1 TRANSCEI VER FRONT END FOR SOFTWARE RADI O SYSTEMS Field of the
invention: 5 The field of the invention is radio transceivers, and in
particular the front end systens used in transceivers for software radio
systenms. Awexaspesof an application of the present | gAYy Rdodg front
end for a wireless conmunication systemtransceiver. 10 Background of the

i nventi on: The popul arity of nobil e wirel ess comuni cations has resulted
in the devel opnent and use of many new and 15

di fferentw rel eSRAYAGBIVERT FROD END FOR! FORBWARR IRNIIPUEYSARMS st andar ds.
Exanpl es of sone current standards are: tine division nultiple access
(TDVA), code division multiple access (CDMA), orthogonal frequency division
mul ti pl exi nGTEEREDN) SHifd BPVERGEBRal 20 frequency division nul ti pl e access
(OFDMVA) . The various wirel ess comruni cati on standards enabl e sinultaneous

operatiop O&hguk%éf’& oM {1l ‘%ﬁﬁze%%’l’%”&‘éakhiiﬂo5@?&#9%5‘5'}4%9' \LWI40 31,01 ce

conmuni cati ons conmmuni cati ons_ or tal” pay 6ad. 25 The
many di ff er BR¥ EEGMAII EREI dFostarfnst d%Y%‘fJ%?E’at F‘ﬁ@datmdl A viexdi o
frequenci estand bafidwhdé hs rhgpbcalslygtemgui re txamnseghmsle architaature to be
devel oped s ol f ti;on st r
Thuseachsys?éﬁ%{é%aluéggdéff er eré]?{]%'?l vvg'r e a[gllﬁlﬁt e%t ure. %er%zlaar?ﬁg)r
devel opment & YH ¢¥sF% GW&S&EW%@WW dregEcgéiPEat ed har dwar e
architecdure for current and future wirel ess systens by using software
radi o, wherg frrequ d bandw dt hs can be nodified through
sof twar e chan )@{r%ﬁ»ﬂi{ %éﬁ stgl(rgf‘egﬁ%ggva%g Software radi o systens aimto
process vvaveforms as sanpl ed digital

The popularity of mobile wirelegs communications has

resulted in the development and use of many new and
15 different wireless communication specifications,
technigques and standards. Examples of some current
standards are: time division multiple access (TDMA),
code division multiple access {ComMa) , orthogonal
frequency division multiplexing (0OFDM) and orthogonal
20 frequency division multiple access (OFDMA). The various
wireless communication standards enable simultaneous
cperation of multiple wireless communication sessions
involving wvoice communications, data communications or
any type of digital payleoad.
25
The many different communication standards operating at
different radio frequencies and bandwidths typically
regquire transceiver architecture to be developed
specifically for different communication standards.
30  Thus each system will use different hardware

architecture.

There are developments to try to overcome the problem of

dedicated hardware architecture for current and future

(93]
i

wireless systems by using software radio, where the
radio frequencies and bandwidths can be modified through
software changes on the sgame hardware. Software radio

systems aitm to process waveforms as gampled digital



WO 2008/ 133489PCT/ MY2007/ 000026 2 signals using software as nuch as
possi bl e, rather than requiring specialised anal ogue hardware for each
processing function. Wth inprovenents in processor capacity, functions

that are twadshdanably performed by 5 hardware can be ipfphfBSH24 N
sof tware. Currentsoftwareradi oi npl enentationsutilise paraneterized digital

functions such as digital signal mxers, filters, interpolators and
decimators that allow 10 signals having a high carrier frequency
transmttedsoyedid hesBig sorthareonventrt iad pdaseheand reiteal shkeor digital

signal processing for the various w comIyy I on chni,gyes such as
TDVA, CDMA, rf?ﬂ\?lglonrg @5?&”%%‘? tﬁéga%ﬁg@% W el g%?egon’lf"rc}fﬁi c%ta?gn
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modul at i _03, c MbeF ﬂ;z,th,mofﬁr{cafji&mssg:im c&maﬁ&a:‘sawaangd farfarfed plase shift
are provide n- phase and,quadr [ | Q 20 channel s). Signals or
dat a tra%srﬁﬁ%‘&algevézra & tl\gxlﬁﬂ?’bg}éﬁ%%n%’[ %%gr%tl‘ﬁ&%ﬁbi ned before %urthgr
transm ssion at higher frequency. The advantage of 1Q channels is that two

d: ffe{ ent s?ap}@lgk; s: gBaEEwRFe dalt Q;agaﬂhbeh:‘Infp’i{b‘idéﬁan@doﬁQQUEﬁiﬂi&ﬂs)& and
al nost sinmultaneousl.y avet, single_25 higher_frequen nej, t aki ng
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advant age tH& Sig rough cosi ne~oscill ation

whi ch can beiptase Sedwr.ednferbeéetyrangnfatesHdiensy WeEF HleWgh sine
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digital the air to be converted inte baseband signals for
digital signal processing for the various wireless
communication technigques such as TDMA, CDMa, OFDM or
OFDMA.

15
All the above wireless communication techniques maximize
transmission over the air through quadrature modulation,
where two transmission channels separated by a 9%0° phase
shift are provided, in-phase and quadrature channels (IQ

20 channels) . Signalg or data transmitted over the two IQ
channels are combined before further tramsmission at
higher frequency. The advantage of IQ channels is that
two different sampled signals or data can be transmitted
sequentially and almost simultaneously over single

25  higher frequency <channel by taking advantage the
periodicity of oscillated gignal through cosine
oscillation which can be phase separated perfectly and
naturally by 90° through sine oscillation as illustrated
in FIG.1.

30
The most COommon method in broadband digital
communication system is to convert a signal in the Radio
Frequency (RF) or Intermediate Freguency (IF) in a
channel from and to the baseband signal directly,

35 illustrated in FIG.1l, where the =signal center of
frequency is at 0 Hz allowing efficient digital sigmal
processing algorithms to be applied for signal

correction and recovery before proceeding to higher



communi cation systemis to convert a signal in the Radio Frequency (RF) or
I nternedi ate Frequency (I F) in a channel fromand to the baseband signal
directly, 35 illustrated in FIG 1, where the signal center of frequency is

at 0 Hz al Wowengnsefsbi ci ent digital signal processing abpgoadbifRoeteds be
applied for signal correction and recovery before proceeding to higher 3

| ayer of communication | evel. The anal®dgue transmtter circuit in FIG1
converts the signal from baseband to higher frequency in stages until it
reaches theidgst refl boanRsnisstih f:ireemlencyrraé fiel dgran Stian saritteiera 9. The 5

nver se opepalLon. | $,PakOnTRd QL LNGANAL gUD: T ES) VELSEHLENT k010 t hat

converts RF an St gnal's star |ng fromt quency recelved at the
antenna 19 hhgbemgEsegRrndy iin reRgRes uitd loddepeansher) Yhepatasdaretons in
anal ogue ci egwémimcﬁﬂeﬂfa@af@ s@ecichieC ﬁ:faﬂditﬂtqua‘;tdf&lﬂﬂ es i xee, produce

offsets and.errors in the frequency nm xer t Gl ators 3
and 12. orlnv%ﬁ%? eOP?ﬂaesleoncolrrp ne%f’gmgge%%omm Iana@qqaue%ee y hi gh
circuit tenpérenik €0 tHetmonVBL g 8E, aaﬁdIFnﬁf-%ﬂﬂ atarimdadgomr om desi gn

and materi ahﬁeuw&?uéﬁt@ Hdeateaand ehtOLSL&eNLr o eth fwgddawmBiners and
t he oscill atgr t th%ggu%? y of the conbined nodul ated signal from

i n-phase (I ‘Efbeasdrtﬁ I gnal paths as shown in Equation 1 for 20
the transmt mxer output 8, Equation 2 for the receive mxer output 13 and

Equati ofo 3 kfpetfecd 06 VelinM X&ha l.m-lt Je.ércwaere Kplémddntiiogral for the
| - pat h, les th nal for % is the %&ggsofksggl n _eryror
produced by"FPRg ‘?’I’Fpe Pedts r 4R c?ﬁﬁtdrﬁ 1xee’l‘-“\’ i B°P
errors in the £freguency mlxers 2 and 11 and the
ogelllators 3 and 12, For example, these components are
commonly influenced by high circuit temperature, thermal
15  mnoise, and implementation flaws from design and
materials used. The offsets and errors generated from
the mixers and the oscillators affect the quality of the
combined modulated signal from in-phase (1) and
guadrature {Q) signal paths as shown in Equation 1 for
20  the transmit mixer output 8, Equation 2 for the receive
mixer output 13 and Eguation 3 for the receiver mixer
output 14. Where x; is the signal for the I-path, x, is
the signal for Q-path, & 1is the transmit gain erroxr
produced by the imperfect transmit mixer, e dis the
25 recelive gain errxor produced by the imperfect receive
mixer, ¢y 4is the transmit oscillation phase offset
produced by imperfect transmit oscillators and ¢r is the
receive oscillation phase offset produced by imperfect
receive oscillators.

