t APPARATUS AND METHOD FOR DEMODULATING A MODULATED
SIGNAL Field of the invention The present invention relates to an
apparatus and method for demodulating a modulated signal. Background
of the invention Bandpass sampling 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
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undersampling the IF signal. The sawe of bandpass sampling
should meet the following requiremerst: <Y L1>n<~fu(,l) nn-1B

where , fu is the highest frequency of the IF signal, f, is the lowest
frédgakchel thadavendion fs is the sampling rate, andB is the occupied
bandwidth of the IF signal. The equivalent digital IF after sampling will be
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Si nag aln%I is an jnteger. 2 Normally, the sampling rate will be set as an
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Background of the invention

Bandpass sampling 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:
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where , f, 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:
foﬁ;(le*"*f;) (2)

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



rate. Also, there are some practical considerations in the selection of
analog IF signals. For example, if a conventional D-IF receiver has the
following parameters f,F=40 MHz, B=56MHz, fym=2.048M, the lowest
sampling rate equal to the integer multiple of the symbol rate will be
12.288 MHz (n=6) according to equation (1). The equivalent IF signal
after sampling is denoted by equation (%) as follows: ffl, (ffF-n*f) = (40
- 312.288) = 3.136MHz In traditional demodulators for MPSK and DMPSK
signals, an analogue to digital converter (ADC) is used to convert the
received analogue signal (either a baseband signal or an intermediate
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processing, the signal is passed through a digita
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that the digital down converter (DDC) and following LPF (low pass filter)
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sampling which ameliorates or substantially overcomes the

aBSverHElitp PRl ahtagdys saHiMsenoffitRidnekaften sametisgals denoted

tespeqthgiByepfiga rigyides 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. 3
This is particularly advantageous as it assists in simplifying the circuitry of
the digital

Fow=fir —n* £.) = (40 — 3*12.288) = 3.136MHz

In traditional demodulators for MPSK and DMPSK signals, an analogue to
digital converter (ADC) 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.



down converter and low pass filter used in the apparatus. In particular,
according to a first aspect of the present invention there is provided a
demodulating apparatus, comprising: an analog to digital converter for
converting an analog modulated input signal to a digital signal having an
associated frequency, the analog to digital converter sampling the input

signal at a predetermined sampling ratej a digital down converter for

receiving the digital signal from an output of the analog to digital
convesteraicthersamplinggataisthe digisibtowsiogriteng theeduriity thfiehe digital

f%eo%nngngh%eaH!gHﬁll[ﬁ%aﬁIIE?% rp{l%j%_ tiped sampling rate to

one quarter of the sampling rate; a low pass filter for receiving an output

signal from the digital down _converter for filtering selecte , .
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oftsebddtaatentpappesitung thenfifteired output signal and for producing a
modified_ signal by applying a modification to the frequency of the filtered
output signal tgredHsp@ freausaccoifaatdn tbe tievedioytput signal, andulated

a differentigl demodulatar for demodulating the, modified signal _p -
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signal into inphase and quadrature components, the low pass filter being

arranged to filter dhftainpvaseand raddratoeviogpentigital sspaaafelyn Emautput
preferred embaqdiment, the analogue, input sign jat
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frequignsxbiehsiagadfig amrlying a fixed frequency compensation
modification to the frequency of the filtered

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

output signal;

a frequency offset stage for receiving the filtered output signal and for
producing a modified signal by applying a modification to the frequency of the filtered

output signal to reduce a frequency offset in the filtered output signal, and

a differential demodulator for demodulating the modified signal

produced by the frequency offset stage 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.

In a preferred embodiment, the analogue input signal has an associated symbol rate,

the predetermined sampling rate being an integer multiple of the symbol rate.

Preferably, the frequency offset stage comprises a fixed frequency offset stage for
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.



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. 4 In an alternative preferred embodiment, the

frequency offset stage is arranged 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 frequency offset in the

signal, the frequency correction being based on the estimated frequency
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sampling rate. According to a second aspect of the present invention there
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down converter at the sampling rate, reducing the frequency of the digital
siyealriion toe predeteniniaggbcanipling reiestmbrievgotetertbétheis provided a
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from an outp al from the digital down converter by a low pass filter to

produce a filtered output signal, lying the filtered ignal ta. .
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demodulating the modified signal by a differential demodulator to

applying the digital signal from an output of the analog to digital

converter to a digital down converter at the sampling rate,

reducing the frequency of the digital signal from the predetermined

sampling rate to one quarter of the sampling rate in the digital down converter;

filtering selected frequencies from an output signal from the digital

down converter by a low pass filter to produce a filtered output signal;
applying the filtered output signal to a frequency offset stage,

applying a modification to the frequency of the filtered output signal by
the frequency offset stage to provide a modified signal by reducing a frequency

offset in the filtered output signal, and

demodulating the modified signal by a differential demodulator to

reduce the frequency offset in the signal.

