a waveform of
a segment of the input signal r(r), f(r+D) represents a waveform of a
corresponding segment of each of the delayed signals 54, O represenis a
duration of the segment of the input signal »(t), and D represents a delay value
15 introduced into the input signal r(f) and has a value between zero (0) and the
duration of the segment Q (i.e. 0<D < Q). The correlation value C provides a
measure of the similarity between the segment of the input signal r{t} and the

corresponding segment of each of the delayed signals 54.

An optimal delay value D_, corresponding to a maximum correlation value

apt
20 calculated is determined at step 58. In one embodiment, the optimal delay value

D_, is determined from a correlation curve generated based on the correlation

opt
calculation performed. This is exemplified in FIG. 5 which shows a plurality of
correlation curves generated in respect of successive segments i, i+1, i+2 and
i+3 of the input signal r{}. Each of the correlation curves is obtained from a plot

25 of the calculated correlation values C versus the respective delay values D. The

11



duration of the segment Q (i.e. 0 < D < Q). The correlation value C provides a measure of the
similarity between the segment of the input signal r(t) and the corresponding segment of each of the
delayed signals 54. An optimal delay value D01, corresponding to a maximum correlation value 20
calculated is determined at step 58. In one embodiment, the optimal delay value DO , is determined
from a correlation curve generated based on the correlation calculation performed. This is exemplified
in FIG. 5 which shows a plurality of correlation curves generated in respect of successive segments i,
i+1, i+2 andopRtgrs thielaip ivedign b (tfOF asicbf dictibersegtiventsirves s obitaiheshéram & pfott®5 of the
calculated correlation values C versus the respective delay values D. The 11 optimal delay value DP,
for each of tﬁ@‘é@@lﬁ%ﬁ‘t;@i s daterminge bysrepeiegipfiutagiientyflurBreasespgenging off the
delay value REBIARIING iR Fuuu T eatonyaly ofg&sa R %gm%sc,f’“ﬁ%%“%@t?(%f& The
optimal delay value Do., for each segment i of the input signal f(t) is stored in'a memory 5 (no
shown). In ateldtensdtioelembodineht stpromtiniab tislayivalies D) is(/détestnirediatssteprBBnyith the
following equation: DOP, = arg max {C(D)} (4), D-d<D<D+0 where [D -A,D+A] represents the range of
delay valuednaircdiRsEd)intd théimite sigiiver gmizpdieesiotRiympirvas getrirawsdust Jep 60 by
determining a difference between the opti eﬂ delay values D'P, for successive segments of the input
signal r(t). |Eef@m8§£1%ﬁ%§§ewgﬁo fh aﬂ’ﬁ’f%ﬁ%?@%&mt, -DOM ;_, (5), where e, represents

the error signal 28 for the ith segment of the input signal r(t),
D,, = argmax {C(D)} (4),

apt
D—~A<D<D+A

where {5-A,5+A} represents the range of delay values introduced into the input

signal r{r).

10 The error signal 28 is generated at step 60 by determining a difference

between the optimal delay values D_, for successive segments of the input signal

opt

r(t). This is modelled by the following equation:

e =D D (5),

i apt; - opt.g

where ¢, represents the error signal 28 for the ith segment of the input signal r{z),

15 D, represents the optimal delay value for the ith segment of the input signal

r{t), and D, . represents the optimal delay value for the i—1th segment of the

input signal r{t).

Referring again to FIGS. 1 and 2, signal period adjustment is performed by

the adjustment module 30 at step 112 based on the error signal 28 received from

20 the error signal generation module 26. More particularly, the adjustment module
30 increases or decreases the clock frequency 14 to the ADC 12 according to the
error signal 28 it receives. Adjustment of the clock frequency 14 by the adjustment

module 30 is described in greater detail below with reference o FIGS. 6A-6C.
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is DIP,, represents the optimal delay value for the ith segment of the input signal r(t), and DOP,,-,
represents the optimal delay value for the i -1 th segment of the input signal r(t). Referring again to
FIGS. 1 and 2, signal period adjustment is performed by the adjustment module 30 at step 112 based
on the error signal 28 received from 20 the error signal generation module 26. More patrticularly, the
adjustment module 30 increases or decreases the clock frequency 14 to the ADC 12 according to the
error signal 28 it receives. Adjustment of the clock frequency 14 by the adjustment module 30 is
described in greatdr! et isblowswithiesfe feegeaincy| G5 freomaet: thoBKGIBAIBNOWE BIGodkdriegquency

14 from the @%qggg%a@ggﬁégst;ngﬁgr to any frequency adjustment. When the error signal 28

indicates that a peri urrent segment i of the input signal r(t) is of a longer duration than a

period of a preceding segment 5i -1 of the input signal r(t) (i.e. e; > 0), the adjustment module 30

reduces the clock fEQeRARS BARS HignehE8L el tiespeatachrthe sHpdEsyRENTThRY is
exemplified il AEE ahin A Qu e Elagk agueiry tha o 3n0a site! dieausngyJeghelon t©

reduce the sampling rate when'the input signal period t, is greater than a set optimar sigfnial period t2.