30

Y; = {(lt+ep)x; cos ¢r +{1-e)xpsinegs (1)
Yiz = {(l+er)x; cosgr +(1-~gg)xpsingx (2)
Yig = (l+egr)xpcospr + (L-eg)xrsingg {(3)
38 The imperfection of analogue circuitry produces

imperfection of guadrate modulation which, in turn,
regsults 1n radio frequency signal degradation such as

amplituede, phase and frequency offsets to the signal.



25 receive gain error produced by the inperfect receive mxer, cOl is the
transmt oscillation phase offset produced by inperfect transmt
oscillators and 9R is the receive oscillation phase offset produced by

i mperfect wecaiyssmscillators. 30 Y8 = (1+ET) Xx cos PT pérhoo@bes®Si npr (1)
Y13 = (1-1-ER) X1 coscOR i-(1-1)xQsi nmPR(2) Y14 = (14-ER) X000SpR + (1-
tj)XiSincOR(3 ) 35 Thei nperfection ofahal ogue circuitry produces

i nperfection of quadrate nodul ation which, in turn, results in radio

frequency siagnatidlegastiabppRosdlh tas #HiY | breielephase wndifppsmancy of fsets
to the signal. . 4 A priglk art.approach 1.Q thi roblem.is to.inplenent
quadrature %8&%%?]6% algtgi??aaﬁ%?tﬁ%ghﬁﬁng’i gﬁ%‘flpqlﬁ x%%%l,t%i grf1 }éef@sc’osi ne and
sine oscil| &iPéhal pepries rd eping | o¥ridilgitear. f Peréest hhtenrpatiarors and

dﬁci nat oris ]?Qgiﬁﬁlﬂ fﬁikh%éréij g%ﬁaﬁrgég{&lx% CHd e@ééﬁ%ﬁodz@ f%&r@&kﬁpﬁé ages of
the sign quenc) e rom.ni requency t.o_.baseband_and Vi versa as
1 ust Pared T ERELER, L Sl SHIENEY, SEeRRPERETE A (0P T

i npl enent at FeAneYr FERER§RESRY EROBoMIERCifaeaueRmInitoatharebamdl iarat i ons. 10
The errors afdeof$s£is afs t Ne1apakague quadrmiging Myxers Cakoe &l ininated

through digital inplenentation .as ilJlustrated.in FIG 2 using digital IF
sanpl ng mertBhce RETERET s T A po B BeBb et PR oi tal 15
front-end rageé inpl ermmmngiiadn comhundtaticn apmisatioggadr ature mxer 20

i npl ements digital nmultiplication 21 as mxer, digital oscillator 22 or

nunerical c t6rgl oSci Illug&g_é éNCO)G#]t@xte enerates cosi ne and sine waveform
digitally and®a®afgitat YT Ofhi a%@ﬁﬁ" PEREURBRHEREY SR BHHi%
di gi t al -t o- anal ogee ebimvarwted (DACPu@B whigiidls amplefepbatemhidsecture' s
mai n advant agesstHdeedli ght alal eceisvely GHadiatung Mgl 2% i RPpheient s
digital mul %I Bhl cation 30 é;lé xermgtr&goddlgl; tvaldL osctl‘rlll aé or 3&, J_é klevm se, the
recei ver ar Pt 8LTLFRE 1RSI Hyte cvides the term digita
15 front-end radico Admplementation. The digital transmit
quadrature mixer 20 implements digital multiplication 21
as mixer, digital ogeillator 22 or numerical control
oscillator (NCO) that generates cosine and sine waveform
digitally and a digital adder 23. This architecture uses
20 single digital-to-analogue converter (DAC) 28 which is
one of the architecture’s main advantages. The digital
receiver gquadrature mixer 29 implements digital
multiplication 30 as mixer and digital oscillator 31.
Likewise, the recelver architecture uses single
25 analogue-to-digital converter (ADC) 38.

In FIG.2 the number of analogue-to-digital converters
(ADC) and digital-to-analogue converter (DAC) can be
reduced to single ADC and DAC but with higher Jdesign
30 specification and tolerance requirements due to the high
frequency digital sampling rate. The implementation of
digital IF sampling module can be wvery costly due to the
complexity of numerical controlled oscillatoer (NCO)
which gemerates digital cosine and sine oscillation and
35  operates -at sampling frequency of multiple times of IF
signal freguency. In addition, two stage filters have to
be implemented i.e. one is for pulse shaping to smooth

digital gsignals into & natural analogue signal



25 anal ogue-to-digital converter (ADC) 38. In FIG 2 the nunber of
anal ogue-to-digital converters (ADC) dnd digital-to-anal ogue converter
(DAC) can be reduced to single ADC and DAC but wi th higher design 30

speci friepaddedmatitit idrfl, AN aRofHRAYLF ﬁﬁ@mtégwﬁof ortdiRifheh JrhieAURRSYsdi i t al

sanpling rate. The inplenmentation of digital |IF sanpling nodule can be very
cost | yleluease sampliog mpterespgctvelyu e toathisc oomplsiXity darsk bighl easdrthé NG@) ofnhi ch

gent s 7 SO BT5L ) 01 80 2P BBl oF R 1S,

filtergat@vean® abeesdpbiptemrdcdsts inhied ard lonitieefiRBlRthd QighEPRWR
digital signals into a natural anal ogue signal 5 representation form and

anot hednNd B splwaretagdipdp igrerndrordgedsaelper stahpreh i ncrease or decrease
sanpling rate respectively. Due to this conplexity and high cost the use of
digital front-end for software radio systens is only feasible for

i npl emrrha{ér?@fq-{b Pasktigh-ati ons and access points. The costs involved are
prohi bitive tfor providing digital font-end for software radio in term nal

or subscriber stations. Summary of the invention: According to aspects of
the pr inbn%ea\%\gé’&stcﬂefr% E?es%rn?vlh\?@fﬂioﬁ"n b tial ool Ry gngiggtélap%ﬁ?'e gr

systemfor a“software radi o System conpri sing: a transmtter nodul e
adapt dthrnsoetegisystehy farrat sofpedrat mdivgpystemvarmpasidgconbi ne baseband di git al

i n-phase (1), and guadr at ur e annel s to forma digital internediate
frequency Eltﬁﬁnqr@%@fdﬂ%‘ﬁ‘ﬂ?o@é%ﬁagfas igiall MiRHRORGe UPFCaTyest @H&qugpme
transyszehafd a | in-phasd [ aRsh dagt e p agonvert
and decinmate a Fggtgei E\r/)e% di g?(?glé/rﬁ: IQ s?gﬁgl ?(??ngh rﬁﬁeﬁaﬁ{jaﬁﬁai %gl}lmﬁg&%nd Q
channéhtermatiatei frequenayr 8hs X signadrfdr meorersion fodanalegus elFal@ osigoal farxed
sanpl itr%‘ and | F conversion rate fs, for both the transmtter and receiver
wher e 'f Sl”é'sﬁ'oaug'a‘?upl e of the bandw dth of the baseband signal (BW,

wher eby fsa= 48N &UGRolinRL t6&Nd &dyRauenaywhiéorfert Nend naﬁ;g-'!?iéase

frequency signal IF is fiF=BW such that the systemcan be app Ina
sof t waeeeivadi dgégabiferdy signal witoebassbayuhaligitad dt &t Quubiancads, omhaeintheany

baseband. bandwi dth by.sel ecting the fixed | te b t h
basebdIEANGhENE SRhiR ABEHLIES % 51 oS RERTh ke Brtling endyF «ShyeSicad 1 or
per f orgiend, besh blof efhro kinisaiittan chib reeeRRAPKABrd UDCKi angubarugieapsthasi on

and deci mation and pul se-shaping functions for reception. The advantage of
enmbodibasvgdisy of the gﬁégéﬁﬂdisﬂg@&ﬁt i(BMV), wherebydee=s4idV\esticarthbbtreppentd in

R0, PRy T G B e B S S gt ke
system can be applied in a software radio system for a wireless communication
application having any baseband bandwidth by selecting the fixed sampling rate
based on the baseband bandwidth and enable a single low pass filter (LPF) to be
used for performing both interpolation and pulse-shaping functions for

transmission and decimation and pulse-shaping functions for reception.

