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where k is the sanple nunber (also known as the

order), Ak is anplitude of the sanpled IF signal at
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mul t1 plying Sk by cos{27f, FkTs } at, bl ock 101 and 1]'he

req@vehtheriatphase i enduwagiatuie @icempongntgiof i received signal.
-sin{27cfJFkTs } at block 103. The resulting | and Q
conponents therefore have the form _

As shown in Figure 1, the | component is formed by multiplying the received

signal by a cosine function and the Q component is formed by multiplying the
received signal by a sine function. The received signal may be an IF signal and

may be expressed as:

Se = 4y COS{Z’?lekTs + ¢k}

where k is the sample number (also known as the order), A, is amplitude of the
sampled IF signal at sample Kk, firis the intermediate frequency, T.is the time

between one sample and the next i.e. the sampling interval and @, is the phase

of the sampled IF signal at sample k.

The | channel is formed by multiplying S, by COS{27§f,FkTS} at block 101 and the

Q channel is formed by multiplying S, by —Sin{2ﬂf,FkTs} at block 103. The

resulting | and Q components therefore have the form:
I, =4, COS{?-@(IFkTs + ¢, }COS{anIFkTs }

and
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I k :_Ak cos{27f, kT, + /k }cos{27f,FkT, } and

UYU~i w=~A~~d I N *r vw,* 2 k = - Ak cos{27Lfl FkT, + bk
Isin{27J IFk7s } Usually, the DDC is followed by sone
sort of low pass filter. The |ow pass filter

primarily reduces noi se outside the required bandw dth
but may al so perform pul se shaping, to reduce the
bandw dt h of the signal w thout introducing
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Y’ai sed cosine filter or a
root raised cosine (RRC) filter or any other suitable
type of filter. Because the | and Q conponents a
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and, to produce the Q channel, we nultiply the
eiﬁ,d)?ﬁ g signal Sk by 0, -1, O and 1 at successive
sanpl es. This produces | conponents of the fornB Ik =
Sk, O, - Sk, O over_a single cycle of the internedja
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frequency fs of the DDC is four times the intermediate frequency f,F i.e.

f. =4f,, then we can simplify the sine and cosine functions. This is because,
over one cycle, cos x takes the values 1, 0, -1 and 0 and -sin x takes the values
0, -1, 0 and 1. So, to produce the | channel, we multiply the incoming signal S,
by 1, 0, -1 and O at successive samples and, to produce the Q channel, we
multiply the incoming signal S, by 0, -1, 0 and 1 at successive samples. This
produces | components of the forms 7, =§,,0,-S,,0 over a single cycle of the
intermediate frequency signal and Q components of the forms Q, =0,-5,.0,S,

over a single cycle of the intermediate frequency signal.

Some known arrangements make use of this DDC simpilification to also simplify
the subsequent filters. One such known arrangement is shown in Figure 3. In the
Figure 3 arrangement, the sampling rate of the DDC is four times the
intermediate frequency so we can make use of the sine and cosine
simplifications described above. This is shown schematically by the sampled
cosine plot A above the simplified DDC | channel block 301 and the sampled -



over a single cycle of the internediate frequency
signal. Sone known arrangements make use of this DDC
sinplification to also sinplify the subsequent
filters. One such known arrangenent is shown in Figure

3. In the Figure 3 arrangeprent, the sanpling rate of
the DDC is four tines the 1internediate frequency so
we can make use of the sine and cosine
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inttgfueeg unat el y |ntroduced Sunmary of the Invention It
I's an object of the invention to provide a nmethod and
apparatus for performng the conbined functions of a

sma&nﬂf {Iiénﬁ'ﬁ'ﬁnh%i ch mtigate or substantially
over e problenms associated with known

It israreolgjectesft the dewantiobdd rapdde a method and apparatus for performing
the combined functions of a DDC and filter, which mitigate or substantially

overcome the problems associated with known arrangements described above.

According to a first aspect of the invention, there is provided apparatus for
isolating an in-phase component | and a quadrature component Q of a received
intermediate frequency (IF) signal and for filtering the received signal, the
apparatus comprising:

a digital down converter (DDC) for sampling the received signal at four
times the frequency of the received signal, each sample having an order k;

a filter for reducing noise outside a required bandwidth, the filter having n
taps and comprising: a first filter portion for receiving the samples where k is
even and for outputting an in-phase component | of the received signal, the first
filter portion having x taps; a second filter portion for receiving the samples where
k is odd and for outputting a quadrature component Q of the received signal, the

second filter portion having y taps; wherein x +y = n.



According to a first aspect of the invention, there is
provi ded apparatus for isolating an in-phase
conmponent | and a quadrature conponent Q of a received
internedi ate frequency (I F) signal and for filtering
the received signal, the paratus conprising: a
digital down converter ( for sanpling the received
signal at four times the frequency of the received
signal, each sanple having an order k; a filter for
redu0|ng noi se outside a rE%U|red bandw dt h,
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Secondly, it filters the received signal to reduce
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In one embodiment, the first and second filter portions are finite impulse
response (FIR) filters. In that embodiment, in one case n = 25. In that
embodiment, pulse shaping is performed only in the transmitter which transmitted

the signals and no pulse shaping is performed in the filter.

In an alternative embodiment, the filter may be arranged to perform pulse
shaping of the received signal. In that embodiment, in a first arrangement, the
first and second filter portions are finite impulse response (FIR) filters. In that
case, the apparatus may further comprise apparatus for pulse shaping the

received signal. The pulse shaping apparatus may comprise a raised cosine filter



of the filter's frequency response is defined by a
single value rather than two equal val ues. However, n
coul d be even, in which case x may equal n and y nay
equal 2 In one enbodinent, the first and second filter

portions are finite inpulse response (FIR) filters.
In that enbodi nent, in one case n = 25. In that

enbodi nent, pul se shaplng is perforned only in the
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pul se shaplng is perfornmed in the filter.
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in the&Rin¥efikstdrosiak). The pul se shap| ng apparatus may
conprise a raised cosine filter 5 (in which case, the
FIRfilters performlow pass filtering, the raised
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dlﬂ’élleltlm detection of | and Q over a given symbol span. The differential
decoder may be arranged to perform differential detection of | and Q over a
symbol span of one symbol. Of course, other symbol spans can also be

envisaged.