As can be seen fobrthBl@ipbl Bitrelortipckdrequengy thetatheshhi risdeduced leyireso\ing
several sampling clock pulses from the clock frequency 14 shown in FIG. 6A. On the contrary, when

the error signaFBdTRIEAES thdoepbRéd 7 thaeslueerihsapmiiant phthasampalesigianat) Es a
shorter durgfongapihePficdQf dte Rrrsrdingweametibck (Fekien @) {le Aditisimgat ggule 30

increases the 1s clock frequency 14 to the ADC 12 to increase the period of the sampled signal. This

is exemplifidtERHERSY s8Nl SRotRs wee discrareglieacyirawhenahenasésignal period 1 is

greater than a set optimal signal period r,. As can be seen from FIG. 6B, the

10 clock frequency 14 to the ADC 12 is reduced by removing several sampling clock

pulses from the clock frequency 14 shown in FIG. 6A.

On the contrary, when the error signal 28 indicates that the period of the
current segment i of the input signal r(¢) is of a shorter duration than the period of
the preceding segment i ~1 (i.e. ¢, <0), the adjustment module 30 increases the

15 clock frequency 14 to the ADC 12 to increase the period of the sampled signal.
This is exemplified in FIG. 6C which shows the clock frequency 14 of FIG. 6A after

frequency increment to increase the sampling rate when the input signal period 1,
is less than the set optimal signal period 1,. As can be seen from FIG. 8C, the

clock frequency 14 to the ADC 12 is increased by adding several sampling clock
20 pulses 38 to the clock frequency 14 shown in FIG. 6A.

Referring again to FIGS. 1 and 2, the error signal detection method is
repeated and signal period adjustment is continually performed until the difference

between the optimal delay vaiues D,, for successive segments of the input signal

r(t) is eliminated (i.e. ¢, =0).
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frequency increment to increase the sampling rate when the input signal period t, is less than the set
optimal signal period t2. As can be seen from FIG. 6C, the clock frequency 14 to the ADC 12 is
increased by adding several sampling clock 20 pulses 38 to the clock frequency 14 shown in FIG. 6A.
Referring again to FIGS. 1 and 2, the error signal detection method is repeated and signal period
adjustment is continually performed until the difference between the optimal delay values DP, for
successive segments of the input signal r(t) is eliminated (i.e. ei =0). 13 The waveform accumulator 22
performs waveforn¥ hecuwavginion atcstopbidr 2gqyaitpiadpeded fadjo stocemuiooe @drsedarhyd the

waveform a 2 umul es e ﬁiﬁgﬂ S ignal period adjustment.
By performirgiIl g%ﬂ%@éq{ig)dgpegég a?n&%g&ﬁ;(?jﬁgtm@ﬁt%f @he cloc%lf1 %feﬁ%eﬁ%\%fﬁgﬁc% %;%é'}‘fﬂlgg%(a%e
period of thexsauipldatsiyize pastaliiiibeigpaioritstanvieféraftercignallpgond Bl stakdiides the shape
and enhances the SNR of the accumulated waveform. Referring now to FIG. 7, a signal averaging

system 150 in accqgg%wmgem*%emgmi@&%fmﬁﬁcj% ﬁl@%d{h%&)@ﬁ@ 320

includes an ADC io 1 iven by a clock frequency generated by a first clock circuit 154. The ADC
152 is configrEid'\SdmpRe dRarpriyRAIth® . e RiRsuBlnpein Statilised RbRpiYWRYaewch 156

controlled bygneter=aiemvisitipnisadulfilagd tan gRyplopadetesiiommaduigsl68rad gimgpory 162
for storing samples of the input signal r(t). The envelope detection module 160 is configured to filter

out a fast 1SCRHAYEFEA WEYRIGHDut signal r(t). A delay line 164, coupled to an output of the envelope
detection module 160, is configured to generate a plurality of delayed signals based on the input
signal r(t). An errorfsdealrgeneratiortGodyle Bignial averaging system 150 in accordance with

another embodiment of the invention is shown. The system 150 includes an ADC
10 152 driven by a clock frequency generated by a first clock circuit 154. The ADC
152 is configured to sample an input signal (). An output of the ADC 152 is
coupled via a swilch 156 controlled by a pulse acquisition module 158 to an
envelope detection module 160 and a memory 162 for storing samples of the input
signal #{t). The envelope detection module 160 is configured to filter out a fast
15 change part of the input signal r(¢). A delay line 164, coupled to an output of the
envelope detection module 160, is configured to generate a plurality of delayed
signals based on the input signal (). An error signal generation module 166 is
respectively coupled to the outputs of the envelope detection module 160 and the
delay line 164. The error signal generation module 166 is configured to generate
20  an error signal 168 based on a comparison of a segment of the input signal r{r)
with a segment of each of the delay signals. An adjustment module 170, coupled
to an input of the memory 162 and to outputs of the error signal generation module
166 and a second clock circuit 172, is configured to perform signal period
adjustment based on the error signal 168 it receives from the error signal

25 generation module 166. A waveform accumulator 174 coupled to the memory 162

is configured to perform waveform accumulation.

The input signal r(r) in this embodiment is a burst or packet-based signal

represented by the following equation:

14



respectively coupled to the outputs of the envelope detection module 160 and the delay line 164. The
error signal generation module 166 is configured to generate 20 an error signal 168 based on a
comparison of a segment of the input signal r(t) with a segment of each of the delay signals. An
adjustment module 170, coupled to an input of the memory 162 and to outputs of the error signal
generation module 166 and a second clock circuit 172, is configured to perform signal period
adjustment based on the error signal 168 it receives from the error signal 25 generation module 166. A

waveform accumulator 174 coupl (jntolﬁe memory 162 is,configured to perform waveform
accumulation. The input signal r(f‘;f' It %ﬁlﬁbggim@ﬁ‘wg)ourst or packet(-@ased signal represented
by the following equation: 14 N r(t) :I§10t+ i(T +A)]+ n(t), (6), i=0 where S(t) is modelled by equation