Preferably, the method further comprises separating the digital signal into inphase
and quadrature components using the digital down converter, and wherein the step
of filtering the signal comprises filtering the inphase and quadrature components

separately.



reduce the frequency offset in the signal. Preferably, the method further
comprises separating the digital signal into inphase and quadrature
components using the digital down converter, and wherein the step of

filtering the signal comprises filtering the inphase and quadrature

components separately. 5 In a preferred embodiment, the step of

applying a modification to the frequencysin the frequency offset stage
comprises applying a fixed frequency compensation modification to the
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a receiver comprising the apparatus defined abo Acc
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According to a third aspect of the invention there is provided a receiver comprising

the apparatus defined above.

According to a fourth aspect of the invention, there is provided a demodulating
method, 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 sampling the input signal at a predetermined sampling rate;

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

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

low pass filtering selected frequencies from first and second output signals
from the digital down converter to produce first and second filtered output signals;

applying the first and second filtered output signals to a frequency offset

stage;



applying the digital signal from an output of the analog to digital converter
to a digital down converter at the sampling rate; reducing the frequency of
the digital signal from the predetermined sampling rate to one quarter of
the sampling rate in the digital down converter; low pass filtering selected
frequencies from first and second output signals from the digital down
converter to produce first and second filgered output signals; applying the
first and second filtered output signals to a frequency offset stage; 6
applyingpdisgam ey nreodificatibictoichdditise dire sederddiiciiterediqitiput
signals by the frequency offset stage to provide first and second modified
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amplitude with frequency for a conventional bandpass sampling system
simigidetwiptaneidthednapdngsts present in the system; Figure 2 is a

block schematic of a digital IF receiver system according to a first
PreferREEMPRAIMEALAT KitvbeRBEHDRNEP Ry EigHTBIS dadvatadkference to
schematic of a digital IF receiver system according to a second preferred
eBSIRHFSIR B Bresent invention with 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 showing the frequency components present

in the system;

Figure 2 is a block schematic of a digital IF receiver system according to a first

preferred embodiment of the present invention; and

Figure 3 is a block schematic of a digital IF receiver system according to a second

preferred embodiment of the present invention with 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



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

CaIpEISRoStRg Cafa e 19 \wigASH cHltee RAL S AdTRIVEDEH QHESt 2 sampling
con}pens tion stage 8 and a differential demodulator stage 10. The

SISAMDANAEH TR SigHls YoRBplidd o Httansigrlosigien applied to the

cdnpettef Znetipgti iScslamplﬁ?w@tsﬂdaml%ﬂgdﬂﬁﬁﬁé‘lﬁ_dé&?@ﬁéﬂﬁ’g@r_?ﬁuency of
digital signal. The digital si IS t ied to the input of the digital
e D o el P BT i S ing rate

down conversion stage 4 w S
fremdhierseidgsinigpags o lonedjwarteirafuie Canyiingraist aharevidisese two
NEBARSOhANE IUACTRLE] SOMBARPIRS. TSRS COPORE B cach

are passed to two low pass filter stages 6, ohe fof GAch %%‘?ﬁp neRt'&n
thedinerse oligndstheefiisptddoteithésiinee freplimdy dffselixednfigensatignoffset

st com tad o S i t ifferential ,
dfg@o%gﬁ?r@tage 0 _t? 'proujﬁ‘ge f?r(]sgﬁ\ ?%ﬂ%%% %)or%%tgcrafg%tsa\cv i prlr']%%/ to the
thdiffereliiaheepredelatian iptaged Qi esqdots fipah) todiacvmfdhents which

demgdiaichsignahdrigwsessbaws %ﬂ@ﬁ%t@?ﬁ%ﬁﬂoqfaangr%fdﬁé oofb%ailf‘u a fully

stages in a D-IF receiver embodying a secon erred e ment o

theSARSHIBtEArR Rehges

Figure 3 shows a block diagram of a number of stages in a D-IF receiver
embodying a second preferred embodiment of the invention. The stages
shown comprise an analog-to-digital converter 12, a digital down conversion
stage 14, two low pass filter stages 16, a frequency offset estimation and
correction stage 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.



shown comprise an analog-to-digital converter 12, a digital down
conversion stage 14, two low pass filter stages 16, a frequency offset
estimation and correction stage 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
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when the practical limitations of analogue IF selection are also considered.