The differential decoder may comprise a decision block for converting the
differentially decoded | into an | output and for converting the differentially
decoded Q into a Q output, the | output and the Q output each taking a value of

either 0 or 1.

In one embodiment, the apparatus further comprises a converter for converting
the received signal to a digital signal. In that embodiment, the converter may be
an analogue to digital converter (ADC). The ADC may operate at a frequency



receiver together with the at least one RRC filter in
the transmtter together provide raised cosine

function pul se shaping of the signal. The apparatus

may further conprise a differential decoder for
performng differential degection of I and Q over a

gi ven synbol span. The differential decoder may be
arranged to performdifferential detection of | and
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According to the invention, there is also provided a receiver for intermediate
frequency signals, the receiver comprising apparatus according to the first aspect

of the invention.

According to a second aspect of the invention, there is provided a method for
isolating an in-phase component | and a quadrature component Q of a received
intermediate frequency (IF) signal and for filtering the received signal, the method
comprising the steps of:

a) sampling the received signal at four times the frequency of the received
signal, each sample having an order k;

b) filtering the signal in a filter having n taps by: i) inputting samples where
k is even into a first filter portion, to generate an in-phase component | of the
received signal, the first filter portion having x taps; and ii) inputting samples



advant ageous for perform ng deci mation since it does
not include nmultipliers. The received signal may be a
differentially encoded phase shift keyed (DPSK)

signal. In one exanple, the received signal is 4 DQPSK
nmodul at ed. According to theyinvention, there is also
provided a receiver for internmediate frequency
signals, the receiver conprising apparatus according
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of thetreerivedsignalk Hensecagdditer HO@HQ%VE‘@%@R%‘NRW%& T EN
guadrature conmponent Q of a received internediate
frequency (I'F) signal and for filtering the received

t.he thod conpr thé
Préﬁ%ﬁ’& Y T8 he @@gl ved ;? gqlﬁ1 I ygE Qoursﬁiﬂg tm;tfhr% filter portion
frequency of the received signal, each npl e havi
handlessaeplés ks9,24.+¢.6r1 agdithe secgnaifilten pgrtfqn hé?d'ﬁaxﬁa%”g?'es
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k= £3fqa Fl}\r/llter portion, to generate an in-phase
conmponent | of the recei ved signal, the fi rst filter

portion having x taps; and uttin
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generate a quadrature conponent Q of the recelved
signal, the second filter portion havin
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RRC filter in the receiver together with the at least one RRC filter in the

transmitter together provide raised cosine function pulse shaping of the signal.

The method may further comprise the step of performing differential detection of |
and Q over a given symbol span. The differential detection of | and Q may be
performed over a symbol span of one symbol. The method may further comprise
the steps of converting the differentially decoded | into an | output and converting
the differentially decoded Q into a Q output, the | output and the Q output each
taking a value of either O or 1.

The method may further comprise the step of converting the received signal to a
digital signal. In one embodiment, the step of converting the received signal to a
digital signal is performed in an analogue to digital converter (ADC). In that
embodiment, the ADC may operate at a frequency which is four times the



Alternatively, the first and second filter portions
may each conprise all or part of a raised cosine
filter. The first and second filter portions my each
conprise a root raised cosine (RRC) filter. In that
case, there will usually be at | east one other RRC
filter in the transmtter ich transmtted the
signals. The at least one RRC filter in the receiver
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not include multipliers.
According to a third aspect of the invention, there is provided a method for
isolating an in-phase component | and a quadrature component Q of a received
intermediate frequency (IF) signal and for filtering the received signal, the method
comprising the steps of:

a) bandpass sampling the received signal by: i) isolating an aliased
signal from the received signal; and ii) sampling the aliased signal at four times
the frequency of the aliased signal, each sample having an order k; and

b) filtering the signal in a filter having n taps by: i) inputting samples where
k is even into a first filter portion, to generate an in-phase component | of the
received signal, the first filter portion having x taps; and ii) inputting samples
where k is odd into a second filter portion to generate a quadrature component Q
of the received signal, the second filter portion having y taps, wherein x +y = n.



The received signal may be a differentially encoded
phase shift keyed (DPSK) signal. The received signa
may be 4 DQPSK nodul ated. According to the invention,
there is also provided apparatus for carrying out a
met hod according to the segpnd aspect of the
i nvention. According to the invention, there is also
provi ded a receiver for internediate frequency
signals, for <carrying out a method according to the
second aspect of the invention. According tQ a thirq
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i n-phase_cpnponent | of the received signal, the
first fifi%s portion having x taps; and ii) inputting
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to generate a quadrature conponent Q of the received
signal, PRE artBtRl-filter portion having y taps,
wherein x + y = n. 9 Features described in relation to
one aspect of the invention nay also be applicable to
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whighconpanyi ng draw ngs, of which Figure 1 is a

Figsucrg %mat | |Cs g Ibﬂ)gc]:E(adrinagorfamaoPl.EI)cr:t;aceiver according to a first embodiment of
the invention;

Figure 5 is a detailed diagram of block 407 of Figure 4,

Figure 6 is a block diagram of a receiver according to a second embodiment
of the invention;

Figure 7 is a detailed diagram of block 605 of Figure 6; and

Figures 8a, are frequency plots showing how the invention may be used with

8band 8¢c  bandpass sampling.

