*159159* *300002* APPARATUS AND METHOD FOR

LATED SIGNAL Field of the
|n5£ﬁmmeHWﬂmmw sent invention relates to an
appar at us,;gnd nethod for denodul ating a nodul ated
si gnal . Background of the invention Bandpass sanpling
techni ques are popular in the field of digital
|ntermmmummﬁmmNMunency (D-1 F)1 receivers. In such
techn n consideration is to reduce the
power congtbgti on by using a |low sanpling rate. Wth
bandpass sanpling, the sanpling rate can be | ower
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two TTmes the bandw € Sl gna

Conventi onal bandpass san‘pli@.ﬁbchm ques typ| cally
oversanpl e the signal being processed whil st

up%&qﬁr{nbllngﬁpgnl F signal. The sanpling rate of
houl d neet the foll ow ng

requirenent: 2fu <fs<2fL 1> n5 " (1) nn-1 B If |
whbe @resént inention rnelajee to ahrappacatos and methdd~osidgmaddulating a
fhplds the |owest frequency of the IF signal, fs is
t d S ‘ate, andB is the occupied bandw dth of
the IF signal. The equivalent digital IF after
sBagkgreund of the invnitiesl by: .fo"(f!F-n*fs) (2)

ere f,F1s the analog IF of the received signal and

Bla?ldggssl Qam%an techniques are popular in the field of digital intermediate

frequency (D-IF) receivers. In such techniques, a main consideration is to
reduce the power consumption by using a low sampling rate. With bandpass
sampling, the sampling rate can be lower than the IF frequency as long as it is
higher than two times the bandwidth of the signal being processed.
Conventional bandpass sampling techniques typically oversample the signal
being processed whilst undersampling the IF signal. The sampling rate of
bandpass sampling should meet the following requirement:

2f“<fs._2fL 12ns[f—UJ (1

n—1 B

where , f

u

is the highest frequency of the IF signal, f, is the lowest
frequency of the IF signal, f; is the sampling rate, and B is the occupied

bandwidth of the IF signal.

The equivalent digital IF after sampling will be denoted by:

fDlF(le—n*fx) (2)

where f,. is the analog IF of the received signal and » is an integer.



2 Normally, the sanpling rate will be set as an
integer nmultiple of the synbol rate. Also, there are
some practical considerations in the selection of
analog |IF signals. For exanple, if a conventional
D-IF receiver has the follow ng paraneters f!F =40
WMHz, B=5MHz, fsy,"=2.048M the |owest sanpling rate
equal to the integer nultiple2f the synbol rate wll
be 12.288 MHz (n=6) according to equation (1). The
equi valent IF signal after sanpling is denoted by
equation (2) as follows: .f DD (fIF - n * fs) = (40 -
3NbIMaBR)the shrplidraterwillrislskt 88an ﬁﬂ@@@l’%ﬂtwé dfFhe symbol

I\/{I;?K r]d SK signals, an analogue to "digital

c %?’t%?vD‘gg&?r? gom@éarapﬁcajmémr@tmsrna ewagection of analog
a Si hith dnSEGRAL.: ,

T S ST el o GEREARI DI RREME 1B g, folowing
f paramatetser f,pr4Q ddbizn B=5RtHz,dfgi<20048Mo tles Jowest sBmpling rate
signal is passed through a digital down converter

(emgl tentheaintegemn mudtinle | afethe( sypRbolbesterwillbied rM@.288 MHz (n=6)
d

t p e i . dwar.e pically .
SEALkaauBhA) Tl A B UL LS o ronotc
t bpequatord(2)idsafollwen converter (DDC) and fol |l owing
LPF (Il ow pass filter) structure cannot generally be
sinmplified. Thus there is a need for a |l ess conpl ex

and nore econoni cal system and nmethod for bandpass
sanpling which aneliorates or substantially overcones

the = éﬁ?l@ﬂeﬂgi angg 9oy agqsevpy eIy of the

i hventi'on I n'general terns, ‘the 1 nvention provides a
nmet hod and apparatus for denodul ating a signal using
a digital down converter to reduce the frequency of
the digital signal being denodul ated to one quarter of