This is shown from the example given in Figure 1,

If the digital IF of the digital down conversion stage is set to be one quarter of
the sampling rate, the sine and cosine signals that represent the complex
phasor of the digital down conversion stage degenerate to two simple
sequences of {1 0 -1 0..]and [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.



two times the bandwidth of the signal being processed and an integer
multiple thereof, with the effect that the equivalent digital IF of the digital
down conversion stage is not equal to a quarter of the sampling rate,
particularly when the practical limitations of analogue IF selection are also
considered. This is shown from the example given in Figure 1, If the
digital IF of the digital down conversion stage is set to be one quarter of
the sampling rate, the sine and cosine sianals that represent the complex
phasor of the digital down conversion stage degenerate to two simple
sequences of { 1 0-10...] and [0 -1 0 1...]. The frequency offset

in i igital ion stage may be compensated in | .
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communication systems as there are frequency offsets caused by clock
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down conversion stage 14
and Doppler shift. Therefore, as shown in Figure 3, the pre-compensation for
the fixed frequency offset inherent in the digital down conversion stage 14
may be removed provided that the total frequency offset is still within the
working range of frequency offset estimation and correction scheme. This

results in a further reduction 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.
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may be removed provided that the total frequency offset is still within the

working range of frequency offset estimation and correction scheme. This

results in a further reduction in complexity of the hardware of such a MCSLLP
system. Thus, the one or more preferred embodiments of the present '
invention provide a simple and efficien gpparatus and method for

simplifying the hardware of down conversion and filtering for D-IF

Ieggiers with bandpass sampling. Such a digital IF receiver based on

bandpass sampling is particularly suitable for use in wireless
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above. Thus, although™the invention has been descr
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apparatus, comprising: an analdg to digital converter for co ng an
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digital signal from an output of the ana igital conve
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a low pass filter for receiving an output signal from the digital down
converter and for filtering selected frequencies therefrom to produce a filtered
output signal;

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

a differential demodulator for demodulating the modified signal produced

by the frequency offset stage to reduce the frequency offset in the modified

signal.

2. An apparatus according to claim 1, wherein the digital down converter
separates the digital signal into inphase and quadrature components, wherein
the low pass filter filters the inphase component, and further comprising another

low pass filter that filters the quadrature component.
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10 a low pass filter for receiving an output signal from the digital down

converter and for filtering selected frequencies therefrom to prod_uce a MCSLLP
filtered output signal; a frequency offset stage for receiving the filtered

output signal and for producing a modified signal by ap_plylng a

modification to the frequency of the 15 Htered output S|gnal_ to reduce a

frequency offset in the filtered output signal, and a differential

demodulator for demodulating the modified signal produced by t.he

frequency offset stage to reduce the frequency offset in the modified

' ding to claim 1, wherein the digital down
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mm&ﬁ%ﬁt%%?“b%l HT@Q) An apparatus according to claim 1, wherein

the analog Input’signal has an associated symk_JoI rate, and the
predetermined sampling rate is an integer multiple of the symbol rate. 5 4.
An apparatus according to claim 1, wherein the frequency offset stage
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frequency of
compensation modification to the frequency of the filtered output signal to
reduce the frequency offset in the filtered output signal due to the frequency of

the digital signal output by the analog to digital converter being reduced by the

digital down converter to one quarter of the sampling rate.

5. An apparatus according to claim 1, wherein the frequency offset stage is
arranged to estimate a frequency offset value indicative of drift in the apparatus
and to apply a frequency correction to the frequency of the filtered output signal
to reduce the frequency offset in the filtered output signal, the frequency
correction being based on an estimated frequency offset value and the
frequency offset due to the frequency of the digital signal output by the analog

to digital converter being reduced by the digital down converter to one quarter of

the sampling rate.

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

7. A demodulating method, comprising:
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10 the digital signal output by the analog to digital converter belng_
reduced by the digital down converter to one quarter of the sampling rate. ;g | p
5. An apparatus according to claim 1, wherein th(—? frgqugncy offse’g stage
is arranged to estimate a frequency offset valu_e indicative of drift in the
apparatus 15 and to apply a frequencyﬁorrectlon to the fre_quency of the
filtered output signal to reduce the frequency offset in the filtered output

ofteat gy éﬁéﬁ?&i@&?@é@%§f§§§&%?g%%'§§2%“§pg@!fedd @%:%ﬂ%wng an
i - igital ter being reduced by the o
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using an analog to verter, the analog

ﬁ?g‘@l@_&t%m%ﬁggﬂgﬁgﬁlﬁrﬁeggﬁqg)lr!nrilned ampling rate; applying the

digital Signal from an output of the analogto tigital converter 5 to a digital
Soun o SRR e AR AR Sl e
sy e DB oV e el s,
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(ﬁﬂﬁﬁ%ﬂé}%@/-‘é W%H%% filter to produce a filtered output signal;

applying the filtered output signal to a frequency offset stage;

applying a modification to the frequency of the filtered output signal by
the frequency offset stage to provide a modified signal by reducing a frequency

offset in the filtered output signal; and

demodulating the modified signal by a differential demodulator to reduce

the frequency offset in the modified signal.

