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MULTI CHANNEL RECEI VER USI NG ANALYSIS BY SYNTHESIS FI ELD OF THE

DI SCLOSURE The invention relates to radio receiving systens for
mul tipl e i nAEPEIRER signals, such as cellular radio % K& base
stations, |andnobile radio stations 5 and communi cations satellites.
BACKGROUND OF THE DI SCLOSURE . The nmost usual formof a

mul ti.- channel receiving system uses one recei ver chain per frequency
channel to be received, for exanple. a super het erodyne receiver. The
prior art contains exanples of sharing 10-1- conponents between sever al

recei ver processing chains, and in partlcular a shared antenna may be
used, as well as a Mbam® RB ! SISr i buti on
anpllfler whi ch anpllfles the sum of the nultlple recei ved signals

and then splits the anplified result between separate receiving chains. The

distribution of FIBLIOFEHE DISCUGSURENtS W thin an apartment bui I ding from

a 15 communal antepna. i s pone exa;g)l e.of thjs techni The

prior art also cont af Msin¥giop relates 0 rdio FFﬁF‘(‘;""lge‘é@F%%fo c'ﬁﬁ\"ﬂlevfmipﬁ"dem

signals, such as cellular radio telephone base stations, landmobile radio stations

5  and communications satellites.
BACKGROUND OF THE DISCLOSURE
The most usual form of a multi-channel reéeiving system uses one
receiver chain per frequency channel to be received, for example a
superheterodyne receiver. The prior art contains examples of sharing
10  components between several receiver processing chains, and in particular a
shared antenna may be used, as well as a shared, broadband, low-noise antenna
distribution amplifier which amplifies the sum of the multiple received signals
and then splits the amplified result between separate receiving chains. The
distribution of TV signals to apartments within an apartment building from a
15  communal antenna is one example of this technique.
The prior art also contains examples of a single receiver chain which
processes signals from multiple transmitters-received sequentially in time by
Time Division Multiple Access (TDMA), or alternatively received simultaneously
and overlapping in the case of Code Division Multiple Access (CDMA). A
20  disadvantage of the latter over the former is that signals must be received at
more or less the same strength in order to avoid interfering with each other too
much. The latter disadvantage is overcome by using the technique of subtractive
demodulation disclosed in U.S.. Patent No. 5.151,919 in which strong signals are
demodulated first and then subtracted out before attempting to process weaker
25 signals.
A true multi-signal receiver according to known art is iltustrated in Figure
1. Multiple signals are ret_:eived at an antenna 10, and processed by a bandpass

filter 11 at a desired frequency band. The signals are then amplified by a low



processes signals fromnultiple transmtters received sequentially in tine
by Time Division Multiple Access (TDWVA), or alternatively.received

si mul t aneously and overlapping in the case of Code Division Miltiple
Access (CDWVA). A 20 di sadvantage of the latter over the fornmer is that

si gnal s nmuswo $msosacei ved at nore or | ess the sane sStPCFAFITOISIE or der
to avoid interfering with each other too much. The latter

di sadvantage is overcome by using the techni que of subtractive

denodul ati on disclosed in U S. Patent No. 5.151,919 in which strong signals

are denodul ated first and then subtracted out before attenpting to
process weaker 25 signal s. A true multi-signal receiver
according to known art is illustrated in %I gure 1. Multiple signals

are received aho@@aﬁ@ﬁﬁ% Cﬁ‘g{ﬁaﬂg. tﬂ[e 'qO‘%%V’I n?agge?&ﬂgfrﬁ:z&lggals mf | t er 11

at a desired frequen en-anpli
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noi se anplifier ”i"?gé ad“f"ﬁ? ]i?e‘?""? Flsfgé‘Fl %°‘P3 lm@%“*‘%b“eq Prga\f%rﬂf\/ SI gnal S
in a fil imernfeame'l'hequbnd){ sigmll nore) oarlvenie dor fumheo proeessing. | Thea

osct | 1ot or 514 PYeregiecienah s oer el A an O bandaindyeiig anh W 7

conveni ent f or amplifiétein zproga‘mﬁﬁﬁmgnplm-cﬁtectot ahﬁmﬁwlloqiredﬁdem&drdlirﬁnéwrt her
filtered using iaggallang anl%raxlsrt]anptaa}iségusf kadtxo Sngnal txrc]eggtw}ﬁcrilxcation (RSS)) related to the
logarithm of the instantaneous multi-signal amplitude. The hardlimited output

signal may be converted to a stream of numerical samples related to

10 instantaneous multi-signal phase using a convertor 20 which may altemitively
employ direct phase digigization according to U.S. Patent No. 5,148,373, or after
low pass filtering in a filter 19 to removc_h_armonics the now relatively constant
amplitude sine wave signal may be quadrature sampled and Analog to Digital
converted to produce the phase-related signals SIN(®) and COS($) in digital

15  sampled form. The RSSI signal is meanwhile digitized using an AtoD convertor
21 and the logamplitude and phase-related signals are applied to a digital
channelization processor. The technique of digitizing an arbitrary signal by
digitizing phase related signals and amplitude related signals is described in U.S.
Patent No. 5,048,059 and is incorporated herein by reference. The logpolar

20  technique is specifically designed to allow signals of any instantaneous amplitude
to be faithfully converted to digital form with constant percentage accuracy,
without having to anticipate their level in order to set amplifier gains using
feedback of an Automatic Gain Control signal (AGC). Thus, the prior art
logpolar technigue is specifically conceived to facilitate an exclusive feedforward

25  architecture for signal receiving systems, in contrast to the current invention
which seeks to maximize the use of feedback signals.