Detailed Description of Preferred Embodiments

Two embodiments will be described and both show receivers for %DQPSK, but

the invention is not limited to Z;-DQPSK and could apply to any IF signal, whether

or not differentially encoded phase shift keyed.



Figure 2 is a diagramof the DDC of Figure 1 also

including low pass filters; and Figure 3 is a diagram

of a known arrangenent incorporating a sinplified DDC

and filter. By way of exanple, preferred enbodi nents

of the invention will now Rg described with reference

to Figures 4 to 8 of the acconpanying draw ngs, of

which: Figure 4 is a block diagram of a receiver

according to a first enbodinent of the invention;

Figure 5 is a detailed diagramof block 407 of Figure
Figfire gHB\ﬁsSa Iblock BlRfFémdbrar EDAPSK fiftéifheditedfrEqiahoyaF)

0 a secon of tHe invention; Figure 7

e S e S0 o Refof e recever

mclda\ée% @Haﬁyuﬁﬁtéﬂ%@ W ¢ &scaBbd @ﬁl@g?éiorb@BHWC) filter 405, a

mpl 1 ng. I'ed Description of Preferre
combinedi BOG: and‘ \ﬂﬁeeﬂr@'émonmﬁlsmg\m IDDG A s iReet Baiged ftosine

Rﬁ{%ﬁ]‘?’{térgcﬂ%’ M&b r@‘%’oul%%%altdb%ob@?’ SR& o%'&nsho% B@Ek 413,

Thehgpliteto the reeivair f40dr Bnan aﬂnbpgeadadsgnwhmbtm]mtputs of the

keyed. 10 Fi ure 4 shows a bl ock di agram of a 4 DQPSK
reqeﬁ@ér“ﬁétﬂrﬁﬂ@ ﬁ&ﬁ'ﬁ@ﬁ@y (1 F) receiver 401 according to

a first enbodi nent of the invention. The receiver
includes an |F Hard Liniter 403, a Cascaded | nteqgrataor
Theot Hardo)Limiter e402gsceiyes chepianatpgpecihnsional @ pgrorms

o008 S b T PR, 5
TheeGh%f Liitdr ARkhlémbodiment operates at a sampling rate f; which is

sixteen times the frequency of the IF signali.e. f, =161 .

The CIC filter 405 performs decimation of the signal from the IF Hard Limiter 403.
A CIC filter is very efficient for performing decimation (or interpolation) since it
does not contain multipliers. The CIC filter 405 may have its usual structure i.e.

an integrator portion comprising N integrator stages clocked at rate Jj;, a

downsampler for reducing the sampling rate to % and a comb portion

comprising N comb stages clocked at rate % In this embodiment, R=4 so that

the sampling rate at the output of the CIC filter 405 and the input to the DDC 409

‘& = ‘_1 6f'[F =4fir.

Is < 1

Figure 5 shows the combined DDC and filter 407 in more detail. The combined
DDC and filter 407 comprises DDC 409 and RRC filters 411a and 411b.



The input to the receiver 401 is an anal ogue | F signal
and the outputs of the receiver 401 are | and Q
signals. The IF Hard Limter 403 receives the anal ogue

| F signal and perfornms digitization. The output of

the I|F Hard Limter 403 is43 2-level i.e. 1-bit IF
signal. The Hard Limter in this enbodi nent operates

at a sanpling rate fs which is sixteen tinmes the

Asfmr%adﬁdnsy:u@éed ltke plrpisgdila DDE.is teisoliede theFl and Recabhgnents

of the lgiad WF tagtalo Ine Rurppee (it ARG Tl Rerq PRl buise
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oeS not contain nmultipliers. The CICfilter 4

comatiees Bshurabell n & taps it sugcessiong Any eétbeaﬁg?et 3@4’56" for

thecm'fﬁ{ﬁ'?g(ralél L s ﬁ%&g@ne? keepdiise" %été the @stem

for“reducing t ng rate to Rs
reqlmimqms)t butrwe aspallyspreferNarc ocdd ngndp@e@f tapschie @hadtthe @p@tre of

mbodi
et P8 SURISh T T ol 20 g o
the% Ege%rﬁgggmgg&bﬁftzﬂf tri? :mérbgattemdhﬁn Rhete wilb be ratside the
| an
desiserd BRTEWIBAC BUTUTY Icreteq dhe %‘Fﬁprgri‘rg%ﬁ%&t %’Iéf!b %‘%i YR the
cofﬁd|ﬁe‘a” Boﬁlén&fmaméﬂth@ m%lfuﬁéuciﬂsr@a@yodtﬁam&emm ikter(s))

rpose of to isol ate d Q components
are)fnot Btﬂctiygepamt@d andstln@nambmadqua@rmélt@M%om@" performs

| t form pul se shaping and to reduce
th%by . h?@ﬁgﬁﬁﬁﬁ% requi red bandwi dth. A standard RRC
conprises a nunber n of taps in succession. Any number
n can be chosSg for

In fthif c@pe <the e ey et apBrdaPuidn e bbBhpaficnd Afer 407 s
4fap® 4§ R Dk e H e plifodhlfcRispbd Aol R Feféfence to
Fig&%pﬁ’n?’ﬁe Eﬂolvettfes%r|88@‘%|r{\blﬁtédeérréﬁg”é?ném0m@mpﬂbd the incoming
signal by 1 0, -1 and O at successive samples to produce the | channel and
multiplied the incoming signal by 0, -1, 0 and 1 at successive samples to produce
the Q channel. So, for both the | channel and the Q channel, we are only
interested in alternate samples: even-ordered samples (k=0, 2, 4, 6...) for the |
channel and odd-ordered samples (k=1, 3, 5, 7..) for the Q channel. We can
ignore the odd-ordered samples for the | channel since they are always equal to
zero and, similarly, we can ignore the even-ordered samples for the Q channel

since they are always equal to zero.