th i te thereof 3 This i ticularl
A urdigeal dermadhiatarsstos MPSK anePMRBKgiands, an analogue to

cdigRall donveRbr LABC) is used to convert the received analogue signal (either

a baseband signal or an intermediate frequency (IF) signal) into digital form
for further processing. For digital processing, the signal is passed through a
digital down converter (DDC) and a low pass filter (LPF) before being
demodulated. A problem with the hardware typically used in conventional
bandpass sampling techniques is that the digital down converter (DDC) and
following LPF (low pass filter) structure cannot generally be simplified. Thus
there is a need for a less complex and more economical system and method
for bandpass sampling which ameliorates or substantially overcomes the
abovementioned disadvantages.

Summary of the invention

In general terms, the invention provides a method and apparatus for
demodulating a signal using a digital down converter to reduce the frequency
of the digital signal being demodulated to one quarter of the sampling rate
thereof.




digital down converter and |ow pass filter used in the
apparatus. In particular, according to a first aspect
of the present invention there is provided an
apparatus for denodul ati ng a nodul ated si gna
conprising: an analog to digital converter for
converting an anal og nodul ated input signal to a
digital signal having an assod ated frequency, the
analog to digital converter being arranged to sanple
the input signal at a predetermned sanpling rate; a
digital down converter for receiving the digital

STeRAL Parienl a@Vérﬁ’téPe@us b4t A6 Eﬁnﬂifﬁh?%e c O[cmtry of the
converter at e sa rate and bei ng ange

r digifabdewa cpnéqﬁern@r\}d tew paa;s filteyiused inita@ apparatus.t he

predeterm ned sanpling rate to one quarter of the

ﬁ{"gia'rﬂ‘&lélatfocfo?%hg"‘ﬁje Sﬁrsﬁ é gt o?rthéeﬁreés)ébf‘%vaéhélop there is

ut si dl down converter an

f pravidechgn appatatasl fdrrdamedujam ameodiflatedh agnialmomtnrmngi
filtered output signal; a frequency offset stage for

receiving t filtered si.gn and f.or plying a
ot i o el | e’q‘hgﬁ@y QPVEHE' ¢ o't GeBYeding,an analog
t tnddedhited imputfdigerlas @y digithsignalndviveg ahdxbciated fr@quency, the
di fferential denodul ator for denbdulating the sign

afnaleg teogigitahcopwerser PRingneuaARgedtp ampler theuinput rmnal at a
dpﬁégwngafsgm "hgtrgge signal. Preferably, the

OWNn Co is arranged to separate the
digital signal into inphase and quadrature
corrponent s, atdigitalavovmszsnf/daﬂtereforbebaigingrthen@igﬂat signal from an

fil h dratu
seytotl.di e FRaRR° 15 Saflr Soriietes o i cammlncarateogug being
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predeferm ned sanpling rafe being an |nteger I ple
osampling s3taiielonequartepoéthe sampling ratef r equency of fset
stage conprises a fixed frequency offset

a low pass filter for receiving an output signal from the digital
down converter and for filtering selected frequencies therefrom and produce a
filtered output signal;

a frequency offset stage for receiving the filtered signal and for
applying a modification to the frequency of the filtered signal to reduce a
frequency offset in the signal, and

a differential demodulator for demodulating the signal after
application of the modification to reduce the frequency offset in the signal.

Preferably, the digital down converter is arranged to separate the digital signal
into inphase and quadrature components, the low pass filter being arranged to
filter the inphase and quadrature components separately.



stage for applying a fixed frequency conpensation

nodi fication to the frequency of the filtered signa
to reduce the frequency offset in the signal due to
the frequency of the signal being reduced by the
digital down converter to one quarter of the sanpling
rate. In an alternative preferred enbodi nent, the
frequency offset stage is arrabhged to estimate a
frequency offset value indicative of drift in the
apparatus and to apply a frequency correction to the
frequency of the filtered signal to reduce the

frhecwemeﬁerm‘d eaibddimehe HledBAblogliB SinbUE it Yhas an associated
ing based on the eéstinate requenc

corr |on

&%ﬁ@dﬁ@mm% sampling frateebeidg an intedger multlple of the
f%?ﬁ%FFétePf the signal being reduced by the digital
down converter to one quarter of the sanpling rate.
According to a second aspect of the present invention
t Irseterakly pthw ifrrauency neffset dstage chmpusesata figed frequency offset
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frequency of the signal being reduced by the digital down converter to one

quarter of the sampling rate.