In the prior art, a digital channelization processor 22 has the task of
analyzing the composite received signal in order to separate out signals on
different channe! frequencies having different modulation. Disparity in levels

30  between these separate signals is one of the main technical challenges in



anplified in a logarithmc anplifier-detector circuit 18 to produce a
hardlimted signal and an instantaneous Radi o Signal Strength
Indication (RSSI) related to the | ogarithm of the instantaneous

mul ti-signal anplitude. The hardlinited output si gnal

converted tdVASEISBam of numerical sanples related to 10 Pcﬂ"gi/smlé’rfeous
mul ti-signal phase using a convertor 20 which may alternatively

enpl oy direct phase digitization according to U S Patent No. 5,148,373, or

after l ow pass filtering in a filter 19 to renove harnonics the now
relatively constant anpl i tude. si ne wave signal nmay be quadrature
sanpl ed and Analog to Digital converged to produce the phase-rel ated

signals SIN([err]) and COS([err]) in digital 15 sanpl ed form The RSSI

signal is manm@r&&cﬁgw fbiGCGhanifc] PebefBr AlcBRAifEOI\AE fn%r art muszrzaéa #FighRe
| oganpl i tude an phase rel ated signals are app I|e to a digital

channel i zati on pr oRBAIEsIO-digial COBYSHPR irhriquegitgye # Ankg Preision RIS gnal
by . digiti mmﬁmmgébﬁtﬁqa@w %ﬁ: agdmagse!rgﬁre&ﬁtea %Iﬁl&f&ﬁe’edﬁhew sis

described in U S I ncor pora rein by

reference. The Isiggpldhaircande remrea;qnmdoﬁseendg» og ke nymbes jof kaae%sngﬁ@at biss al | ow
signals of &y I\Qsf aQHaR%0HSa APEY dddfiSmalt sxgnal b Qﬁuﬁﬁx’e&ﬁifﬁki’mﬁ%‘ﬁ@”ed to

digital formwt const ant per nt age accu avin
anti ci pat e t hei ranieanas|the fargsr signal moll s!emmmpmeixseeof igt;mi@r@mmgwhxle the feedback

of an Automatic ' ) ar

| ogpol ar techni qg@ {;}s&g‘{%m #’ ng%é)n?glc\‘}e;gg ET'BE&'}QEemar?thgxf& nﬁsi ve

f eedf orward 25 premmxhal'mcau;q:sethf:@hemnmam of e&mtmnmgonsgsandmantlzmgmner ast to
the current inv i . ' us f fe dback

si gnal s. Rith b%rhetﬁrﬁmfeﬁé’mbg 88—?%? p}egaﬁ,ﬁ &T}hzeelﬁég sllﬁngl 3 ocessor
22 has the tsk befaccommodatahahq'mamgirohm oompe@h signal &#abe vigohl slm@hdisparhy or der

to separate out differ nt channel f requenci es havi ng

na
di fferent nodul éﬂ%rﬁre%"é'gg‘? pregision tpadsqyate bet ween t hese separate
signals is one of th&heaiigital a(ahmlizailorchésm‘tgHSaléorhas to provide adequate

discrimination of a large signal from a small signal that may be occupying an

adjacent frequency channel. This so-called adjacent channel selectivity is a

15 function of the complexity of the multi-channel bandpass filtering operation that
the processor 22 numerically performs. In principle, a multi-channe] filter which
separates a composite, multi-frequency signal into its constituent, single-
frequency signals performs a Fouﬁer Transform (FFT). It is possible to employ

~ the well-known computationally-efficient Fast Fourier Transform algorithm for

20  this purpose. The FFT algorithm operates on blocks of samples. corresponding to
a time span of at least one over the frequency resolution required. However,
transforming blocks of this minimum length does not in the prior arnt provide
good adjacent channel selectivity. It can be shown mathematically that the
selective filter which is effectively formed to separate out each individual signal

25  has a frequency selective response curve that is itself the Fourier transform of a
weighting function that is applied to samples across the sample block used. 1t
can be shown further that the selective frequency response curve attains sharper -
degrees of selectivity only when the block length processed is extended so that
said weighting function can truncate or tail-off 1o zero towards the edges of the