Thus, in the DDC 409 we take samples (of order k) four times in each cycle of
the received signal. The even ordered samples are input into the | channel RRC
filter 411a and the odd-ordered samples are input into the Q channel RRC filter
411b. By separating odd and even ordered samples, the effect is to isolate the |
and Q components. RRC filter 411a is used for the | channel so is only interested
in even-ordered samples i.e. where k=0, 2, 4, 6...Thus, if we want the overall



the greater the nunber of taps, the nore attenuation

there will be outside the desired bandw dth, but the

greater the filter conplexity and delay. In the

conmbi ned DDC and filter 407, the two functions (of a

DDC and of RRC filter(s)) 4qare not strictly separated

and the conbined DDC and filter 407 overall perforns

the two functions together. In this case, the sanpling
effécdtof amt ntdypedRRC filtert Wieereomis oddl iIDORRENfiteri4 ey weoactually

is 4 fzF so we can nake use of. the sinplification
onug%‘éa'tgqgw ¥at Bith sef enen@et eapdivaLps fér thEheverbendered

escri S|rrp | fi2ed arrangem%nt rrultlplled t he

i ncomin {gnal at, suc

sarmRieR ka0 b oalich, priaysechd sRBrorddd SRS ik Eayg saual

zerjongﬂﬁ?laﬂ ﬁmmhtebm % |sr l]sed)foa'ﬂﬁ’e b larfiel 86 5 by mterested in
sanpl es 'to produce t ch annel. So, for both th

oddodared sampleso.QvRerarieh 3. e Tar Hiusmitve Wank foe ouer 3 pifect
of ahtrﬁg ?Eﬁ F§I§EW|IF€? e & Gg&eﬁﬁ RRTkiksr 4579, w@ acfhallX only

the annel odd- ordered sanpl es
—1t he Q. Bhamme nor

nesin bRRleieat s 1O The tﬁp%wgﬁﬁ%rmgﬁﬁ883t%§§fegrseamp'es

al ways equal to zero and simlarly, we can ignore
(k2t1he, svenmz)dbeemseampmsnmderedesa(pmﬁawﬁlealwass Ageal2eEs;

are always equal to zero. Thus, in the DDC 409 we take

sanpl es (of order k) four tinmes in each cycle of the

recei ved signal41The even ordered sagpples are input
Thust fiiter#d 1p hasa tapgandffilter 411k has tapsp gakin atotal of n

odd-ordered sanffl es are input into the Q channel RRC

tar$§ bétﬁfeen‘&ﬂéki’wo Fiftefe PAINS iohgbodliitient =0V a0 thatifilterdd11a has 49
the effect is to isolate

tanﬁ)a@bﬁ@n &k 46 tars, Thus, e iers bAvYasn PRD Favagrarty the
t t |
sa\?ﬂrﬁe rp%r@ﬂb%n%é‘ é;fé’ eaéi?)fjtlz_w'urﬁlt@y &t OfHEE lcBFhplediy| ©F éach. filter is

, I f we want the overall 12
appfdxirnatedf halmedh- t apped RRC filter where n is odd, in
RRC filter 411a, we actually only need to inplenent n
2 1taps. The n 2 1 taps will be for the even-ordered
In the combined DDC and filter 407, we are able to perform filtering as well as |

and Q isolation. By combining the DDC and filter functions together, we are able
to approximately halve the complexity of each filter without introducing the
degradation associated with prior art arrangements like that shown in Figure 3.

Referring once again to Figure 4, the | and Q signals output from the combined
DDC and filter 407 are input into the differential decoder and decision block 413.
The differential decoder performs differential decoding of the incoming | and Q
signals over a symbol span of one symbol, as follows:

L,,())=1,00*I,(k-1)+Q, (k)*Q, (k-1)
0,.(k) =0, (k)*1,,(k-1)-I,(k)*Q, (k1)



sanmples (k=0O, 2, 4, ..., n-1), because the odd-ordered
sanples will always equal zero. Simlarly, RRC filter
411b is used for the Q channel so is only interested
in odd-ordered sanples i.e. where k=1, 3, 5,
7...Thus, if we want the ov4grall effect of an
n-tapped RRC filter where nis odd, in RRC filter 411
b, we actually only need to inplenment n21 taps. The
Aftgﬁdi;fetemisl déd:dédirbg: btherl a‘rideQﬁ;@Haw der ingut it thess degikioh, portion
, B, ..., h-2), because, the even-ordered samples will
of bipgls§43.¢ 1’39%96!’”'?%‘9& be F?’@Pﬁﬁ%ﬁ@ has n g? t aps
and filter 411 b has n 21 taps, making a total of n
taps between the two filters. In this enbodi nent, n=97
If g >l = Oldsy /411 a has 49 taps and filter 411 a has
4? taps. Thus, the filters between them have exactly
e 0s ggnce as a 97-tap filter but the
Ich"Ban e%?%%é gach filter is approximtely halved. In
t he conmbined DDC and filter 407, we are able to
performfiltering as well as | and Qisolation. By
or aayreiher Auitatie deeisioardlgenthmer f uncti ons toget her, we
are able to approximately halve the conplexity of
each filter without introducing the degradation

_ i ated wi . _ , h
GRS R sTpES ' arE it &' S5ARRSR, eirhodaty g BSiRA(F)
and %Ozi gnal s output fromthe conbined DDC and filter,
receiver aegsuidingrioca seeony emhogiment| ofdhedpuentigng The receiver

. i Sj 413, i t 4 .
inciff A EApRoRc bipitol EsfvBlel PIRE) 8%, ARG RIG 2hpditer
606\wommisygra @DEBOT afd Firdteslynputde Respérde (FUB) filterst 6¢9g and