The advantage of embodiments of the present invention is the same system
can be applied in communication systems having different bandwidth
requirements by varying the sampling frequency in accordance with the

system bandwidth.



The invention al so extends to a transceiver with the above system

The invention al so provides a signal %rocessi ng nethod of a software radio
system conpri si ng: Producing a“transmtter nodule (310) adapted to
digitally interpol ate, up-convert and conbi ne baseband digital in-phase (1)
and quddriaverdon elsochdAnes o adranserivar wilgi thalahavesisteinat e frequency (1 F)

| Q signal f - i t nal SO et L.sSi.QR: and
provi ding & et e gl o) B e o R DR gL i 2Bt o
deci nelyetesn coowirigedy. digital IF 1Q signal into baseband digital | and Q

h I's, . ting, th i tt i | i th
comon £ xETOSHABRIE GeaNTgE Mot ne kA ariEd e RS RINa e TRelale: Dartverer
and r egg Msﬁqu@ﬁ%@e{;ﬁn& ]fd_@tagqaq-ma%_leeupfanfdhaumwwedzd:?)h%ahH@usb@Sﬁﬂaﬂ%

signal by selecting e fixed sanpling rate based on the baseband bandw dt h

(BW, digiedd éntersediatefreqaenty () iatsigral foyawigusiontthan ahelogeat!FdCf siggakency
fiF of._the internedi ate frequency signal IF is fi F=BW wherein a single | ow
pass ff?rlttr%'?srf‘i_sﬁﬁn’i s used for perform ng both interpolation and

pul seggapi ng functions in the transmtter nodule and deci mation and

pul se-shaping functions in the receiver nodule. Brief description of the

dr awi RGEVIdING 2 reeriveremedulencil) adapted) taperagie cdavonyert iandedesigiate wi | |
now bee@a5ed URRE) Y IUer] i BEREGaAR LI | ndi ©f ER&RIGAsL O the accompanying
drawings 1 n ch Figure 1.1s an exanpl®e of a typical anal ogue front end

ar chi t ect uropefrating shod tinansmitéell arld aesaivieremarhdes ewétihv @r .colRh@ene fieds an
exanpl e of  a kno igital front end arg‘hitecture for a software radio

. d .
Lr ans APOURING A Bc EPUKPTSIEN At fgrar pets: ther BangAiRbSAdmERECBIeT MIQIFYI t al
front rendasys&iOofah8 BAMAKRIth At et bASSHAAA Sigidl B8R @Rf thd BYBRL T ON-

sampling rate based on the baseband bandwidth (BW), where the fixed
sampling rate f; = 4BW such that the centre frequency fir of the intermediate
frequency signal iF is fr=BW, wherein a single low pass filter (LPF) is used for
performing both interpolation and pulse-shaping functions in the transmitter

module and decimation and pulse-shaping functions in the receiver module.

Brief description of the drawings:

An embodiment, incorporating all aspects of the invention, will now be described by

way of example only with reference to the accompanying drawings in which

Figure 1. is an example of a typical analogue front end architecture for a

software radio transmifter and receiver.

Figure 2. is an example of a known digital front end architecture for a software

radio transmitter and receiver,

Figure 3. illustrates an embodiment of the digital front end system for a software

radio transmitter of the present invention.

Figure 4. is an embodiment of a digital front end



7 transmitter system according to an enbodi nent of the present

i nventi on.

Figure 5.illustrates conponents of the digital front end transmtter system
with sanpling results in frequency domain illustrated for each up-converter
function. M@ee136480i S an enbodi ment of a digital frontcengyhPnR6REVer

system according to an enbodi ment of the present invention. Figure 7.
I1lustrates conponents of the digital Tront end receiver systemwth

sanpling results in 15frequency domain illustrated for each down- converter
Figure 8.ill usthahestan exaygl ackbraanpl ex gh gbdwdairedtng. 20

functi on.

Figure 9. is an exanpl g

h for the digital IF
sanpling/ m xing of an eﬁgfg&%ngﬁgé{%%@ﬁlﬂé@%%éggﬁt I nventi on.
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10,

11.

12.

illustrates components of the digital Ffront
end transmitter system with sampling results
in frequency domain illustrated for each up-

converter function.

is an embodiment of a diglital front end
receiver system according to an embodiment of

the present invention.

illustrates components of the digital front
end receiver system with sampling results in
frequency domain illustrated for each down-

converter function.

illustrates an example of complex digital

mixing.

is an example of the system wused for the
digital I¥ gampling/mixing of an embodiment

of the present invention.

illustrates the raise root cosine filter

respounse.

illustrates the effect of interpolation

without low-pass filtering.

illustrates the effect of low pass filtering

on interpolation.

Detailed description:

The digital front end transceiver system of the present

invention enables a common architecture to be used for

communication systems using software radio by using a



25 Figure 10. illustrates the raise root cosine filter response. Figure 11.
Illustrates the effect of interpolation without |owpass filtering. Figure
12. illustrates the effect of |Iow pass filtering on interpolation. Detail ed

descri pti omo 2begi3disgi tal front end transceiver system ebrhvheoprResAt
I nventi on enables a conmmon architecture to be used for conmuni cation
systens using software radio by using &a WD 2008/ 133489PCl PUY2007MD0026 8
common fixed sanpling rate and internedi ate frequency conversion rate, f"
for the transmnbdterficed reagilMery frand end cormeonedtsteespechienelyy, where

15 2 quadpphes i, | DecDaNGY didd, 0 cf e angRaife,S! AUR) revdilhe@mhOC Ment

of the transcerver system i s §hown I gur e di gi talcfront end
system 300 E5RPEi sB8Ya CPBRASAPRERr FORRAETYEIYandvhereceifver 1fnd@ e 320.
The transm gligariprkl e IH: eARpWisas oflitgid aaskbanankige41.10 baseband
interpol ator 42 and an up-converting digital internediate frequency (IF)
sanpl er/m xer 39. The transmtter nodule can also include a digital to
anal ogue cofReramoddrentThet r &be| VieranfsRiver3 28y &effpr iiSesshewn  in

down-conver ¢5g@réli gi t atrhkFaSgiPAEr{f8¢erend system 300 comprises a
transmitter module 310 and a receiver module 320. The
transmitter module 310 comprises: digital transmitter

10 baseband interpolator 42 and an up-converting digital
intermediate frequency (IF) sampler/mixer 39. The
transmitter module can alsc include a digital to
analogue converter 312, The recelver module 320
comprises: a down-converting digital IF sampler/mixer

15 46; and a decimator 49. The receiver module can also

include an analogue to digital converter (ADC) 322.