According to a second aspect of the present invention there is provided a
method for demodulating a modulated signal comprising:

converting an analog modulated input signal to a digital signal
having an associated frequency using an analog to digital converter, the
analog to digital converter being arranged to sample the input signal at a
predetermined sampling rate;

applying at the sampling rate the digital signal from an output of
the analog to digital converter to a digital down converter,

reducing in the digital down converter the frequency of the digital
signal from the predetermined sampling rate to one quarter of the sampling
rate,



applying a nodification to the frequency of the

filtered signal wusing the frequency offset stage to

reduce a frequency offset in the signal, and

denodul ating the signal using a differentia

denodul ator after application of the nodification to
reduce the frequency offset in the signal.

Preferably, the nmethod furthes conprises separating

the digital signal into inphase and quadrature

conmponents using the digital down converter, and

wherein the step of filtering the signal conprises
filtering tfigerimyPRareted dreqliefdicd! #om %mgf&ﬁtﬁgnal from the
separately. In a preferred enbodi nent, the step of

agigitel dgwa eeavegrierau$iog a dowheass fikefuéa gyroduce e filtered output
f%@ Hpncy of fset stage conprises applying a fixed

f ﬂ éncy conpensation nodification to the frequency

of the filtered signal to reduce the frequency offset

I n the signapplging the filtered signalcocyfrefudrey sifspiatadesi ng
reduced by the digital down converter to one quarter

of the sanpling rate. In a.further preferred , .
crbod ment PR, 8omaricdieditndRe FRMETIGSE! she ferer signal
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estimating a fréquency offset value indicative of

dandt in the apparatus and applying a frequency

correction to the frequency of the filtered signal to
reduce the ; S | NeitRe, Sk: :

frequency cé%’?'gg? {églﬁggt];\{englbggfsgaﬁ'@natcﬁg@?&tllamgi? & dulator after
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In a preferred embodiment, the step of applying a modification to the
frequency in the frequency offset stage comprises applying a fixed frequency
compensation modification to the frequency of the filtered signal to reduce the
frequency offset in the signal due to the frequency of the signal being reduced
by the digital down converter to one quarter of the sampling rate.

In a further preferred embodiment, the step of applying a modification to the
frequency in the frequency offset stage comprises estimating a frequency
offset value indicative of drift in the apparatus and applying a frequency
correction to the frequency of the filtered signal to reduce the frequency offset
in the signal, the frequency correction being based on the estimated
frequency offset value and the frequency offset due to the frequency of the
signal being reduced by the digital down converter to one quarter of the

sampling rate.



reference to the drawngs in which: Figure 1 is a

graph show ng the variation of anplitude with

frequency for a conventional bandpass sanpling system
showi ng the frequency conponents present in the

system Figure 2 is a block schematic of a digital IF

recei ver systemaccording to a first preferred

enbodi nent of the present invéntion; and Figure 3 is a

bl ock schematic of a digital IF receiver system

according to a second preferred enbodi nent of the

present invention with frequency offset estination.
Databidity 468 thipdli spet doFf &fee[rfv%ﬂtiSHtlﬁéféfﬁé‘tJﬁ'oﬁd@HrS receiver
Is a graph showing the variation of anplitude wth

f ceRERIRg the @apparatys definedabpPveandpass sanpl i ng

system The spectrum after anal ogue-to- digital (ADC)

| By cliptioh 4PRvingke of 12.288MHz. The

a ' conmponent 1 is shown at

3.136 MHz, 15.424MHz, 27.712 MHz and 40 MHz. The
afpeipredentoinventionawilt haw ko desadied dyi wayhefvexample and with
9. 152 WMz, 21. 0440MHAz and 33. 728MHz. Figure 2 shows a
b[%%{?“&?;}aFQ%%@W'QQﬁMEI}C%f stages in D-1F receiver
enbodying a first preferred enbodi nent of the