(2), s(t) represents a waveform of one (1) segment of the input signal r(t), T represents an ideal period
of the input WBRER 1)) Asreprsisdiad RnaryiatismpdAbdsér oerTepesire seme eswanimthenap(it)s signal

t),andi t mber of segments in the input sjgnal r(t) . Because the input signal r(t) is a
purst or packEN DAL LBl EbSIEHEbE Gy (RIS S ALRBIARERA (e i BRl P e
segments i i?(t}imitﬁdrgb%gémsk@mrgﬁsgﬁbﬁgrm_@ @’FW%&@W@BQ@&%@ RGHonAkAYelagiAg
system 150, the operation of these components will now be described in greater detail to below with

referenée tosiES. MandeBid-iGre® sremntsa signahbesragirgpgretmsd 200tHe drfingt stgm@02(:An input

signal r(t) is received by a receiver (not shown) and sampled by the ADC 152. _
Because the input signal r(ts) is a’burst or packet-based signal, it comprises only

(N+1) periods. Accordingly, the number of sighal segments i is limited to 0 to N .

Having described the various components of the signal averaging system
150, the operation of these components will now be described in greater detail

10 below with reference to FIGS. 7 and 8.

1G. 8 shows a signal averaging method 200. In a first step 202, an input

signal r(r) is received by a receiver (not shown) and sampled by the ADC 152.
The input signal r{t) is sampled at a sampling rate determined by the clock

frequency generated by the first clock circuit 154.

15 The burst or packet-based input signal r{t) is not continuous and is

received packet by packet. Each packet typically comprises a header and a data
load. The header typically includes a preamble and ID information. The data load
of each packet is typically only several signal periods long. When a packet is
received, the receiver synchronizes the packet using the preamble in the header of
20  the packet and verifies if the packet is at its destination at step 204 by checking
the ID information in the packet. If it is determined that the packet is at its
destination, the switch 156 is switched to an ON position by the pulse acquisition
module 158 to transmit the data load of the packet to the envelope detection

module 160. Otherwise, the packet is discarded.

15



The input signal r(t) is sampled at a sampling rate determined by the clock frequency generated by
the first clock circuit 154. 15 The burst or packet-based input signal r(t) is not continuous and is
received packet by packet. Each packet typically comprises a header and a data load. The header
typically includes a preamble and ID information. The data load of each packet is typically only several
signal periods long. When a packet is received, the receiver synchronizes the packet using the
preamble in the header of 20 the packet and verifies if the packet is at its destination at step 204 by

checking the ID infartatiopds, thetaackeiadis insletermined daalhihe paelesisnal its, destination. the
switch 156 is switched to an ON position by the pulse acquisition module 158 to transmit the data load
of the packed'd e B8y éldpelertctnipriinodmedide. theariswigee pdtietivaticsastesd. 3§l step
206, a fast chapgsiRA Qi e aepuired input signal r(t) is filtered out by the envelope detection
module 160 as noise. This makes error signal estimation more stable. A plurality of delayed signals is

generated at step 208 by the dela¥ line 164 5 based on the input signal r(g. The delayed signals are
generated by introQuRIHERE% 25 GE'5Y 861 8p04ISHS PRy arRiRpH &l SighERB tndhasisiastingalfdalues

being betwegradbout brd inpdiadighhb+A) Wirae & repsasanisan srligaidakay sptimataaad,

represents a margin of error. In the present embodiment, the optimal delay estimate D is
approximatedyraggal ab dsley Nadesnthbs the imput Bgighal(r|t) thed dnep Esdelsyavalargrbefraeriod
error. At stri% 210, the error signal generation module 166 corn&;ires a segment of the input signal r(t)

with a segmeRVERRAPEHINE deta @SRRI dhdr Henkhaess &h BRSPSRINAI aBaaRiisedl ofelRy

comparisoneMpreRalikdlarlyegresents a margin of error. In the present embodiment, the

optimal delay estimate D is approximately equal to one (1) period of the input

10 signal r(r) and A represents a margin of period error.

At step 210, the error signal generation module 166 compares a segment

of the input signal r(r) with a segment of each of the delayed signals and

generates an error signal 168 based on the comparison. More particularly, a

correlation calculation is performed between a segment of the input signal r(r) and

15 a corresponding segment of each of the delayed signals with the following

equation:

-1

C(8)= 2 fla)f (x+4) @),

x=0

where C represents a calculated correlation value, f(x) represents a waveform of

a segment of the input signal r(r), f(x+6) represents a waveform of a
20 corresponding segment of each of the delayed signals, values of x represent

respective samples in the segment of the input signal r{z), I is an integer

representing the number of samples in the segment of the input signal r(¢) and is

expressed by the following equation:

_e
I = y (8),
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correlation calculation is performed between a segment of the input signal r(t) and 15 a corresponding
segment of each of the delayed signals with the following equation: C(s)= Zf(x).f(x+s) (7), x=0 where
C represents a calculated correlation value, f (x) represents a waveform of a segment of the input
signal r(t) , f(x+8) represents a waveform of a 20 corresponding segment of each of the delayed
signals, values of x represent respective samples in the segment of the input signal r(t) , | is an integer
representing the number of samples in the segment of the input signal r(t) and is expressed by the

following equatien: & & (8heafs whelerQi6APLESENES Sedirtiendei e saamenyehthdnpugsignal r(t)
and d represents a period between the samples in the segment, and 8 in equation (7) represents a

delay value "PRIGS6EEY thivrthedmiprivagRaNeSaRPIRS i VAIe SIRREbnans () asttetiendiiber of
samples in {38 RUNRNG! (820 <VailloSi t?fd%gsl%%‘ WSO aieP AT eRRRG e siplarty

between the segment ofthel put signal r(t) and the corresp g’Segm tofeac elayed

signals. An bptimeaind ekay vEliiea8d Gbereﬁp‘obdmgﬂtsammm‘nmrm@rm@ﬂmtval(laacaﬂeulﬁteﬂ IS
determlnedﬁ_:[her from .a corr Iatlo curve, generated basegfgn the,corre até/}fn calculatlonrﬁerformed

or with the Svﬁ%g%‘abaﬂ Lopret Frial RIBN (S e SHUBIY RRWESD R $59

represents tfettangepof dﬂ@yavalgézsamr@ﬁ@ca@kmt&pmﬁﬂnutse@@ﬂaaitr(cb)‘- dherewprsirRIARsdSs then
generated by determining a difference
signals. An optimal delay value §,, corresponding to a maximum correlation

value calculated is determined either from a correlation curve generated based on

the correlation calculation performed or with the following equation:

10 5. = argmax {C(5)} (9),

opt
D—A<D<D +A

where [5—1&,5—%[\} represents the range of delay values introduced into the input
signal r(t). The error signal 168 is then generated by determining a difference

between the optimal delay values J,, for successive segments of the input signal

r(t). This is modelied by the following equation:

15 e,=0_ —0_ (10},

i apty opt iy

where ¢, represents the error signal 168 for the ith segment of the input signal

r(t), &, represents the optimal delay value for the ith segment of the input

signal r{r), and &,  represents the optimal delay value for the i-1th segment

of the input signal r(z).

20 Signal period adjustment is performed by the adjustment module 170 at
step 212 based on the error signal 168 received from the error signal generation
module 166. Because adjustment of the first clock circuit 154 driving the ADC 152
affects packet head acquisition, the second clock circuit 172 is adjusted by the

adjustment module 170 instead. The second clock circuit 172 functions as a

17



between the optimal delay values 8,,, for successive segments of the input signal r(t). This is modelled
by the following equation: 15 e = 80~,<< 8op (10), where e; represents the error signal 168 for the ith
segment of the input signal r(t), J,,, represents the optimal delay value for the i th segment of the input
signal r(t), and 80P i represents the optimal delay value for the i-Ith segment of the input signal r(t). 20
Signal period adjustment is performed by the adjustment module 170 at step 212 based on the error
signal 168 received from the error signal generation module 166. Because adjustment of the first
clock circuitri&mdrivingtthg ABk h58daiEabist prtietdiend atocksitandheystnomedelook wiiting.172 is
adjusted by p.e (g‘%j% 1ment module 170 m&t%a The s eco ond cl ck C|rCL,E|t1J7 fun tliﬂﬁs asa,l7

memory wrltlng mo&bﬁ%r}%tgé’é‘ﬁéﬁé?es dc oeksT‘r9 éan!OFor ﬁ%recrtﬁory wnt?na RUSERC
frequency geadoatedi bytthemecbndr@c&m%wuimﬂeﬁmm;wnierwldnw piecidit mmmsmm

embodiment he sepondalosk ciRULATR SIoNR lng P sislem dlarkThe aduspmeny odule

170 increases or décreases thec re quency géenerate esecon clock cireui accordlng
to the efror ﬁ@mnb@fagerrmeteelsbwthe sectcularlpciheictaik frégaeneydingnidhbssecomdsijoek circuit

172 s reducgd pegdbpvor GgRRlGRAAoIem b aperiar ol g Ut eorent ot heout

signal r(t) is of a longer duration th fa prece ng segme e |npu signal r )(|.e. e;
>0) and inci@eset Whds iedusedromsigibe Jeﬁsomaagaaési Binbiepteiothal thpasiodeot segiment i of the

input S|gnag %R a%}og erd ng(logl Ylj perlo of he ree u% se mentl leq'lode <0) When
the clock frequency genera jg cond CII’CUIt |s ereaae one orinRore samples in

the current W@@M@fébgdwtﬁlgn@f e input signal r() (i.e. e, >0) and increased when

10 the error signal 168 indicates that the period of the current segment i of the input

signal r(t) is of a shorter duration than the period of the preceding segment i -1
(i.e. e, <0). When the clock frequency generated by the second clock circuit 172

is increased, one or more samples in the current segment of the input signal r{¢)
are saved into the memory 162 more than once. Conversely, when the clock
15 frequency generated by the second clock circuit 172 is reduced, not all the
samples in the segment of the input signal r{t) are saved into the memory 162. In
this manner, a period-adjusted signal is stored in the memory 162; the signal
stored in the memory 162 has substantially the same number of samples in each

segment.

20 The waveform accumulator 174 performs waveform accumulation at step
214 after signal period adjustment. More particularly, all the segments in one (1)
packet of the input signal r(t) stored in the memoty 162 are summed at step 214
by the waveform accumulator 174 t{o obtain an accumulated result.
Advantageously, because waveform accumulation is performed after signal period

25 adjustment (and hence signal period stabilisation), the shape of the accumulated

waveform is stable and SNR of the accumulated waveform is enhanced.