60§IR,|) Ig?fl#é%&p Jﬁiggc(x%r H }]Z%(& @ ﬁ%q{kglggi %&ﬁﬁeﬁ gr ]st w%u{he first
enfiddfrRemntthélinsc RO kit reddider! 66N s @nshgalahae dFesighgluand the

into the decision portion_ of block 413. The deci sion
outputeohthgHecejuers@iteans; Irand Qisignals.| out >0, 1 =Cel se | =1

In this embodiment, the ADC 603 converts the received analogue signal to a

digital signal. The operating sampling frequency f, of the ADC is four times the

frequency of the IF signal i.e. f, =4fr. Note that, in the first embodiment,

signal digitization was performed by the IF hard limiter 403 whereas, in this
second embodiment, signal digitization is performed by the ADC 603. Both
arrangements have advantages and disadvantages: an ADC will usually be able
to operate at a lower sampling rate than a hard limiter which will result in a lower
power consumption, but the complexity and circuit size of an ADC based system
could be higher than that of a hard limiter based system.

In this embodiment, because of the lower sampling rate of the ADC, no

decimation of the signal is required. So, no CIC filter (or other downsampler) is



I fQut >0 Q=Cel se Q=1 or any other suitable decision
algorithm Figure 6 shows a block diagramof a 4 DQPSK
internmedi ate frequency (IF) receiver 601 according to
a second enbodi ment of the invention. The receiver

i ncl udes an Anal ogue-to-Di gital Converter (ADC) 603, a
combi ned DDC and filter 605 conprising a DDC 607 and
Finite I nmpul se Response (FIR) filters 609a and 609b,

inciided fifh & Pédenler BBAO e bttt Entbudiiraentsc heweverh aaddcirGatdr might
As with the first enbodinent, the input to the
be f%@ﬁd&'t%@fﬁ‘% an anal ogue | F signal and the outputs
of the receiver 601 are | and Qsignals. In this
enbodi nent, the ADC 603 converts the received anal ogue
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at a lower sanpling rate than a hard limter which
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In this embodiment, we are using simple FIR filters 609a and 609b rather than
RRC filters because we do not require any pulse shaping in the receiver 601.
This may be the case if all the pulse shaping has already been performed in the
transmitter or if we are performing some or all of the pulse shaping elsewhere in
the receiver side. Thus, the purpose of the FIR filters is simply to select the
required bandwidth and cut out noise outside that bandwidth. Thus, the FIR filters
act as simple low pass filters. A standard FIR filter comprises a number n of taps
in succession, the number of taps being chosen in accordance with the desired

frequency response.

In the DDC 607, we take samples (of order k) four times in each cycle of the
received signal. The even ordered samples are input into the | channel FIR filter
609a and the odd-ordered samples are input into the Q channel FIR filter 609b.
By separating odd and even ordered samples, we are effectively able to isolate



conbi ned DDC and filter 605, the two functions (of a

DDC and of filter(s)) are not strictly separated and
the conbined DDC and filter 605 overall perforns the

two functions together. As usual, the purpose of a

DDC is to isolate the I angsQ conponents of the
digitized IF signal. As before, since the sanpling

rate of the DDCis 4f,F, we can sinplify the cosine

thef Ungidi @ chhMfels NEIR filterr608a) idysen| for fthy It biearimet ost rigy only
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erested i nh ven rders o b e f
nee«ﬂé SARR h@‘ ®da osggrs ﬁl b% f°§ thé evé?';-ordered

for the Q channel In this enbodi nent, we are us
samplqsl (6= R 4.i .+ + 6rD, becrusarthe gudrordetedesampian W"th!"a%’S equal

il er r r
b S SR S0 D 180 B Hhnat b s o e
odtaudr@eﬁe_dth;tampm het?maéree@dy 3b6e7& Jéwboif medwant theeeffect of an n-
ransmtter or if we are, I M one or I
taRRaREIFG FLEH MEeER delinais It TR S BBEBV B Stylty ofyhddd to
the purpoge of the,EWR filters is sinply to sel ect the
impleqeint e'dq—_“géawBMTdﬂeh—grrdta@at\NIH)be ferdhe @ddrarderes samples (=1, 3,
bandwi d Thus hé FIRfilters act as sinple |ow

5, Paﬁﬁzf iebtige the dlentstaetbdramiles Wilr alnaypegasiszeronunber
taps in succession, the number of taps being
chosen in accordance with the desired frequency
response. In the DDC 607, we take s hes (of order k)
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halved.

Just like in the combined DDC and filter 407 shown in Figure 5, in the combined
DDC and filter 605, we are able to perform filtering as well as | and Q isolation.
By combining the DDC and filter functions together, we are able to approximately
halve the complexity of each filter without introducing the degradation associated

with prior art arrangements like that shown in Figure 3.

Referring once again to Figure 6, the | and Q signals output from the combined
DDC and filter 605 are input into the differential decoder 611 and then into the
decision block 613. The differential decoder performs differential decoding of the

incoming | and Q signals over a symbol span of one symbol, as follows:



interested in even-ordered sanples i.e. where k=0, 2,
4, 6...Thus, if we want the effect of an n-tapped FIR
filter where nis odd, in FIRfilter 609a, we actually
only need to inplement n 2 1 taps. The n 2 1 taps
will be for the even-ordergg sanples (k=0, 2, 4,
n-1), because the odd-ordered sanples will always
equal zero. Simlarly, FIRfilter 609b is used for
t ;}c@epn.I 013 ) *mteresyed in odd-ordered
Lmégﬁplé% ..eE"Qﬁe}%$§5Q?»3F2€§g7?}.Thus, if we want the
ef{ectof,\an t d filtqy where n is odd, in
Qoﬁ‘&fﬂ it{!?) 6{3&5{ %PZ%{}EL@WU&%' need to inplenent n
21 taps. The n 21 taps will be for the odd-ordered
samples (k=1, 3, 5, ..., n-2), because the _ _ )
In Bigare 6 ther stelictanepdfethewdifférentialedesodquéi 1 i saowmhin gletail but it