Embodiments of the system can be implemented for use
with compatible ADCs or DACs, thus the ADC or DAC can be
20 omitted in some xrealised hardware embodiments of the
transceiver front end, such as an application specific
integrated circuit (ASIC) or field programmable gate
array (¥PGA), where the ADC and DAC functionality are
provided implemented in additional components.
25
The transmitter module 310 performs the functions of
digitally up-converting the baseband I and Q channels to
the intermediate frequency, mixing the up-converted I
and @ channels to form a digital IF IQ signal. The
30 digital transmitter baseband interpolator 42 includes
for each of the I and Q channels: a digital sampler 45
and a low-pass filter (LPF) 44. The digital sampler 45
samples the symbols for transmission, having a low
symbol rate egual to the baseband bandwidth BW, at a
35  higher sampling rate (£fg). The low sampling rate is
egual to the baseband bandwidth {(BW) and in the
preferred embodiment the higher sampling frequency (£.)
is egual to four times the baseband bandwidth (BW), thus



15 46; and a decimator 49. The receiver nodule can al so include an anal ogue
to digital converter (ADC) 322. Enbodi nents of the system can be

i npl enented for use with conpatible ADCs or DACs, thus the ADC or DAC can
be 20 onit karhobdmss@ae real i sed hardware enbodi nents of pchertAansaes ver
front end, such as an application specific integrated circuit (ASIC) or
field programmabl e gate array (FPGA), %where the ADC and DAC functionality
are provided inplenmented in additional conponents. 25 The transmtter

nodul e 310 pecdswr.ns trhe fluetpsers Dflwdixgi (W)Y ap- geperhsngilke:-baseband |

and Q channe s 19 the nt er frequenc up; v ted I and
Q channel s £0°P6f a° glntnﬁn%%lea‘f‘%lgf‘\gng? )I[‘ﬁe 3@@9‘: ?5’ trag‘:n s&m%'[ter
baseband i neégpdl at or 42 i ncl udes for each of the | and Q channel s: a
digital sanpler 45 and a Iow— pass filter (LPF) 44. The digital sanpler 45

sanpl es the ansm n VI n | o e ual to the
baseband® ba'f!i‘g‘X dak eﬁ“eﬁagﬁer ga gng %Vaﬁ%?blf)ml?ﬁétg I 0\% sanpl i ng
rate is equabmbbneﬁealbas‘ebafmﬁ‘tﬁaﬁm‘:@teh X S\Fﬁ ahdcfilﬁrfn’tqié predngr e

embodi ment  thgn hinghes i SANPL b1 Jakd egotengya (£, huﬂnérﬂamiytébﬁwmédres t he

b band band f |t LPF
pgffo?&; pﬁgg‘“ﬁf@%% V\gm%ét)d ﬁ\t 3?%01“5%‘?3%9%? \F’?V;%%fs ISI Ii/er%%?pq d SI gnal .
5 The digitaR Fhgpahee srenvauigdetoy t@anppéprmﬁeatagf@mtﬁrms Thd

up- convegt shbe gh gapgh Qléh%'iPﬁla& li%' mehwcﬁv%t@adltfd &S A0 apd 40b and a
nunerically ontrolled scillator ., é gmée# 314 to provide a

di gi t al | Q $Rgn&FIRE cofer t P8 ﬁéo nt €¥ medi &t &® re%ﬁjen FY%0 The
digital |Q spygnattés (el GdAverted to an anal ogue |1 Q signal for

transm ssion by digital to anal ogue converter (DAC) 312.

The digital up-conversion technique employed by

15 embodiments of the present invention uses a common
sampling rate, £;, to up-convert the kaseband signal to
an intermediate frequency (IF). The DAC 312 systemn
clock operates at the same sampling frequency, f;. In
the preferred embodiment, the sampling fregquency is four

20 times the baseband bandwidth, £,=4BW, and the centre
frequency of the IF signal, £ir, is equal to the baseband
bandwidth, f£1p=BW

Uging the common sampling frequency, fs, as described
25 above enables the wup-converting digital intermediate
frequency sampler/mixer 39 to be implemented wusing a
multiplier-less architecture, which uses simple sign
modifiers 40a and 40b to change the sign property of the
signal dnto peositive, zerc and negative in a periocdic
30 manner. The sign is generated by a simple NCO that only

generates 1is,-1s and Og in a periodic cycle.

The operation of the digital wup-converter will now be
explained in more detail with reference to figures 4 and
35 5. The baseband signal 65 input to the up-converter 400
is sampled at a sampling frequency, £., which is 4 times
BW, the sgamples 66 are then Iinterpolated and pulse
shaped 68 using the LPF 6&1. The digital mimer 55 and



The digital up-conversion technique enployed by 15 enbodi nents of the
present invention uses a common sanpling rate, f" to up-convert the
baseband signal to an internediate frequency (I1F). The DAC 312 system cl ock

oper at es atydies/sayge sanpling frequency, f.. In the preteanedyRiohegd nment,
the sanpling frequency is four 20 tinmes the baseband bandw dth, fe=4BW and

the centre frequency of the IF signal efir, is equal to the baseband

bandwi dth, f IE=BW Using the comon sanpling frequency, fs, as described
25 albov/e _enaiaéggc?hesuapaelawr&% nga Qigi dral 1 d ne};tem}aég aflﬁ.frmuemfb t

sanpl er/ m xer o he | enent e ing a iplier-less arc ecture,
V\hirrgh uses Frrp?%n%rl%nesno |eﬁ18$%°40§f’an ’4og1itoa§ﬁange ‘ﬁs%zues% gnryoﬁroperty of
t he signal patblpatian vehaserar aht n@Qat i ¥0T namdpeiPddi c T3@ Mwwrer. The
sign is genghatesd BypiefddPlt@eNCOLiRak ALY gene et 1S, oherangd G in a

i odi . Th i on, of the digital .up-convert. LI b
Grepl i nct | AnRr EAOBEET | C0F (WL GHOWH 0 F (0, B EhA 8 8% The baseband

signal 65 i Apuinvolvée epamomieripddc48dons ofafpl d aad aisdmpMlighf requency,
fe, which i gnfytifese BW Lbgusamlies HQrafie AR Y JPUARAaand pul se
shaped 68 using,the LPF (‘S-lg)l ,Tﬂe o] |g<gg xer 55 d 10 tﬂi NCO 56 operate
at " whi ch®PR¥EFHR MY EiRhE® er 8% i HFEEEEL 6°C-1 and 0
val ues for geueriinonvphage athd, thdn 180 langn@761 Hmd fimguiplsses
represens thexdalpdmse MUildiRiiehtYoRl fraR¥Ss L&Panddies Snallieglhe digital
m xer to be nul l!‘%l er-less as it invalves m\gglrrrultlgllcatlon f 0, 1 and
-1 in whi chsf’)ﬂ?él | B SR e ftitYes YRGS e E89%% nBfat &&e A

non- i nt eger basthapl i eigyalof afe gperoritgrtadestiidre: NO@ gomeratddigiteal ues

other than @redudid, -de AR FeaHLESSy 1A .FLXgg- point nultiplication. Taking
advant age of integer sanpling multiplicity technique all sides of the
baseband signal are up-converted where the internedi ate frequency centre
frequenty | Fhe BU¢ ¢EndhetNCOadimntateesigdrtéot ofcilkl atilenzofl 0, -is and

Gs in periodjc o a@apal cWighnkhe @26 |t | 9Byl i ds Foe tiRBSERE the
periodic fre%tr{enc% Ugl ng t he qmul tlgl i Ci t}g of four, the operating sanpling
frequency cii™pR fxEBet BeFORFtS | PRSI HE hasEhHit Hith dH I to ensure
t he of four, the operating sampling frequency can be £fixed
to four times the baseband bandwidth (4BW) to ensure the
20 1¥ bandwidth falls outside the baseband 76 illustrated
in FIG.6. When the sampled baseband digital signal 54
is digitally mixed with digital oscillation 56 in the
digital IF sampler 53 in FIG.4, the baseband signal is
up-converted to the IF (£ = BW) 75 to 76 illustrated in
25 FIG.5 by the mixing process.