As is apparent from the foregoing description, the period of the input signal

r(t) is instantly detected in the signal averaging system 150. Consequently, each
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are saved into the memory 162 more than once. Conversely, when the clock 15 frequency generated
by the second clock circuit 172 is reduced, not all the samples in the segment of the input signal r(t)
are saved into the memory 162. In this manner, a period-adjusted signal is stored in the memory 162;
the signal stored in the memory 162 has substantially the same number of samples in each segment.
20 The waveform accumulator 174 performs waveform accumulation at step 214 after signal period
adjustment. More particularly, all the segments in one (1) packet of the input signal r(t) stored in the
memory 162atcewnmedtial sfepraddt by tihe naveiignabecunmulatondst 4tenidaiosantacadardated
result. Advantag%eously_, because waveform accumulation is performed after signal period 25
adjustment {3HE'RERLR 5IR88SeRbRstabilisation), the shape of the accumulated waveform is stable
and SNR of the accumulated waveform is enhanced. As is apparent from the foregoing description,

the period of the inpubsigad rietipissnstardlycdethatestinshessignab aperagingsystem the0 signal
Consequently, each 18 and ever riod segment qof the input signal r(t).in a buyst duration.can be
added togeﬁ%’eerr?gﬁ?l%reaggqgnR&Igvgo éQpe im r'l%aNe%%%cﬁ u@?@r@?o t((,-*és?tﬁe éé%rm c the
signal averagipigrsgstatiob50 in a Field Programmable Gate Array (FPGA) 5 implementation.
Experiment 1 The set of conditions employed in Experiment 1 are as follows: 1. 10 millisecond (ms)

pulse sequence + ﬂé_@ﬁrﬁi&ﬁtperiod 2. 20 pulses in 10 ms duration to 3. 40 dB attenuation between
transmitter and receiver

The set of conditions employed in Experiment 1 are as follows:

1. 10 millisecond (ms) pulse sequence + 10 ms silent period
2. 20 pulses in 10 ms duration

10 3. 40 dB attenuation between transmitter and receiver
4, A continuous UWB transceiver

FIG. 9A shows a UWB puise waveform under the first set of conditions prior
to period adjustment and accumulation. FIG. 9B shows the UWB pulse waveform
of FIG. 9A after period adjustment and accumulation. The waveform of FIG. 9B is

15 accumulated 15 times. As can seen from FIGS. 9A and 9B, the accumulated
waveform of FIG. 9B has a higher SNR and therefore produces a clearer signal
compared to the waveform of FIG. 9A. The peak value of the accumulated
waveform shown in FIG. 9B is about ten (10) times that of the waveform shown in
FIG. @A, This result is relatively close to the ideal peak value of fifteen (15) times

20 the original waveform.

FIG. 10A shows 9 individual waveforms under the first set of conditions prior
to period adjustment and accumulation. FIG. 10B shows the 9 individual
waveforms of FIG. 10A after period adjustment and accumulation. As can be
seen, the waveforms of FIG. 10A exhibit poor repeatability: both the period and

25  shape of the waveforms shown in FIG. 10A are substantially dissimilar. In
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4. A continuous UWB transceiver FIG. 9A shows a UWB pulse waveform under the first set of
conditions prior to period adjustment and accumulation. FIG. 9B shows the UWB pulse waveform of
FIG. 9A after period adjustment and accumulation. The waveform of FIG. 9B is is accumulated 15
times. As can seen from FIGS. 9A and 913, the accumulated waveform of FIG. 9B has a higher SNR
and therefore produces a clearer signal compared to the waveform of FIG. 9A. The peak value of the
accumulated waveform shown in FIG. 9B is about ten (10) times that of the waveform shown in FIG.
9A. This restinisaelativelywelosiimthetdEak pedavalusist fiesn (dpptrmenit?Ote pegiglamaveform.
FIG. 10A shqws 9 indjvidual waveforms underr_tli]gafi gset of (f‘onditicg}iséﬁ)r'or to pe{'od adjustment and
scoumulaiof 296 LB FRAHBD SHAVAUAT (o AEh FIEGHARS 1SR LRI RS SCRIGHITS and
accumulaticsm Asizantite sehs, stabiligvefoimsaitdorb@ Aoe BB pooA repdatabiliy: kbidbvihdrperiod
and 25 sha%eﬁg[ thqvfygé)veforms shown in FIG. 10A are substantially dissimilar. In 19 contrast, the
waveforms 8. 1B nibit good repeatability: the period and shape of the waveforms shown in
FIG. 10B are stable. Statistical results providing an indication of the stability of the waveforms of
FIGS. 10A and 10B are shown in Table 1 below. balélé 1 SNR' Normalized | Normalized Mean (dB)
max point correlation waveform.STD2 STD3 similarity4 Waveform before period adjustment 30.9529

0.0438 0.0116 0.2765 SNR' | Normalized Normalized Mean
(dB) max point |correlation | waveform
STD? sTD? similarity’

Waveform before

period adjustment 30.9529 0.0438 0.0116 0.2765

and accumulation

Waveform after

period adjustment 37.6108 0.0170 0.0015 0.9845

and accumulation

Notes:

1: The SNR of the puise waveform is estimated on the assumption that
the signal and noise are independent of each other and the means of the signal
and noise are zero (0), with the following equation:

2 _ gz
10 SNR*:E%T‘?—@O— (11),

where S’ represents the power of the signal in the observed peak signal area

and is calculated with the following equation:

S2 =(s, +nf =sh +n’ +2s,n= P, + NO (12),
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and accumulation Waveform after period adjustment 37.6108 0.0170 0.0015 0.9845 and
accumulation Notes: 1: The SNR of the pulse waveform is estimated on the assumption that the
signal and noise are independent of each other and the means of the signal and noise are zero (0),
with the following equation: S2 -S2 10 SNR=" 00 (11) Soo where S2 represents the power of the
signal in the observed peak signal area and is calculated with the following equation: So
=(sM+n)"=sM+n2+2sMn=PM+NO (12), 20 SM represents the peak signal amplitude, n represents the

noise amplityderdpib e seatodar REFH3IARH RANE!, N FRRERFRE NG DRISCRMIRNRNPSa0
represents the power of the signal in the signal silent area (i.e. the noise contribution) and is
calculated witipthscioliowing pealatisignaiSPANASG); A stapaaenteVintonabtheppesic signdl ¥gjue is
calculated as follows: STD(max(waveform,1)/Globalmaximum, i=1 to n); 3: standard deviation of the

correlation JERVEEARVERRRYE clcdRfed'a53biB<h 20 BT BHENa AR -6 wHRR GRS
mean(max(wameienfbx avrvrfeamulitbd @ the following equation:

5 Sfom(so—{-n)z=S§+n2+2s{)n=N0 (13);
2: standard deviation of the peak signal value is calculated as foliows:

STD{max(waveform, )/ Globalmaximum, i =1 to n);

3: gstandard deviation of the correlation between waveforms is

calculated as follows:
10 STD(max(waveform, ® waveform, )/ mean(max(14/avefmfrfn1 ® waveform,));i=1to n),
where ® represents convolution;
4. average similarity of the waveforms is calculated as follows:
2

mean(mm(waveforml.* waveform, )’ /(sum(waveform}) -sum(wavqformi ¥ ), i=2 1o n),

where .* represents respective mutltiplication of each element in the first vector

15  with each element in the second vector.

Experiment 2

The set of conditions employed in Experiment 2 are as follows:

1. 10 ms pulse sequence + 11 ms silent period
2. 20 pulses in 10 ms duration
20 3. A packet-based UWB transceiver
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where 0 represents convolution; 4: average similarity of the waveforms is calculated as follows:
mean(sum(waveformt. * wavefonnl )2 /(sum(wavefonnt )' . sum(waveformi)2), i = 2 to n), where .*
represents respective multiplication of each element in the first vector 15 with each element in the
second vector. Experiment 2 The set of conditions employed in Experiment 2 are as follows: 1. 10 ms
pulse sequence + 11 ms silent period 2. 20 pulses in 10 ms duration 20 3. A packet-based UWB
transceiver 21 4. Distance from the transmitter to receiver: 3.2 metre (m). FIG. 11A shows 9 individual

waveforms under the secdnd setm§eoditiess POty peniest adjusigrest: and amu@mlgtion. FIG.11B
shows the 9 individual waveforms of FIG. 11 A after period adjustment and accumulation. The

waveforms 5 of FIG,; A1 e I A5 e th orms of FIG, 11 A
exhibit poor repeafgé)l |’t5: %tﬁﬁ&%%n%tgg{ég %Itzg%ﬁégﬁ {ﬁgg]w‘%\ge ?)(r?r%% %%%%ﬁn%el ne é_gﬂé%?gs
substantiallyodissitailgerind@tjesingrt aade emsuilEicn 11 BI@xHibB ghaivephatébiliyivitiegberiod

and shape qf e payelopRa s IREIG. 41,8 gie-siable -SUcAN RS Pidipg g fpdcation

of the stability of the 10 wavetorms o are shown In elow. Table 2 SNR
Normalized dformtaliZddBMearaq@Butategoint tmeslatidbh vavdioraediT the Wa2sfonitwitf F1G.

Waveform befor€ypinit poor repeatability: both the period and shape of the waveforms shown
in FIG. 11A are substantially dissimilar. in contrast, the waveforms of FIG. 11B
exhibit good repeatability: the period and shape of the waveforms shown in FIG.
11B are stable. Statistical results providing an indication of the stability of the

10  waveforms of FIGS. 11A and 11B are shown in Table 2 below.

Table 2
SNR® | Normalized Normalized Mean
{dB) max point |correlation | waveform
STD' sSTD? similarity *

Waveform before
period adjustment 25.8064 0.0381 0.0136 0.2616
and accumeulation

Waveform after

period adjustment 29.2880 0.0480 0.0062 0.8627
and accumulation

As is evident from the foregoing discussion, the present invention provides

a system and method that stabilises a signal received in a communication system.

The present invention also provides a signal averaging system and method that

15 vyields a higher SNR. Advantageously, the present invention facilitates accurate

parameter estimation and data detection at a lower bit error rate. Further

advantageously, the present invention is operable independent of muitipath
distortion.
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period adjustment 25.8064 0.0381 0.0136 0.2616 and accumulation Waveform after period
adjustment 29.2890 0.0460 0.0062 0.8627 and accumulation As is evident from the foregoing
discussion, the present invention provides a system and method that stabilises a signal received in a
communication system. The present invention also provides a signal averaging system and method
that 15 yields a higher SNR. Advantageously, the present invention facilitates accurate parameter
estimation and data detection at a lower bit error rate. Further advantageously, the present invention
is operable indepenigas oftrlipatbxdigietion:s2R. ke ssrbasontendrdagHy e qhl egihiammise,
throughout theﬂd cription and the claims,,the wards "comprise”, "comprising" and the like are to be
construed irf4 iﬁ%ﬁjs @'%bgbgs@’d)fégan EXEEERE or & %@ﬁ\?@seﬁgé; ﬁi’gt 4K gé?/, i th@ sense
of "including;dnitnaddinmited tatlitcRefacopenibd Rhasedecked oop pringideve sense; that is
http://www.yoguelph. E/-antoon/ adgets/pli/iDIl. t%r% 5‘—‘%% Yugang Ma, "Multi-Path Suppression
Technique %9%%%% %ﬁﬁgﬁ?naaf ﬁ@é%&‘ggﬁtp - %(-jl . 10 [3]. John L. Stdnsby, Phase-Locked
Loops: theory and applications, CRC Pree LLC, 1997. 23 MCSLLP

5 References

[1].  Phase locked loop principle:
hitp//www.uoguelph.ca/~antoon/gadaets/pll/pil. html.