| Aigeing i1018. a graphtskpmdng ievwvariaiom 'of Snmlitude with frequency for a
anal og-to-digital converter 2, a digital down

ceprvandiopal Bangrass samplking svstpasshewingdhediegitancy, camponents
f f conpensation stage 8 and a
dP%&gﬁgﬁlﬁhglgyggéanUul ator stage 10. The anal og

nodul ated i nput signal is 7 applied to the analog to
dFigiure2 isoavieck scilemptic of iat digiak Hipecsivert systemnaddanding to a

<fisFertpuSF e edietartns wradh Akditsy afle oi gi ¢ a
down conversi on stage 4 which reduces the frequency of

t Aiguee @ isad og8thématie ha digital IMegededier $ytéMcaccording to a
quarter of the sanpling rate and provides I nﬁhase I

apRCchBrefetied embenipent of the present invenfion wih frequency offset

estimation.

Detailed description of preferred embodiments

Figure 1 is a graph showing the variation of amplitude with frequency for a
conventional bandpass sampling system. The spectrum after analogue-to-
digital (ADC) is shown for a sampling rate of 12.288MHz. The amplitude of
the positive component 1 is shown at 3.136 MHz, 15.424MHz, 27.712 MHz
and 40 MHz. The amplitude of the negative component 2 is shown at 9.152
MHz, 21.0440MHz and 33.728MHz.

Figure 2 shows a block diagram of a number of stages in D-IF receiver
embodying a first preferred embodiment of the invention. The stages shown
comprise an analog-to-digital converter 2, a digital down conversion stage 4,
two low pass filter stages 6, a frequency offset compensation stage 8 and a
differential demodulator stage 10. The analog modulated input signal is



conponents are passed to two | ow pass filter stages 6,
one for each conponent and the filtered outputs are
applied to the fixed frequency of fset conpensation
stage 8. The conpensated outputs are applied to the

di fferential denodul ati on stage 10 to produce final
and Q conponents which may then be further processed
in other stages (not shown) td obtain a fully

denodul ated signal. Figure 3 shows a bl ock di agram of
a nunber of stages in a D-1F receiver enbodying a
second preferred enbodi nent of the invention. The

stapgl@j testhenanglogns idigital topleteg2 tvﬂwesiegt IsaéarﬁFI@u&éttéffsampllng
a digital down conversion _stage oW pass
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reduces the frequency of the digital ?'tw fromthe
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filtered outputs are lie tothefrequencyo

eBW@YniRENDE MQ!OP"P&GW ins pHpE stages (Nofeshowi lpiat gb@m a fully
QSmBHG%‘t‘&F‘E@nQ]‘fSGt estimati on and correction stage
1 a

are to the differential denodul ati on stage
20 to produce the final I and Q conponents which may
tﬁ@mr@éi showhea qu:dageam of stmanber ahetagesotn ahdwh) receiver
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S|gnals ignal digitization is performed by the
abt@g8g14.0tWa oW Hassofillerr stagest Hyea frequency offsahestimation and

dt&ré&lon &ta8t 18 and a differential demodulator stage 20.

The analog modulated input signal is applied to the analog to digital converter
12 where it is sampled at a sampling rate and converted to a digital signal.
The digital signal is then applied to the input of the digital down conversion
stage 14 which reduces the frequency of the digital signal from the sampling
rate to one quarter of the sampling rate and provides inphase | and
quadrature Q component signals. These two components are passed to two
low pass filter stages 16, one for each component and the filtered outputs are
applied to the frequency offset estimation and correction stage 18. . The
outputs of the frequency offset estimation and correction stage 18 are applied
to the differential demodulation stage 20 to produce the final | and Q
components which may then be further processed in other stages (not shown)
to obtain a fully demodulated signal.