8. A method according to claim 7, wherein the digital down converter
separates the digital signal into inphase and quadrature components, wherein
the step of filtering the signal comprises filtering the inphase component, and

further comprising the step of filtering the quadrature component.

9. A method according to claim 7, wherein during the step of converting an
analog modulated input signal to a digital signal, the analog input signal to be

converted has an associated symbol rate, and the predetermined sampling rate
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the frequency offset stage to provide a modified signal by ret_nlucing a
frequency offset in the filtered output signal; and demodulating the
modified signal by a differential demodulator to reduce 15 the frequency
offset in the modified signal. 8. A method according to claim 7, wherein
the digital down converter separates the digital signal into _inphase anc_i
quadrature components, wherein the slleap of filtering t_h_e S|gr:1al gompfnses
filtering the inphase component, and 20 further comprising the step o
fiﬁgr?ng“t?%ecﬁlﬁa%rﬂ?reo cﬁ?ﬁp%ﬁ%@ Jé‘f‘ztﬁ'method according to claim 7,
wherein during the step of converting an analog modulated input sigr_lal to
a digital signal, the analog input signal to be converted has an associated
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i{%ﬁéciﬂgﬁ&f gf%ﬁq St%amqara&us and applying a frequency correction to
t

e frequency of the ered &8 BUt signal to reduce the frequency offset in
the filtered output signal, the frequency correction being
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11. A method according to claim 7, 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 output signal to reduce the
frequency offset in the filtered output signal, the frequency correction being
based on an estimated frequency offset value and the frequency offset due to

the frequency of the digital signal being reduced by the digital down converter to

one quarter of the sampling rate.

12. A demodulating method, 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 sampling the input signal at a predetermined sampling rate;

applying the digital signal from an output of the analog to digital converter

to a digital down converter at the sampling rate;
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15 based on an estimated frequency offset value and the frequency offset
due to the frequency of the digital signal being reduced by the digital
down converter to one quarter of the sampling rate. 12. A demodulating
method, comprising: 20 converting an analog modulated input signal to a
digital signal having an associated freqéjrgncy using an analog to digital
converter, the analog to digital convert sampllng the input signal at a
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Jte ﬂ Q. the first and second filtered output signals by the
freq enchet stage to prowde first and second modified 10 signals by
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dulator to reduce the frequency offset in the first and second
odified signals.

applying a frequency modification to the first and second filtered output
signals by the frequency offset stage to provide first and second modified

signals by reducing a frequency offset in the first and second modified signals;

and

demodulating the first and second modified signals by a differential

demodulator to reduce the frequency offset in the first and second modified

signals.

13. A method according to claim 12, wherein during the step of converting an
analog modulated input signal to a digital signal, the analog input signal to be
converted has an associated symbol rate, and the predetermined sampling rate

is an integer multiple of the symbol rate.

14. A method according to claim 12, wherein the step of applying a
frequency modification comprises applying a fixed frequency compensation
modification to the frequency of the first and second filtered output signals to

reduce the frequency offset in the first and second filtered signals due to the

MCSLLP
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15 13. A method according to claim 12, wherein during the step of

converting an analog modulated input signal to a digital signal, the analog

input signal to be converted has an associated symbol rate, and the MCSLLP
predetermined sampling rate is an integer multiple of the symbol rate. 20

14. A method according to claim 12, whegein the step of applying a

frequency modification comprises applying a fixed frequency

| dif tiont he fre first econd
e Tt e R PR o R i grverter o
S e nals d e to the MCS8LLP 15 frequency of the digital
s%r%%%%eq{n% re(ﬁl'i%ecfl H‘;P ng orliag?al down converter to one quarter of the

sampling rate. 15. A method according to claim 12, wherein the step of
applying a 5 frequency modification comprises estimating a frequency
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TR e R ﬁt?%it%r‘if ”r‘e%%tatii%ﬁ?fggﬁii%%cv of
the first and second filtered output signals to reduce the frequency offset in the
first and second filtered signals, the frequency correction being based on an
estimated frequency offset value and the frequency offset due to the frequency

of the digital signal being reduced by the digital down converter to one quarter

of the sampling rate.