{2,  Yugang Ma, “Multi-Path Suppression Technique for a UWB Positioning
System”. SAL-ER-FY05-16.

10 [3]. John L. Stdnsby, Phase-lLocked Loops: theory and applications, CRC Pree
LLC, 1997.

23



Claims 1. A signal stabilising method comprising: receiving an input signal; generating a plurality of
delayed signals based on the input signal; comparing a segment of the input signal with a segment of
each of the delayed signals; generating an error signal based on the comparison; andigégotming
signal period adjustment based on the error signal, thereby producing a stabilised version of the input
signal. 2. A signal averaging method, comprising: receiving an input signal; generating a plurality of
delayed signals based on the input signal; comparing a segment of the input signal with a segment of
each of the d&%&signals; generating an error signal based on the comparison; performing signal
period adjustment based on the error signal; and performing waveform accumulation after signal
period adjustment. 3, The method according to claim 1 or 2, further comprising performing a
correlation calculatioh betw@eHRd! SIS ROMAL D GOMPININGd a corresponding segment of each
of the delayed signalecéivifig Srethogt aggeading to claim 3, further comprising determining an optimal
delay value corresponding to a maximtilér;(.c?aréggtioa value calculated. 5. The method according to

[

claim 4, wherein the SptARal BRI3PUAR KAASORET BaRGTRte dORY 3@ ated based on
the correlation calcuatiptapegosnedment of the input signal with a segment of each of the

delayed signhals;
generating an error signal based on the comparison; and
performing signal period adjustment based on the error signal, thereby

producing a stabilised version of the input signal.

2. A signhal averaging method, comprising:

receiving an input signal;

generating a plurality of delayed signals based on the input signal;

comparing a segment of the input signal with a segment of each of the
delayed signals;

generating an error signal based on the comparison;

performing signal period adjustment based on the error signal; and

performing waveform accumuiation after signal period adjustment.

3. The method according to claim 1 or 2, further comprising
performing a correlation calculation between the segment of the input signal

and a corresponding segment of each of the delayed signals.

4. The method according to claim 3, further comprising determining
an optimal delay value corresponding to a maximum correlation value

caiculated.

5, The method according to claim 4, wherein the optimal delay value
is determined from a correlation curve generated based on the correlation

calculation performed.
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24 MCSLLP 6. The method according to claim 5, wherein the step of generating the error signal
comprises determining a difference between the optimal delay values for successive segments of the
input signal. 7. The method according to any one of the preceding claims, wherein the step of
generating the delayed signals comprises introducing a range of delay values into the: k) signal. 8.
The method according to claim 7, wherein the range of delay values is between about D - A and about
D + A, where D represents an optimal delay estimate and A represents a margin of error. 9. The
method according to claim 8, wherein the optimal delay estimate D is approximately equal to one (1)

period of the input signal anth& RARRIEAEESMAGNIB efherTied RHEFeHANENSIEeHIOgEARSaIRT to any
one of the preceding claims, wherein the step of performing signal period adjustment comprises

reducing a_clt FEULEIANRRM RIS EFrdrEImiNing datiliareice JeR@en £ne patimab gisia of the

input signal isaf geloRges ioadising vy meerast el ipprrasiiita segment of the input signal, and
increasing the clock frequency when the error signal indicates that the period of the current segment
is of a shorter duration than the period of the preceding segment. 11. The method according to any

one of the precedingrclaims;Herthestieonprisioeiiittering ewla fagl chiange padeddheyingairsignal. 12.

_ teosaoglitering ania 6 oG Ror ek
The method aggerding % e 2" LI PSR RS SRl st S R g Soplag g

range of delay values into the input signal.

8. The method according to claim 7, wherein the range of delay

values is between about D —A and about D +A, where D represents an

optimal delay estimate and A represents a margin of error.

9. The method according to claim 8, wherein the optimal delay

estimate D is approximately equal to one (1) period of the input signal and A

represents a margin of period error.

10. The method according to any one of the preceding claims,
wherein the step of performing signal period adjustment comprises reducing a
clock frequency when the error signal indicates that a period of a current
segment of the input signal is of a longer duration than a period of a preceding
segment of the input signal, and increasing the clock frequency when the error
signal indicates that the period of the current segment is of a shorter duration

than the period of the preceding segment.

11.  The method according to any one of the preceding claims, further

comprising filtering out a fast change part of the input signal.