the digital down conversion stage 4 and 14 is set to
be one quarter of the sanpling rate. By setting the
digital IF of the digital down conversion stage 4 and
14 to be one quarter of the sanpling rate, according
to one or nore preferred enbodi ments of the present
invention, a sinplified digital down conversion stage
desi gn may be achieved. This i& in contrast to
conventional systens which generally require the
sanpling rate to be at |east greater than two tines
the bandw dth of the signal being processed and an

| vt eperation, il DHE recbivee daseddnhbamdp sl rhplidtindyBe used, for
equi valent digital IF of the digital down canversion

sEXERPIS pste aterRj/ADQRIH srodsiated signaip Signal sligitization is
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s Hewdiditab downe cemerpioa sfagert iandF14yis sefl to Ide bhe quarter of the

dijgital |F of the digital | ver §j stage is set
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the digital down conversion stage degenerate to two
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(not yet published) herein incorporated by reference
inits entiret There is little or no performance

:olefrtae djgitah Ikt ﬁé¥lég/§igé§ﬁi dewricgoversion stagetie set saeble one quarter of
igﬁg?@%rﬂﬁ‘;’r{agﬁghﬁ; 5%%2&1@% ?n%gﬁiéa%igg_agi et Hepfht the complex
phasor of the digital down conversion stage degenerate to two simple
sequences of {1 0 -1 0...]Jand [0 -1 O 1..]. The frequency offset
introduced into the digital down conversion stage may be compensated in the
fixed frequency offset compensation stage, as shown in Figure 2, as it is a

fixed frequency offset.



Usual Iy, frequency offset estimation and correction is
necessary in wireless conmmunication systens as there
are frequency offsets caused by clock drift and
Doppl er shift. Therefore, as shown in Figure 3, the
pre-conpensation for the fixed frequency offset

i nherent in the digital down conversion stage 14 may
be renoved provided that the t®tal frequency offset is
still within the working range of frequency offset
estimati on and correction schene. This results in a
further reduction in conplexity of the hardware of

s Tkls ahé Lo inpiexity dfuRe didial Qﬁﬁn%nVEfs%r%l%b@rrhS? be, reduced with
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within the scope of the clains, as will be clear to
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of the |nvent|on 10 Clains 1. An apparatus for
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the analog to digital "converter at the sanpling rate,
t FRSUIS din a%urthgweductlon in complexity of the hardware of such a system

Thus, the one or more preferred embodiments of the present invention
provide a simple and efficient apparatus and method for simplifying the
hardware of down conversion and filtering for D-IF receivers with bandpass
sampling. Such a digital IF receiver based on bandpass sampling is

particularly suitable for use in wireless communication systems.

Various modifications to the embodiments of the present invention described
above may be made. For example, other components and method steps can
be added or substituted for those above. Thus, although the invention has
been described above using particular embodiments, many variations are
possible within the scope of the claims, as will be clear to the skilled reader,

without departing from the scope of the invention.



converter being arranged to reduce the frequency of

the digital signal fromthe predeterm ned sanpling

rate to one quarter of the sanpling rate; a | ow pass

filter for receiving an output signal fromthe digital

down converter and for filtering sel ected frequencies
therefrom and produce a filtered output signal; a
frequency of fset stage for red@iving the filtered

signal and for applying a nodification to the

frequency of the filtered signal to reduce a

frequency offset in the signal, and a differentia
dOrais at or for denodul ati ng the signal after

application of the nodification to reduce the

frequency offset |n the signal. 2. An apparatus

adeor dAREARRATETUS fRT demadileding & Medulaged signabepmprising:
converter s arranged to separate the digital signa

into i nphasgpna t t t

filter bei ngna%%dfd?o&@ﬁ?t er t Q@Pnp raséé‘ﬁglﬁsg}’r‘{goaﬁﬁ analog
queatidateddnpuingignalriosa digital sigablyhaving An agsooiated srequency, the

SRARE D sldial Bolbter B MahaSa FpCoATHE e iput signa at o
phestistermingd Gapdsliplgirate;r at e being an integer nultiple

of the synbol rate. 11 4. An apparatus according to
claim1, V\/ne[@ln the fre uenc of fset . stage _conprises
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claim1l, wherein the frequency offset stage is

arranged toageipl pBS fitef FOOrRBANNP BhSEUtpYlisidhal from the digital
indicative of drift in the apparatus and to apply
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shgg%ld Jtﬁ%rteéwﬁz?l the frequency offset in the signal,
requ
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a frequency offset stage for receiving the filtered signal and for
applying a modification to the frequency of the filtered signal to reduce a
frequency offset in the signal, and

a differential demodulator for demodulating the signal after
application of the modification to reduce the frequency offset in the signal.