The spectrum behavior of the digital up-conversicn is
illustrated in figure 5. The Dbaseband signal 65 is
sampled at four times the baseband sampling rate or
30 bandwidth to enable the signal to be mixed digitally in
the digital IF sampling stage. The baseband signal 65
is dinterpolated to four times its bandwidth 66 through
the up-sample and interpolation filter 68. The
interpolated signal 75 is digitally mixed by the digital
35 mixer components 53 producing up-converted signal
sequences for the I-path and the Q-path 76, The
spectrum image produced by the mixer at £, - fip, near

sanpling rate £, is filtered by an analogue LPF after



20 | F bandwi dth falls outside the baseband 76 illustrated in FIG 6. Wen
t he sanpl ed baseband digital signal 54 is digitally mxed wth digital
oscillation 56 in the digital IF sanpler 53 in FIG 4, the baseband signal

i S up-convevd mds/insgohe |F (IF = SW 75 to 76 illustrat egdrivyxedoldsd by the
m xi ng process. The spectrum behavi or of the digital up-conversion is
illustrated in figure 5. The baseband &ignal 65 is sanpled at four tines

t he baseband sanpling rate or 30 bandwi dth to enable the signal to be m xed

digital : y i rthtehe?ldé:giﬂ'al thoF Saﬂﬂﬁlrb égg:lfet ﬁgﬁecﬁrﬁ@nbaﬂ'sﬁywh 2 dvsi g}ﬂ@fclnfé i 3

i nterpol ate ur times it. ndw dt ro .t he up-sanpl e an

i nterpol ati %ﬁltrf%lhﬂ?ehe%?o e it glpp\g%’gt %%aeg?%%ealéjc%?lﬁs' digitally m xed by
the digital 35 m xer conponents 53 produci ng up-converted signal sequences
for the |-patl antdiRerQmeddle 6320 haowpeebriigrisbgaepradugedabyrd he ni xer
at fs - ir,chré%%relsa lnian%hreatfi‘f’tols Elle|t re E:pl_gc.lan anal o ue PFeafter 11
the DAC 57 £6°PeRove tHe spect rum itm§ES7 7RI uPEREF 2B  pridtessing in
t he anal ogu&eg6itipd. IPhebepsvelveiymduliale2thdownspertéres It knd drei ved 1 Q
5 chalnn_el t f rc:@ﬂibbh@ntg, t gantdﬂlea@@m%ﬁm, o&ep@%:@t @asbbgaze@eitx\/edn?thghannel
signal into the respective | an 0 nts, and decimates o e
respective Icthg‘ﬁﬂe c%%ﬁh ey gn‘g?s.&&ﬂpﬁgg 35 YHN er'g: ®t hE®FetE Ved

anal ogue | Qaziegnabet 6Qastigat o |Q dligjral. IR phopelt yaobrdPerte fhal ogue to
di gital 160N\¢@eSi QRalSgtt | |{:§9dd:%:ﬁ.ﬁ"£(%.tUrc%'n'v)ér@@%'cﬁgveﬁﬁiif&é' gral froma
first internpediate. frequency (I 1?: to.a second?h![nte nmedi ate f[equency
(1F2). The & -r(a;g?ﬁert WG-FOGVERF | FRanpPEFPR xert AR i nél udes¥3h NCO 80
and two si ganiSrpedietre efgefQan?ob (IFl)separ at i segeant drgetmédiate

down- conver ri-Bguthey ! argzQ. channgle syahed seddwPriRg seeQpd -int efgredi at e

frequency I E2 to a,basebangd signal. The and channel s _are then each pul se
shaped and awgﬁfé‘al ?/rtgs L ﬁ?fleﬁndaﬁlanﬁggrsggz 8R4t hE¥Yeci iR or 49 to
15

converters 79%a 790 for separating and digitally down-
converting the I and  channel symbols from the second
intermediate fregquency IF2 to a baseband signal, ‘The I
and Q channels are then each pulse shaped and decimated
by the LPFs 51 and samplers 52 of the decimator 4% to
20 provide baseband symbols of bandwidth BW for Ffurthexr

procesgsing.

The digital front-end transmitter architecture in FIG.4
has fixed digital clock frequency f£f.;x for digital

25  progegcing cqgual to 4BW from basgseband to DAC. Likewise
the digital front-end receiver architecture in FIG 6
uses a digital clock freguency equal to 4EBW.

Embodiment of the invention take advantage of a propexrty
30 of digital IF sampling where the IF signal before the
ADC has a centre frequency fiy; where £y = £, + BW = 4BW
+ BW = 5BW. When the IF signal is sampled at £, = 4BW,
the IF signal naturally down-converts to a new IF
preclsely at BW. As illustrated in £figure 7, when the
35 signal from ADC 81 dis digitally mixed with digital
ogscillation in the digital IF sampler 78 in FIG.6, the
I¥ signal 81 is down-converted 95 to 96 by the mixing

pProcess.



20 provi de baseband synbol s of bandw dth BWfor further processing. The
digital front-end transmtter architecture in FIG 4 has fixed digital clock
frequency fen, for digital processing equal to 43Wfrom baseband to DAC,

Li kew se the gugiskab front-end receiver architecture ipckivia0048RS: @
digital clock frequency equal to 43W Enbodi nent of the invention take
advant age of a property 30 of digital ¥F sanpling where the |IF signal
before the ADC has a centre frequency fin where 1n = fs + BW= 43W+ BW=
53W When t Fbel Fpscgnah behmainpired fattifeg Hgd8W thenl Eosvgnalomatsiral |y

down- conver k5140 0El I PIREISH.Y %eB\fb ightiugi akoftdd e 7. when

the 35 signal from ADC 81 %ta m xe digta osci | atlonln
the digital #PE JUi% e 7§1?"ﬁe’F—? BY fhelre dizgiapags i&lltewn- &RRerted 95
to 96 by theéini xtag pemsessanyl2sphetspectimagebebadi op oéoxﬁ;hﬁueditgl tal

down- conyer sk E8ql kbt aﬁ%ggg gngkggésn;,{lm%u}gp W ALl felore the

ADC nmust be filtered by ana ter g 0 renbve any
spectrum i nﬁ@@n%dBbchéﬁﬁﬂ)r%rﬁe@qeesﬁﬂeﬂé‘&nﬁ’oﬁuana vogue fregubney mi xi ng.
The first | Bwsi ghsl n82ubaviyg &w&eﬁbheef:t@dluﬂzﬁbcy:néwn,a wheie cfei:ﬂ:ref + BW
is naturall nyert w a w centr enc f , V\,herefm—
BW when thg %%Qngyo ym'S‘i:‘Hllegr%sgeﬁﬁl ed%gvl’ %Ee}’ E? ‘E&?a ea/rfa’ erd f, = 4BW
At new 10 fF’F‘ZPleBV\?tt Re "$8B4/8Y| FakPghal EBG‘JF% §an’p| 48Wpy e new

sanpl er hom X €278 t BWSepRacatsacdna |13 chagngl bbbt aid hQaﬂfxﬁS@cEbeVQzﬂe and Q

conponent s nv e spgnal bas and, si s havi ng
a bandw dt hé%gp;g”%ﬁmz@ ﬁ:%l sgééj%s&que%g?y% glolilaﬁnfly p&f‘%@ g‘%’e?ped 101 15
and deci nat F8APEPRITS HoAedt @ s ate singhafufthan f downABWHertt he
orlglnal baEBbaEﬂgb@ﬁﬂwtﬁﬂﬁhéﬁhhﬁﬂ”ﬁﬂ@na&@tﬁaﬁ@ﬁgfﬁrbaﬁ&wﬂﬁﬁghﬁﬂdfd'g|ta|

si gnal procgsgighd. ;AN ale@n;&gg n[étl?’ Séliédatl Onf th I € %gt g v ntion is

20 that it avoids conpl ex si gna exa conmmon
conpl ex*¥i ghPal daritag s ddyi ﬁscéﬁ’ﬁér’é? aff anpiey éﬁ’@ |S§9F1F1P~u§t-“wat%ﬁ sin figure
8. The ill usswated tenmayigcaan eesdbghtabamineathasnd fdp@dipaidie

mul tiplier §1Q n%}%ﬁglbtdg p&R8! RELSL LD sqier’]‘%(r)lgt?f’f’;i? 8%5!1; The f" must be in

great nmultiple to represen erfe A Coordi nate
Rot at i on Dlgltal Conmput er (CCRDI O aI gorithmis used to inplenment digital
cosi ne and shnedossatidat boOnthdhisysabgobirt MmeC Prdreneonplvntlionpr@cess and

prOducez§|Owhéproyghp¥@o§ﬁgité%mplex signal multiplication. An
example of common complex digital mixing used in
commercial systems is illustrated in figure 8. The
illustrated common complex digital mixer has a fixed-
point multiplier 808 and digital cosine/sine generator

25 804. The f, must be in great multiples of BW to represent
perfect oscillation. A Coordinate Rotation Digital
Computer ({(CORDIC) algorithm is used to implement digital
c¢osine and sine oscillation. This algorithm c¢an be
complex to process and produce slow throughput due to

30 the number of cycles for the algorithm to rotate within
angular wunit circle before converging to desired
oscillation value. Discrete signal sample result of the

digital mixer is illustwrated 805.