filter 609 S + 1 taps i 9 .
wilk b SonreRping Datang g BEME sitdfhnfet Soctls n Piaure 4.
altfiddghenst shéwih NexplislaPOriayeERs ,idertieal 9o sirniar fd theranGdgement
has 13 taps and filter 609b has 12 taps. Thus, the
shown trefFigurfale exactly the same perfornmance as a 25-tap
filter but the conplexity of each filter is
approxi mately halved. Just |like in the conmbi ned DDC
Aftandifferéntial débadiagotire | andiQysignals, areninpykinte ie desisiontiock

fijlter 605, | [ erformfiltering as
613@%3 Q%C"F'OQﬁﬁle@'}e&)s‘f‘agp%ﬁ&hﬁn%&%onbi ni ng the DDC and
filter functions together, we are able to
approximately halve the conplexity of each filter
If B, t bdytl + Bteiseldcdg t he degradation associated with
prior art arrangements |ike that shown in Figure 3.
|fQ'2efsr(y,'wag (Pgse @eain to Figure 6, the | and Q signals
ot put Tromthe conbined DDC and filter 605 are input
into the differential decoder 611 and then into the
deci si on bl ock 613. The,ﬂifferential decoder perforns
or @ny pHes sttable gy 98 e i ncoming | and Q signals

over a synbol span of one synbol, as follows: 16 |out

k) =1i,, (k) *Iin (k -1) + Qn (k) * On -
it éhould be note trznat, in both(first a%d sec%nd gm odlm%nts (trescrllged above,
the total number of taps in the filter (n) is an odd number. This is usually

preferred because it results in the frequency peak of the filter's frequency
response being defined by a single value rather than two equal values. However,
other embodiments could be envisaged where n is an even number. In that case,
the | channel filter (whether an RRC, an FIR, an LPF or another type of filter)

would most likely implement g-taps and the Q channel filter (whether an RRC, an

. . n
FIR, an LPF or another type of filter) would most likely implement 0 taps.




Qut (k) @n(k)*Irn(k-1)-1jn(k)Q ,(k-1) In Figure 6, the
structure of the differential decoder 611 is shown in
detail but it wll be appreciated that the structure
of the differential decoder in Figure 4, although not
shown explicitly, may be igentical or simlar to the
arrangenent shown in Figure 6. After differenti al
decoding, the I and Q signals are input into the
Andppiication bl thekinveition Wilkndwdies describedewitih gefierdree to Figures
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of taps in the filter (n) is an odd nunber. This is
usually preferred because it results in the frequency
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frequency of the IF signal.

Figure 8a shows the signal spectrum in the analogue domain i.e. before
analogue to digital conversion. The signal is centered on the IF frequency.

Figure 8b shows the signal spectrum in the digital domain i.e. after analogue to
digital conversion using bandpass sampling. If the intermediate frequency is fr

and the sampling frequency is f;, in order to be able to make the required DDC

simplification of the invention, we require

mOd( .S )= %

and, as shown in Figure 8b, we obtain positive and negative frequency
components centered around each integer multiple of the sampling frequency

f,. The positive frequency components are shown in black and the negative



Areas in Comunications, Vol. 8 No. 8 pp. 1500-1511,
Cct ober 1990 and also in Rodney G Vaughan, etc "The
Theory of Bandpass Sanpling", |EEE Transactions on
Signal Processing, Vol. 39, No. 9 pp. 1973-1984,
Septenber 1991. The idea ¢§ bandpass sanpling is that
the sanpling rate can be lowered fromtw ce the

maxi mum frequency of the signal 2fMAx to 2( fMAX
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anal ogue domain 1.e. before analogue to digital
sigoalrappesioat halhtbesagmplingiratecent ered on the | F
frequency. Figure 8b shows the signal spectrun1in t he
digital domain i.e. after anal ogue to .}
In ergmexamplon SheWAJN FABHIBAEs theFseived. frerquqnﬁ)é i i 40 MHz and
internediate frequency is flF and t he sanplln
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thef St a?é OFH‘u@. %Cé&n‘ akgase Brinei MDE sihplifiatidarse! desgribed
frequenc . The positive frequency conponents are
abevmwn i n black and the negative 18 frequency
conponents are shown in grey. Then, a |low pass filter
can be used to extract the signal we require i.e. at
one quarter of the sanpling frequency. Note that the
sanpling rate should be selected carefully to nmake
sure no aliased signal appears at half the sanpling
rate. In one exanple, shown in Figure 8c, the received
frequency f,Fis 40 Mz and we are sanpllng at 32 MHz
=f,. This satlsfles nmod(fjp,f )= 4s . So, in this



exanpl e, one of the aliased signals appears at 8 Mz,
which is one quarter of the sanpling rate. Thus, we
can make use of the DDC sinplification as described
above. 19 Cains 1. Apparatus for isolating an
i n-phase conponent | and a4qguadrature conponent Q of
a received internediate frequency (IF) signal and for
filtering the received signal, the apparatus
Clfimigpri sing: a digital down converter (DDC) for
sanpling the received signal at four tinmes the

frequency of the received signal, each s | e, havin
1. an bpmra%/us;foalsplatmeranflarphaéaGemper'%ﬁ 'ﬁ'dg%még?%féﬁé{e )

con Ao Pk ey 49 S o oo e
receivedl signalhtbe apparauscempesidgf or  out putting an

i n- phase t | ' ' i
(11 RaraL SRS e BRO e ST e6iPq sl 2 b8!
tini;egithé ?t‘é_qwﬂ\dwaﬂthg récfdmicﬁﬂgmﬁl peachksarspledwvingdan ber k;
utting a '
o ghalter fReScdignacs patsice Barauns Badwwielh, MEdfe Rdving n
tad@hé?{oeé %frisﬁn . = n. 2. Apparatus according to claim1,
wherein t he is arranged to input sanﬁl es where k

i's even afitss fitaepottiosforfiereivingdbe sABIPIesWNer® K isgyen and for
oG 5oL L 08,855, 1 e oo
hawignetapsn is odd and x=n+l and _n-1 2y 2

a second filter portion for receiving the samples where k is odd and
for outputting a quadrature component Q of the received signal, the second filter
portion having y taps;

wherein x +y =n.