2. An apparatus according to claim 1, wherein the digital down converter
is arranged to separate the digital signal into inphase and quadrature
components, the low pass filter being arranged to filter the inphase and

quadrature components separately.

3. An apparatus according to claim 1, wherein the analogue input signal
has an associated symbol rate, the predetermined sampling rate being an
integer multiple of the symbol rate.



bei ng based on the estimted frequency offset val ue
and the frequency offset due to the frequency of the
signal being reduced by the digital down converter to
one quarter of the sanpling rate. 6. A nmethod for
denodul ati ng a nodul ated signal conprising: converting
an anal og nodul ated input signal to a digital signa
havi ng an associ ated frequencyllusi ng an anal og to
digital converter, the analog to digital converter
bei ng arranged to sanple the input signal at a
predeterm ned sanpling rate; applying at the sanpling
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to di gjtal converter to a digital down converter;
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filtered signal to a frequency offset stage, 12
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filtered signal usin e freq uenc¥ of fset stage
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6. A method for demodulating a modulated signal comprising:

converting an analog modulated input signal to a digital signal
having an associated frequency using an analog to digital converter, the
analog to digital converter being arranged to sample the input signal at a
predetermined sampling rate;

applying at the sampling rate the digital signal from an output of
the analog to digital converter to a digital down converter;

reducing in the digital down converter the frequency of the digital
signal from the predetermined sampling rate to one quarter of the sampling
rate;

filtering selected frequencies from an output signal from the
digital down converter using a low pass filter to produce a filtered output
signal;

applying the filtered signal to a frequency offset stage,



8. A nethod according to claim®6, wherein the anal ogue
i nput signal has an associated synbol rate, the
predeterm ned sanpling rate being an integer nultiple
of the synbol rate. 9. A nethod according to claim 6,
wherein the step of applying a nodification to the
frequency in the frequency offset stage conprises
applying a fixed frequency cdRpensati on nodification
to the frequency of the filtered signal to reduce the
frequency offset in the signal due to the frequency of
the signal being reduced by the digital down

converter t@pplyingleamaificatiohN® tHeamequBacy dfahelfiterdd signal
nmet hod according tg claim®6, wherein the step of

apsing e SRR PiHaes gage Jot fesupe & freAugney offset in the signal,
faguency of fset stage conprises estimting a

f requency offset val ue indicative of drift in the

apparatus and applying a frequency correction to the
frequency ofdemasiufatinge thed Slgr@halsmgaa dlﬁecmmal rdemodulator after
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offset val ue and the frequency offset due to the
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aonverter to one uarter of the sanplin
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Ckghvrier, and wherein the step of filtering the signal comprises filtering the
inphase and quadrature components separately.

8. A method according to claim 6, wherein the analogue input signal has
an associated symbol rate, the predetermined sampling rate being an integer
multiple of the symbol rate.

9. A method according to claim 6, wherein the step of applying a
modification to the frequency in the frequency offset stage comprises applying
a fixed frequency compensation modification to the frequency of the filtered
signal to reduce the frequency offset in the signal due to the frequency of the
signal being reduced by the digital down converter to one quarter of the

sampling rate.

10. A method according to claim 6, wherein the step of applying a
modification to the frequency in the frequency offset stage comprises
estimating a frequency offset value indicative of drift in the apparatus and
applying a frequency correction to the frequency of the filtered signal to
reduce the frequency offset in the signal, the frequency correction being
based on the estimated frequency offset value and the frequency offset due to
the frequency of the signal being reduced by the digital down converter to one
quarter of the sampling rate.

11. A receiver comprising the apparatus according to claim 1.