35 An example of a digital mixer, implemented as combined
gign-medifier and NCO, guitable for use in the
architecture of the present invention is illustrated in

figure 9. The embodiment dillustrated in figure 9



30 the nunmber of cycles for the algorithmto rotate w thin angular unit
circle before converging to desired oscillation value. D screte signal

sanple result of the digital mxer is illustrated 805. 35 An exanple of a
di gital m g&yxediPieMent ed as conbi ned sign-nodifier agngmgwﬂg@bl e for
use in the architecture of the present invention is illustrated in figure
9. The enbodinment illustrated in figune 9 13 inplenents the sign nodifier

and NCO using a sinple 4 input multiplexer and 2 bit counter with operating
frequency fimgl ARBWEsA tH 81G OhohEldi sahek@oSABIRS A gifSORi ged to
represent full cosi n .a?d si ne_5_o0sci Ibl,atl on djgital Jel i.e. a maxinmm
positive, a A% mih E&E' FFOE 0F%erd, Pdni APHRRTReg® iR e BSE2HERP mum

negati ve orizsnmndthelsisgniBhanyenipihani o foas Aiscgemrpl eampiesi gn

i nver si on pard or PEgubYed NVEB! errLiRoaRd 1-dhh addidiqn 131 1Q:Fke digital

| F sanpl i ng/ m xi n%iand di gl tﬁ I nterpol at oy and deci,mator npdul es in both
di gi tal romi® PENSHPEEBL 1 EnY - FecRi DRFIEH (REF Ve & MIBE™HM  operat e
usi ng the spowtdefd ned: sargd.ng o r egueimoyn  HegahiDel5 agenemakésuper f ect

osci |l ation,ofadiSe drS ARG .05 | npperi Qi CoBe MR 1Ehe y@8¢i bhation val ue
is four tinmes of the periodic frequency. Using the nultiplicity of four,

t he oper at | FRIFREHRY N &P qoRiTEF+ &npﬁ}éff’mﬁ‘a Py AnyephRBwtd? hapdBw to
ensure the 1dibarddidtibnf alls 20 outsi de the baseband.

Thedi gi{al transm tterandrecei ver syst em advant ageously enpl oys a single | ow

pass filter_to (ﬁgform both the, inferpolation and pul se shapi ng 25
functions fote tFEItiain st « BRRPhiRE fHe ldgciaRs i Beldid pRtSEPohapPhg

functions iamd hedeeD®itwer . modules in both digital front end
transmitter and receiver software radieo must all operate
using the same defined sampling f£regquency. The NCO
15 generates perfect osgcillation of 1s, -1s and Os in
periodic manner when the oscillation wvalue is four times
of the periodic frequency. Using the multiplicity of
four, the operating sampling fregquency can be fixed to 4
x bandwidth (4BW) to ensure the IF bandwidth falls
20 outgide the baseband,

The digital transmittexr and receiver systemn
advantageously employs a single low pasg filter to
perform both the interpolation and ©pulse shaping
25 functions for the transmitter and the decimation and

pulse shaping functions in the receiver.

In the preferred embodiment the low pass f£ilter 44 51,
for interpolation and pulse shaping and decimation and
30 pulse shaping respectively, is a low pass finite impulse
response (FIR) filter, A root raised cogine filter is
recommended for the low pass fianite impulse response
(FIR) filter. Root raised cosine f£ilters provide
excellent low-pass Nyquist filter response effects.
35
An example of a raised cosine filter freguency reaponse
is illustrated in figure 10. The raised cosine filter

provides excellent pulse ghaping filtering as the



In the preferred enbodi ment the |ow pass filter 44 51, for interpolation
and pul se shaping and deci mation and 30 pul se shaping respectively, is a
| ow pass finite inpulse response (FIR) filter. A root raised cosine filter
i s recomremdeshod/eiigohe | ow pass finite inpul se responsecghhfRhofdobdz6r - Root
rai sed cosine filters provide excellent |ow pass Nyquist filter response
effects. 35 An exanple of a raised cositne filter frequency response is
illustrated in figure 10. The raised cosine filter provides excellent pulse
shaping fil tfeeiqngnag thapobéefl r BHUBNCYof espopeeredt) rhl‘éﬁda Peffect rai Se_Olt
cosine filten S [ I vide three parts. i.e. |
s flat (co%stgﬁtr) >i| n %E)%ésc aléch?ngz %fl%k\si élelrgeglce Lﬁ cé(;l'él e curve to
zero througRafFke- 51t-f-"an§|tt iion i ‘Powtt) il zfé?fb PrASitdedheltpass- band
13 det er m nesnkbe irol & - g&acéaﬁlorco@ﬁnbﬂe:dﬁdet ﬁ&ore§ﬁen%1gﬁﬁahs tmkes
rai sed- cpsi ItrfrtlsarC|tetu e i.mul se
responsegof @gﬁﬁglég ?Féga Jﬂed ?103| (r?fe i C&F PSTE %wnEﬁ %‘a e ‘4. \When
root rai sedﬂléeé%’inh%e#|‘¥1‘t%rr<éq1umfforf35t°??30§oﬁhel Gélter thednweid., the
i npul se resppAse rake@(Uadi e IdR inRPU S e ahesRanse of100F Mabyr Q!}ﬁ%d 1903' ”el
filter. hCLzshplgbel ). cOhla TghhD rolMlde b ol 212,48 QUG T

cosine filter is shown in Egquation 4. When root raised

10 cosine filter Equation 5, is convolved with itself, the
impulse response is equal to the impulse response of

normal raised cosine filter.

sin{m /1) cos(zpt!T)

/Ty (-4 1T (4)

h(t) =

15
sin((i~ Fat/T)

4ﬁ%
T Q= 481TY)

cos((14- By /Ty +

h(t) =45 (5)

This makes root-raised cosgine filter an ideal filter for
both digital front-end transceiver LPFs of the same
20 system.

Figure 11 illustrates the effect of the interpolation
sampling without low-pasgs £filtering. The effect of the
sample rate change produces harmonics of equal strength
25 at multiples of original sampling rate. Figure 12
illustrates the importance of LPF for interpolation
process. The root-raised cosine filter response removes
the multiple baseband spectrum images from between 0 and
£s. The number of filter taps can be fixed to a value
30 that gives excellent frequency response approximating a
Nyquist filter response. The LPF also pulse shapes the
digital sigral for analogue transmission over higher

sampling frequencies.



sin((1 fi)nt I T) Thi s makes root-raised cosine filter an ideal
filter for both digital front-end transceiver LPFs of the sane 20 system
Figure 11 illustrates the effect of the interpolation sanpling wthout

| ow pass fwldB6dnguseo The ef fect of the sanpl e rate changerpf@duaeszar noni cs
of equal strength
15

Embodiments of the present invention provide an
efficient platform for software defined radio
implementation. The sampling rate multiplicity can be
fixed to¢ four times of bandwidth and the number of

s Ffilter coefficient can be fixed to the number of taps to
gives excellent frequency response approximating the
ideal Nygulst filter response.

An advantage of the present invention is the sampling
10 frequency f£,, and the number of filter coefficients for
the filters can be easily adjusted through software to
suit ‘specific applications. For example, the same
system can be used for a narrow band or broadband
wireless communication application simply by adijusting
15 the sampling frequency and filter coefficient parameters

for the software radic system.

This enables all the digital baseband and digital IF
sampling modules architecture to be fixed for any
26 wireless Dbroadband application allowing true socftware
defined radio for any implementation type through
programmable hardware or software application. In other
words, embodiment of the invention enable many different
wireless applications implemented using the same digital
25 fromt end transceiver software radio system with
programmable capability. The architecture can be
readily realised in FPGAs or digital signal
microprocessors with only minor parameter modifications

in R¥ front-end design of the system.