12.  The method according to any one of the preceding claims, further

comprising sampling the input signal.
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MCSLLP 13. The method according to claim 12, further comprising isolating a timing of the sampled
signal. 14. The method according to any one of the preceding claims, wherein the input signal is one
of a continuous periodical signal and a packet- based signal. 15. A signal stabilisingygystarm
comprising: a delay line configured to generate a plurality of delayed signals based on an input signal;
an error signal generation module configured to generate an error signal based on a comparison of a
segment of the input signal_with a segment of each of the delayed signals; and an adjustment module

configured to perforrhsigndl P roetaafiarcer e Feinhd2rfurtbRap ey dretritiagea

stabilised vergigihgfdheRHmMplgaRdidealA signal averaging system, comprising: a delay line
configured to generate a plurality of delayed signals based on an input signal; an error signal
generation module configured to generate an error signal based on a comparison of a segment of the

input signal with a segmentToieanbtiaddhe:dedaypg Signalsyanagjustmpst meddgisgntigired to
perform signal eriodo?ﬁ:l%lljstmznt, baaged on the error si%nal; and an accumulator configured to perform

waveform aciiEHdRSA%R LG driG e il &fgRt R UpnRedindisd! sigBRIAGYARARYES or 16,
wherein the ebegegigrighal.

15. A signal stabilising system comprising:

a delay line configured to generate a plurality of delayed signals based
on an input signal,

an error signal generation module configured to generate an error signal
based on a comparison of a segment of the input signal with a segment of each
of the delayed signals; and

an adjustment module configured to perform signal period adjustment
based on the error signal, thereby producing a stabilised version of the input

signal.

16. A signal averaging system, comprising:

a delay line configured to generate a plurality of delayed signals based
on an input signal;

an error signal generation module configured to generate an error signal
based on a comparison of a segment of the input signal with a segment of each
of the delayed signals;

an adjustment module configured to perform signal period adjustment
based on the error signal; and

an accumulator configured to perform waveform accumulation after

signal period adjustment.

17.  The system according to claim 15 or 16, wherein the error signal
generation module includes a correlation module configured to perform a
correlation calculation between the segment of the input signal and a

corresponding segment of each of the delayed signals.
26



generation module includes a correlation module configured to perform a correlation calculation
between the segment of the input signal and a corresponding segment of each of the delayed signals.
26 MCSLL9 18. The system according to claim 17, wherein the correlation module is g@fiqused to
determine an optimal delay value corresponding to a maximum correlation value calculated. 19. The
system according to claim 18, wherein the correlation module is configured to determine the optimal
delay value from a correlation curve generated based on the correlation calculation performed. 20.
The system according to claim 19, wherein the error signal generation module is configured to

determine a differengg betwegndhgaptinabAtryaligmiar sutcassieseoneizion the dupst signal.

21. The system according to any one of claims 15 to 20, wherein the delay line is configured to
introduce a rafigbfigeigy JaIdetemindehpatingr) it 2y vee SRITasPRcinging BoBRNNEM wherein
the delay line dgcagfigures ta tiregugedhe range of delay values between about D-A and about D+4,
where D represents an optimal delay estimate and A represents a margin of error, into the input
signal. 23. The system according to claim 21 or 22, wherein the delay line is configured to introduce

the range of delay valges bghuegs el drofdandtabrI DI Wikg s e RRRreMiaiehsadral to one
(1) period of the input signal and A represents a margin of period error, into the input signal. 24. The
system accor&ﬁnfj%?'gh'{/ SO FEIGHANG %‘%QWH@%H‘?‘?& value from a correlation “curve

generated based on the correlation calculation performed.

20. The system according to claim 19, wherein the error signal
generation module is configured to determine a difference between the optimal

delay values for successive segments of the input signal.

21. The system according to any one of claims 15 to 20, wherein the

delay line is configured to introduce a range of delay values into the input

signal.

22.  The system according to claim 21, wherein the delay line is
configured to introduce the range of delay values between about D —A and

about D+ A, where D represents an optimal delay estimate and A represents

a margin of error, into the input signal.

23.  The system according to claim 21 or 22, wherein the delay line is
configured to introduce the range of delay values between about D —A and

about D+ A, where D is approximately equal to one (1) period of the input

signal and A represents a margin of period error, into the input signal.

24.  The system according to any one of claims 15 to 23, wherein the
adjustment module is configured to reduce a clock frequency when the error
signal indicates that a period of a current segment of the input signal is of a

longer duration than a period of a preceding segment of the input signal, and to
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adjustment module is configured to reduce a clock frequency when the error signal indicates that a
period of a current segment of the input signal is of a longer duration than a period of a preceding
segment of the input signal, and to 27 MCSLLP increase the clock frequency whedith&lértor signal
indicates that the period of the current segment is of a shorter duration than the period of the
preceding segment. 25. The system according to any one of claims 15 to 24, further comprising a

filter configured to filter out a fast change part of the input signal. 26. The system according to claim
25, wherein thaofifgpe dhip ek dre dnearypw iRt iR S HIRIEN I Antita g tbigt dbeoreriedtefany one

of claims 15 ten26¢fidrthrsEQMBHBIRI & SRR UfiguKsS iﬁa'i@%gg%}@o@wt legndle8qihge system
according to claim 27, wherein the sampler comprises an Analog to Digital Converter (ADC). 29. The
system accor8ff6™aim 27 or 28, further comprising a buffer configured to isolate a timing of the
sampled signal. 30. The system according to claim 29, wherein the buffer comprises a First In First

Out (FIFO) memory. 28
( ) y225. The system according to any one of claims 15 to 24, further

comprising a filter configured to filter out a fast change part of the input signal.

26.  The system according to claim 25, wherein the filter comprises an
envelope detection module.

27. The system according to any one of claims 15 to 26, further
comprising a sampler configured to sample the input signal.

28.  The system according to claim 27, wherein the sampler comprises
an Analog to Digital Converter (ADC).

29. The system according to claim 27 or 28, further comprising a

buffer configured to isolate a timing of the sampled signal.

30.  The system according to claim 29, wherein the buffer comprises a
First In First Out (FIFO) memory.
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