2. Apparatus according to claim 1, wherein the DDC is arranged to input
samples where k is even into the first filter portion and to input samples where k

is odd into the second filter portion.

3. Apparatus according to claim 1 or claim 2 wherein n is odd and
n+l1 n-1
=——and y=——.
T ¥ 7
4, Apparatus according to any one of the preceding claims wherein the first

and second filter portions are finite impulse response (FIR) filters.

5. Apparatus according to any one of claims 1 to 3 wherein the filter is

arranged to perform pulse shaping of the received signal.



4. Apparatus according to any one of the preceding
clains wherein the first and second filter portions
are finite inpulse response (FIR) filters. 5.
Appar atus according to any one of clainms 1 to 3
wherein the filter is arrapgged to perform pul se
shapi ng of the received signal. 20 6. Apparatus
according to claim5, wherein the first and second
6. f i | Agparatustaceordingiteeclbinm b1 whersinuthedirsearpbsemndHlIt) portions

arerttegtpuBedRapig I8l P POd S PRRPLS AL PR
ap%ﬁ'?ﬁfsqbf‘ﬁultsé’ shhgihGitie véreheidsighe. first and second

ter portions each conprise all or part of a raised
cosine filter. 8. Apparatus according to claim?7
whey, ej e fli j | - [ ;
7. Conpordiahi el ihe f BT EMerbin B frdt e3ga MREFportons
eadwpanptiss alhocpadiohg raisedcpsinadiltef. t he precedi ng cl ai s
further conprising a differential decoder for
performng differential detection of | and Q over a

8. i VAPparatiadcordiag to &Rim Anplasrainthe diestamndi segohd fitteapontidns
wherein the differential decoder is arranged to

eag comPHR PRt raifedaosie BRG s | and Q over a
synbol span of one synbol. 11. Apparatus according to
claim9 or claim10 wherein the differential decoder
9. compppamtussactecdisg dm aby ook of the preaeding iclaims ferther comprising

o e EhTe b 3R Ol R A o gven
sy@BbPsgan. the | output and the Q output each taking a

value of either 0 or 1. 12. Apparatus according to any
one of the preceding clains further conprising a

10?9”%??{3%&@ Qécfcﬁei'ﬁé% i g WReleht e\difler@hBaiddeco@epis
di gl signal. 13. Apparatus according to claim 12
amahged topetierm diffecentiat detection ahlanshQeovep a symbol span of one

symbol.

11.  Apparatus according to claim 9 or claim 10 wherein the differential
decoder comprises a decision block for converting the differentially decoded |
into an | output and for converting the differentially decoded Q into a Q output,
the | output and the Q output each taking a value of either 0 or 1.

12.  Apparatus according to any one of the preceding claims further comprising
a converter for converting the received signal to a digital signal.

13.  Apparatus according to claim 12 wherein the converter is an analogue to
digital converter (ADC).

14.  Apparatus according to claim 12 wherein the converter is a hard limiter.



digital converter (ADC). 14. Apparatus according to
claim 12 wherein the converter is a hard limter. 21
15. Apparatus according to any one of the preceding
claims further conprising a decimtor for reducing
sanpling frequency of the pegceived signal. 16.
Apparatus according to claim15, wherein the decinator
is a cascaded integrator conb (CIC) filter. 17.

Apparatus according to any one of the preceding cl ai s
wherein the received si S a d

15.encARRATAYS £§gogdﬁng fo LY ?#dpg@'ec‘sq %hﬁ%&pe}( co raT&prlsmg

a dBEHRIeH Bgrécﬁx aﬂ‘h n WRIng bhmerrecenwed agnal is 4
DdD K nodul ate él,g/(re?!:elvser for |nterm|eg<;‘|gte

frequency S|gnals, the receiver conprising apparatus

6.acC CR%%Arg&stalﬁzscgf%rt\g?[beclgfm 4 B?Wﬁérpeﬁ?ﬁ\'e%cﬁhéﬂoﬁs a é8scaded

ng an in-phase conponent | and a
mtégratd)rabmbe(CICbﬁi[tmnent Q of a received internedi ate
frequency (1F) signal and for filtering the received
signal, the nethod conprising the steps of: a)

17saﬁnbpé}atd§@:dbﬁﬁﬁg Y& any boe af th@tpréoemng lclams wherein the
frequency of the received ﬁi 5. havi
recemedrak@nalis a sjftarentaiyiangosed parsmsnikaved AP SE) SRel o

n taps by: i) inputting sanples V\,here k is even into a
flrst f||ter portlon to generate an in-phase

Bpor RO arog 115 16 R kiRt ogtived Sghalia  BoPsK

where k is odd into a second filter portion to

maglekadedt e a quadrature conponent Q of the received
signal, the second filter portion having y taps,

19. A receiver for intermediate frequency signals, the receiver comprising

apparatus according to any one of the preceding claims.