30
Embodiments of the present invention offer efficient and
low complexity implementation for a digital font end forx
a goftware radio system. Embodiments of the invention
are sulitable for use in software defined radio
35 implementations for broadband digital wireless

communication system as the architecture provides fixed
multiplicity of sampling rates from baseband to the

intermediate freguency (IF).



25 at nmultiples of original sanpling rate. Figure 12 illustrates the

i nportance of LPF for interpolation process. The root-raised cosine filter
response renoves the nmultiple baseband spectrum i mges from between 0 and
f,. The nugleh@fsdsh! ter taps can be fixed to a val ue 3erhhabo@oMes

excel l ent frequency response approximating a Nyquist filter response. The
LPF al so pul se shapes the digital signal for anal ogue transm ssion over

hi gher sanpling frequencies. 15 Enbodi nents of the present invention
provide an ehfighent cphakborgnier seftvare gedi ngd ragh o prgdeanept ation.
The sanpling rate multipligity .can be fixed to fo s of bandw dth and
t he number g‘F SEXFRHR g%e%lrhlemlé)ﬁren AR%phe SFCLRSE % tﬁe@i?nber M5t aps to
gi ves excel P?eqtlli'q%q@l’eh@ywi%@p@m%et‘apwmwmtIWW&E& idearedgmpAt filter

response. A&mﬁﬂi!@é‘é?&? Ofnt h%opaeS%ahpkﬂg@ﬂt beN Jatrikkeo8aMhichg 40
frequenc% .. and. the nunber of fjlt coefficients for the fllters can be
jus

easily a FB’E}PY‘W%%gh “Fof t ﬁ/ﬁ’?‘%r’t%“b‘ﬁ’l t *8pedPPic EppPfcatiomet
exanpl e, theesase siyyst emizgan specafed flor Prerarew bafid bre brmd

wirel ess CO@‘BHBh£@§'19@t3:PcP&'t@@%%lﬁﬂd@plﬂﬁebﬁr@ghﬂé&' 58 A@imrﬁwl i ng
frequency ar§1d #llter coefficient paraneters for the softvvarﬁ radi o system
g

This enabl e$“AFFT he TSP batRbar@TaflSdi PRI Snp! P | es

archi t ect ur énvenbiond xed for any 20 wirel ess broadband application allow ng
true software defined radio for any inplenentation type through

programmabl e hardware or software application. In other words, enbodi nent
of the invention enable many different wirel ess applications inplenented
using the sane digital 25 front end transceiver software radio systemwth
programmuabl e capability. The architecture can be readily realised in FPGAs
O digital signal mcroprocessors with only m nor paraneter nodifications
in RF front-end design of the system 30



Enbodi ments of the present invention offer efficient and | ow conplexity

inpl ementation for a digital font end for a software radi o system

Enbodi nents of the invention are suitable for use in software defined radio
35 inplenentations for broadband digit Wi rel ess conmmuni cati on system as
the architecture provides fixed multiplicity of sanpling rates from
baseband to the internediate frequency (IF). 16 In the clains which foll ow
and in the preceding description of the invention, except where the context
requires pfd)gWi se due to express |anguage or necessary inplication, the
word "conprise” or variations such as 5 "conprises” or "conprising" is used
in an inclusive sense, i.e. to specify the presence of the stated features

i
but not tg preglud he, presence .or additi further features in various
ombod ments: of A ERLE FOGHEREHENESe s S ARoflagid SR FH s Bt S e hscer ver
system (300) febmprigpigt ware radi o system conpri sing: atransmtter
nodul e (310) adapted to digjtall in&ﬁr ol ate, ug- onvert and conbi ne
baseband digital i n-aptﬁ%%%'n&ﬁef fﬁﬁéwﬁu rogt e éﬁ%’ltﬁ‘ié’l terpofaie R di gi t al
internediate fprgQued ( ; i fak; \ I IF 1Q
signal for tra%gm ss%ﬁg;édg&r’%’hg @%ghge@gﬁt@gﬁ\ﬁn%aﬁﬁﬂ@ %@%wagg%ldfé%@%o
separ at e, downcbamwals ttoafdd ec digitad intermediate drelugrtcyl (IFF 1CQsgjrgdbri nt o
baseband digital | and channl in the transmtter and

| .
recei ver nodul E8MYRISIOR 105 agﬂﬁ%éﬂ%&'ﬁ%ﬁmﬁrﬂ@éméP ion rate fs, for

both the transmttep ARRGIVACRIORIe RS ddupted &odyagardte e delvnt &enRandwi dt h
of the baseband signal (SW, such that the system can be applied in a

sof twar e radi oaB¢sdeGinBdR aaredeied@ shgitadniiruHR cagnaninkp plasehendndigdal hg any

baseband bandw cting the fixed sanpling rate based on the
baseband bandv\:agghrbgﬁaﬁgéﬁgbl e a single low pass filter (LPF) to be used for

perform ng both intaheebat ihentrandmmiesanghapenerfribglie@nssd ar cémaitsin ssi on
and deci mation_and pul se-shapi ng functions for reception. .
fixed sampling and IF conversion rate f;, for both the transmitter
and receiver where fs is a guadruple of the bandwidth of the
baseband signal (BW), such that the system can be applied in a
software radio system for a wireless communication application
having any baseband bandwidth by selecting the fixed sampling
rate based on the baseband bandwidth and enable a singie low
pass filter (LPF) to be used for performing both interpolation and
pulse-shaping functions for transmission and decimation and

puise-shaping functions for reception.

2. A digital front end fransceiver system as claimed in claim 1 wherein the

transmitter module (310) comprises:
a digital transmitter baseband interpolator (42) having for each of

the | and Q channels a digital sampler (45) adapted to sample the digital
signals for transmission, and a low pass filter (LPF) (44) for interpolating
and pulse shaping the sampled digital signals; and

a digital up-converting intermediate frequency



2. A digital front end transceiver systemas clained in claim1l wherein the
transmtter nodule (310) conprises: a digital transmtter baseband
i nterpolator (42) having for each of the | and Q channels a digital sanpler
(45) adapted to sanple the digital si g%al s for transm ssion, and a | ow pass
filter (LPF) (44) for interpolating and pul se shaping the sanpled digital

signals; ap i.git up-converting ipternediate frequ

sanp er ) meRoP R abReh ook BRdRa dabindEen (b ERTPIR BatUEEY NG Kinae (a1
two sign senveversrd Mn, 4000)anand niixdn (eauy) @&%mﬁmingiﬁﬁ@lugd%v@ﬂ%g
up-converting to the IF the digital signals for the I and channels. 3. A
di gi tal fothe Endetdiaits sdgnals feyibed AnssQcEan™e-i n cl ai m 2 wherein the
digital m xer/sanpler perfornms up-conversion from baseband to the

i nternedi ate frequency by applying a periodic sign changing sequence of O,
1, 0, -1 representing phases of 0, 90, 180 and 270 of a sinusoidal function
at a sanpBi ng padigit@ffrdrieHVWams Rt Ristdhars clamseddrrdamel whakdih tiie 90

phase separation and m xing the sanpled signals. 4. Adigital front end
t ranscei veigitey strexerssarapler mp@rionms| aiprcenvgrsian nfriwo pasgband tawthe gn

(105, 1150 &MPYe0" BEalE Tl PR, SHERAG S HBH B Y S Eh bR BLE S uses
2' s conpl eppntl mIpgesantirgy shasespelr 00018y and RRoRbf arsifusdialandctigre bit
adder (111 A digital fraont end transceiver Séstem as claimed jn claim

. 5.
2 further a%én’ﬁ@mﬁ’l”ﬂ@ rated phif=ABWoloa garb difetheoh dadt @r chianmels (vatipp Por
convertin o TH -S| . ogue IF IQ signal for
transm ssPg%l%sgg)gﬂgrngbg%@a%%'?%ﬂ?é%@g{e?d;ﬁ'ggggs\'/er systemas clained in
claim?2 wherein the LPF (44) is a root-rai sed cosine | owpass filter,
adapted to performboth interpolation and pul se-shaping operations. 7. A
digital front end transceiver systemas clainmed in claim®6 wherein the
i mpul se réspondedigftat flent ppd(Uaysqeivalesysiea 8§ :claimged in claim 2 wherein

NCO (41) and two sign converters (40a, 40b) are implemented using two four
input multiplexers (108, 113) and a 2 bit counter (114) wherein the sign
change mechanism uses 2's complement sign inversion performed by an
inverter (110) and one bit adder (111).