20. A method for isolating an in-phase component | and a quadrature
component Q of a received intermediate frequency (IF) signal and for filtering the
received signal, the method comprising the steps of:

a) sampling the received signal at four times the frequency of the received
signal, each sample having an order k;

b) filtering the signal in a filter having n taps by:

i) inputting samples where k is even into a first filter portion, to
generate an in-phase component | of the received signal, the first filter portion
having x taps; and

i) inputting samples where k is odd into a second filter portion to
generate a quadrature component Q of the received signal, the second filter
portion having y taps,

wherein x +y =n.



wherein x +y = n. 22 21. A nmethod according to claim
20 wherein n is odd and x = n 21 and 22. A nethod

according to claim20 or claim21, further conprising
the step of pulse shaping the received signal. 23. A
met hod according to any onesof clains 20 to 22 wherein
the first and second filter portions are finite

i mpul se response (FIR) filters. 24. A nethod according

to any one of c¢laims 20 fo 22 wherein the fimstl an
21,0 chAEthod earorbB oMW as R Sade e o L por it
rai sed cosine filter. 25. A nethod according to claim
2d4-wherein the first and second filter portions each
Y <ogprise a root raised cosine (RRC) filter. 26. A

nmet hod according to any one of clains 20 to 25 further
conprising the step of performng differenti al

det ' e ' S ;
22,101 REheBd BoepraBiéfic kR0 B Sl 1 FHRRRE 5RBsing fhe Sop of
puldetshapingrthetedeivaadsigfali s perforned over a synbol span
of one synbol. 28. A nethod according to claim 26 or
claim 27 further conprising the steps of converting

23! heaGhéthea erbbriidg/todsraastdof| claifisato 22 whersin tranftrst and
converti n%_ the differentially dec %Sc% %nto a Q

seeanddilter portions asa fipite lraﬁudseﬁ%ﬂ@négt(gh U taking a
val ue of either 0 or 1. 29. A nethod according to any

one of claims 20 to 28 further conprising the step of
24conkanéthod dcherdirerte argdors ofadimso2Gitozywhetein thenfinst ang

30. A nethod according.to,claim aerel . tep of
seait i PRy s ach oy isg 2oyt §e @%ﬁ%ﬁ#ﬁﬁ'ﬁ%m i's
performed in an anal ogue to digital converter (ADC).
25. A method according to claim 24 wherein the first and second filter portions
each comprise a root raised cosine (RRC) filter.

26. A method according to any one of claims 20 to 25 further comprising the

step of performing differential detection of | and Q over a given symbol span.

27. A method according to claim 26 wherein the differential detection of | and

Q is performed over a symbol span of one symbol.

28. A method according to claim 26 or claim 27 further comprising the steps of
converting the differentially decoded | into an | output and converting the
differentially decoded Q into a Q output, the | output and the Q output each

taking a value of either O or 1.

29. A method according to any one of claims 20 to 28 further comprising the
step of converting the received signal to a digital signal.



31. A nethod according to claim?29 wherein the step of
converting the received signal to a digital signal is
performed in a hard limter. 32. A nethod according to
any one of clainms 20 to 31 further conprising the

step of reducing sanpling $g5equency of the received
signal. 33. A nethod according to claim32 wherein the
step of reducing the sanpling frequency is performed

30.1 N ArelssPacsbrding @6 CRiirAr2900nére(rAne)stép bf esnvetting the
nmet hod according to any one of  clains 20 tﬁ%é@g ere| Ber

received pigpal \saeajdlggabﬂamaln% parfenmectinsgf analpgue
(At&ﬂ'ft keyed signal. 35. A nethod according to cIa|n134
erein the received signal is 4 DQPSK nodul ated. 36.
Apparatus for carrying out a nmethod according to any
one, of .cl 0 to

1. il e g 8 g a7 e B P Pr bBfvering e

recé"@é@@%naﬁ@@ﬂ@ﬂtﬁ%@@alﬂ@heﬁﬂ@néﬁ inca aamsmﬁﬁ)erto 35. 38 A
nmet h for isolating an in-phase conponent | and a

guadrature conponent Q of a received internediate

3201 %H}%@@f%ééé:&r?lﬁggg %lgxp g dcf%fall’%blfoetb'ﬂ‘lgfum.@r cbPpRsNE the

rising the steps of
ste;b)aﬁcqmsmg&samphnggredwnpgoéthm@cswgdaillgl‘@} i) |_soI ating

an aliased signal fromthe received signal; and 24 ii)
sanpling the aliased signal at four tinmes the

33.fr %Hféﬂ%dd Qécdr?mlg tdlcimeﬁzhwhenem thleestep oﬁaetjmomgﬁﬁmi sagnpling
an order iltering the signal in i ter having
frequeng) s wforr%eq Iﬁ@?azqqaaegaﬁsg OW%%(&@ ifEyen into
a first filter portion, to generate an in-phase

conponent | of the received signal, the first filter
34.porA methdrhacemydingttapay oalndbflqla)lmrsrﬂ&ipt33whewmtf@srecelved

signal is a differentially encoded phase shift keyed signal.

35. A method according to claim 34 wherein the received signal is %DQPSK

modulated.

36. Apparatus for carrying out a method according to any one of claims 20 to
35.

37. A-receiver for intermediate frequency signals, for carrying out a method
according to any one of claims 20 to 35.

38. A method for isolating an in-phase component | and a quadrature
component Q of a received intermediate frequency (IF) signal and for filtering the
received signal, the method comprising the steps of:
a) bandpass sampling the received signal by:
i) isolating an aliased signal from the received signal; and



where k is odd into a second filter portion to
generate a quadrature conmponent Q of the received
signal, the second filter portion having y taps,
wherein x +y = n.

24

ii) sampling the aliased signal at four times the frequency of the

aliased signal, each sample having an order k
b) filtering the signal in a filter having n taps by: i) inputting samples where
k is even into a first filter portion, to generate an in-phase component | of the
received signal, the first filter portion having x taps; and ii) inputting samples
where k is odd into a second filter portion to generate a quadrature component Q

of the received signal, the second filter portion having y taps, wherein x +y = n.