5. A digital front end transceiver system as claimed in claim 2 further
comprising a digital to analogue converter (DAC) (312) for converting the

digital IF 1Q signal to an analogue IF |Q signal for transmission.

6. A digital front end fransceiver system as claimed in claim 2 wherein the
LPF (44) is a rootraised cosine low-pass filter, adapted to perform both

interpolation and puise-shaping operations.

7. A digital front end transceiver system as claimed in claim 6 wherein the

impulse response of the LPF (44) is defined by:



h(t) 4p cosalt 107c t+sin((1 - fi)ltt I T) 48f n-1f(1-4flt T)2 ) where p
determ nes the roll off factor of the filter response. 8. A digital front
end transcei ver systemas clained in claim1l wherein the receiver nodul e
conprises: a down-converting digital |IF sanpler/mxer (46) having a
nunerically controlled oscillator (N (48) and two sign converters (47a,
47b) for separating and down-convertiitg froman internediate frequency to a
baseband the a digital 1Q signal received froma digital to anal ogue
converter and separating the signal into the respective I and Q signal
conponents; and a decinator (49)sihayl /fpr each of the | and Q signals,
a low pass filter (5f¥m«b?ﬁbﬁ§§bz S Tp'decinating and a sanpler (52)

for down-sanpling the | and Q channel4/tgnals to reduce the signal
bandwi dth to t k&) =8 i g aseband. 9. A digital front
end transceiver system as € dite®P4/4)0h ai m 8 wherein the down-converti ng

digital m xer/sanpler (46) perforns down-conversion from baseband to the

i nternedi ate frequency by applying a periodic sign changi ng sequence of O,
1,0 ,-1 wepreldsateignphake solodll trtonodhef@er erpa®e. of a si nusoi dal
function at a sanpling rate of fs=4BWand sanpling wwth a 90 phase
separation to separate the | and Q signal conponents. 10. A digital front
end trans8ei ver Asgigitahiraat endtizpgceivecpystaimgasweiainged ipdaim 1 wherein the

receiver module comprises;

a down-converting digital IF sampler/mixer (46) having a numerically controlied
oscillator (NCO) (48) and two sign converters (47a, 47b) for separating and
down-converting from an intermediate frequency to a baseband the a digital I1Q
signal received from a digital to analogue converter and separating the signal

into the respective | and Q signal components; and

a decimator (49) having, for each of the | and Q signals, a low pass filter (51)
for pulse shaping and decimating and a sampler (52) for down-sampling the |
and Q channel signais to reduce the sighal bandwidth to that of the a desired

digital baseband.

9. A digital front end transceiver system as claimed in claim 8 wherein the
down-converting digital mixer/sampler (46) performs down-conversion from baseband
to the intermediate frequency by applying a periodic sign changing sequence of 0, 1,0
-1 representing phases of 0°, 90°, 180  and 270° of a sinusoidal function at a
sampling rate of f;=4BW and sampling with a 90° phase separation to separate the |

and Q signal components.

10. A digital front end transceiver system as claimed in claim 8 wherein the

NCO 48 and two sign converters (47a, 47b) are implemented using two four input



NCO 48 and two sign converters (47a, 47b) are inplenented using two four
input 20 nultiplexers (108) (113) and a 2 bit counter (114) wherein the
si gn change nechani smuses 2's conpl enment sign inversion performed by an
inverter 110 and one bit adder 111. 11. A digital front end transceiver
systemas claimed in claim8 further cojprising an anal ogue to digital
converter (ADC) (322) for converting a received analogue IF 1Q signal to a
digital IF1Qsignal. 12. Adigital front end transceiver syst em as

clainmed in I|m1 t he Al 3 tedton turall

down- convﬂ}uﬁt' exgieel gﬁ‘g’l DSQ%B ‘i)’i-éﬂf?hgﬁji ¥ "‘f"ﬁreﬁnnf b)) gpgnge
frequencyp] » HERGH

i nternmedi atéezo%fabg’mg%g?/ Iglgzzrﬁcﬁﬁei}ceng aegg ntlﬁ\ée %’roeﬁq gﬁé@“% qun@%ﬁy usi ng
a sanpl i ngndaine wf adderf bt1.t he anal ogue to digital conver SI on. 13. A
digital front end transceiver systemas clainmed in claim8 wherein the LPF

(51) is a root-raised cosine |lowpass filter (LPF) adapted to perform both
deci mat or and pul se- shapi ng operations. 14. A digital front end

transceiv syst d inclaiml3 mh [ei u se response of
the LPE (81 1< ApR i taristebe on 7 Pamedingm TR < 4 11
(1- 4flt hnBhdbgue to digital converter (ADC) (322) for converting a received analogue IFiQ

signal to a digital iF IQ signal.

12. A digital front end transceiver system as claimed in claim 11 wherein the
ADC (322) is adapted to naturally down-convert a received analogue signal having
a first intermediate frequency IF1 having a centre frequency of figq = f; +BW, to a
second intermediate frequency IF2 having a centre frequency of fiez = BW by

using a sampling rate of fs for the analogue to digital conversion.

13. A digital front end transceiver system as claimed in claim 8 wherein the LLPF
(51) is a root-raised cosine low-pass filter (LPF) adapted to perform both decimator

and pulse-shaping operations.

14. A digital front end transceiver system as claimed in claim 13 wherein

the impulse response of the LPF (51) is defined by:

sin((t ~ Byt 1 T)
H
“fy
a~JT (14 8/T)?)

cos((1+ Bt I T+

h(t)=4p

where § determines the roll off factor of the filter response.



21 15. A digital front end transceiver systemas clained in claim1l

i npl emented as enpl oying one or nore of a field programmabl e gate array
(FPGA), integrated circuit, or as a set of conputer readable instructions
executed by a processor device. 16. A signal processing nethod of a
software radi o system conpri si ng: Producing a transmtter nodul e
(310) adapted to digitally interpol ate,” up-convert and conbi ne baseband
digital in-phase (1) and quadrature (Q channels to forma digital

i nt er medi %e frequ,er_lcg (I'F) 1Q signal for conversion to an analogue IF 1Q

si gnal forvt randhfGitpbfionk@rd transCeiveppysied ag clrimed dn waimmb dupiemetes
dapted t it.e, - [F7 i i bt
o onal i nis SPHA0RE orhUepe P LRI Brof A fle e SHalA® FRAY, ealdtelis

and recei vecuitrooubes wet bf @ocgutenrdadedde sestpldtiogs amdcuked dyversbossgoate fs
for both the transmtter and receiver, where fs is a quadruple of the
bandwi dt h96¥'CBhe baseband si gnal by sel ecting the fixed sanpling rate based
on the baseband bandw dth (BW where the fixed sanpling rate f8=4BW such
that the centre frequency fiF of the internediate frequency signal IF is

o ofben =L BBk OHoBARR It £ LothER iy 45K BBrBRSLEY ' 09, "
deci mati on and prbdaciahapiragsrhifies tihemsei(B10Nedstedity &igitaifuhrpolate, up-
convert and combine baseband digital in-phase () and quadrature (Q) channels
to form a digital intermediate frequency (IF) IQ signal for conversion to an
analogue IF 1Q signal for transmission; and
providing a receiver module (320) adapted to separate, down-convert
and decimate a received digital IF 1Q signal into baseband digital | and Q
channels, operating the transmitter and receiver modules with a
common fixed sampling and IF conversion rate f; for both the transmitter and
receiver, where fs is a quadruple of the bandwidth of the baseband signal by
selecting the fixed sampling rate based on the baseband bandwidth (BW)
where the fixed sampling rate f;=4BW such that the centre frequency fir of the
intermediate frequency signal IF is fr =BW, wherein a single low pass filter
(LPF) is used for performing both interpolation and pulse-shaping functions in
the fransmitter module and decimation and pulse shaping functions in the

receiver module.