30  block in a smooth fashion. The longer the time span of the weighting function
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producing a multi-channel receiver according to the prior art illustrated
in Figure 1. Analog-to-digital conversion techniques have a finite
preci si on WWQ97/305231 t S t he dynam c range of the | argagsrrisogomsie t hat
can be represented while the small est signal that can be represented
depends on the nunber of |east significant bits 5 used. Wen both a

| arge- and a small signal are sinultaneously present at the - ant enna,

the large signal will dom nate the use of bits of precision while the
smal l er signal may only occasionally changg a |east significant bit. The

finite precision al so causes the phenonenon of quantizing noise, and
quanti zi ng noi s@ils, the shafper heb QRé?tr d&ieq sBcivilG B ! nagnd
the largest signal that %é wx ¢ egié agco ivggt ed, gﬂérfcé{/gr%r oﬂn&bﬁ? a

weak signal if FRE a@gﬂm muwa,q dtm&;lpfém pIpcess a mu¢lslarm bipckahangthet he
preci si on i nadegyf#iBm length in order to Pﬁ’?{sh?raf&%@ O(ﬁg%?pgjah&atsag& ocessor 22

al so has to provi de adequate nat i arge signal froma
smal | signal thiREreAHne BystesteRfbyi ng an adj acent frequency channel :

Thi's so-cal ked adj aorm_.t e

conpl exity of the b%ﬂgﬁﬁg:} agﬁg%g%fsﬂs‘k #)MP grrt?ﬂeéé‘(l)eﬁceJr g%h’%?‘h&{'g [hg t he
processor 22 nuimeedtionldescriped hereins. I n principle, a multi-channel filter

whi ch separates a conposite, nulti-frequency signal into its

constituent, single- frequency signals performs a Fourier Transform
(FFT). It i s poSEMMARYCOEFHEPISCLOSURE: wel | - known

conput ational | y-effi S ns m.al gorithm for. this
pur pose. The FFT al &éc%ﬁ%?{go éeorng e{s&ng{\thg{kﬁ'&(?r?e"gﬁ%s&" SS'PP%?Bondl ng to
atinme span of mewmasignahset awantenme fileciqg.camplifyieg ahent and convettingatiem

f h I Ni d h
orior et 0oy bR SRRl Brbefre bihioulhee Bl ceROe R bt igtalc hown

mat hemati cal |y toamtcltchm. In this approach, s:gnals flow in a forward direction from antenna

to final output, with the result of one pfoce'ésing stage being fed forward to the
next.
The present invention departs f}om the conventional approach in order to

15 obuain performance and cost advantages through use of a novel technique in

. which signals flow from the output of the system towards the antenna, the
technique being called "analysis by synthesis”. Analysis by synthesis is a form
of multiple feedback in which a fed back signal computed from estimates of
multiple signals is subtracted from the actually received signal, for example by

20  radiating it in antiphase so that it cancels the signals recei&ed at the antenna.
Any uncancelled components of the signal received at the antenna are then
identified by Fourier analysis for example, and used to update the multiple signal
estimates. The continuously corrected multiple signal estimates are then output
for further processing such as demodulation and decoding. _

25 The invention derives its advantages from reduction of received signal
IeQels to a low, uniform level (the error signal) which can be amplified and
processed without needing high dynamic range circuitry.

According to one embodiment of the present invention, a method of

employing negative feedback in a signal processing system to improve the range .



selective filter which is effectively forned to separate out each

I ndi vi dual signal 25 has a frequency sel ective response curve that is
itself the Fourier transformof a wei ghting function that is applied
to sanpl es across the sanple block used. It can be shown further that
the sel ecti V¥OPFR§¥ency response curve attains sharper PCTRSYIRASLE of
selectivity only when the block | ength processed is extended so that

said weighting function can truncate or tail-off to zero towards the edges

of the 30 bl ock in a smoboth fashion. The | onger the tine span of the
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tails, the sharper will be the frequency selectivity curve and vice-versa.
Thus, an . I Bigahigievdié thal fanste proceiesli ig aRciokad. pFl@ﬁe§$eeabz{Blt daarsger

bl ock than the m ni mum | ength in order to provide accgu% abl e adj acent
channel sel ect i \supipacted from ap japul Signalgodoun a diffeseqee siggal. The differenge, gigndloy e

di sadvant ages ofjs {12 aRalySd t@rrésoWeethQHﬁféi&iE@ HalAhR% Mg o?'&Snsmuem
i nvention descri bed heréin. THE DI SCLOSUR

Accordi ng to corffencPoRatentstaf Triycgd b&“‘-?"éé’éi \;ﬂhsgerww@mmmwm used to
5  refine estimation of corresponding reduced bandwidth constituents of the input

signal. The estimates are then used to produce the feedback signals.

According to another embodiment of the present invention, a receiving
system for multiple radio signals is disclosed. The system comprises means for
receiving the radio signals. Ssubtractive coupling means couple a feedback

10 signal in opposition to the received signals to pfodnce a residual signal. Signal
analysis means resolve the residual signal-into a number of constituent
components. Signal estimating means use the resolved constituent components 1o
refine estimates of corresponding conslituent componems of the radio signals.

Finally, signal synthesis means use the estimates to produce the feedback signal.

15 BRIEE D R T RAWI

The present invention will now be described in more detail with reference
to the preferred embodiments of the invention given only by way of example,
‘and illﬁstrated in the accompanying drawings, in which:

Figure 1 illustrates a prior art multi-signal receiver;

20 Figure 2 shows the general block diagram of an analysis-by-synthesis
receiver according to the invention;

Figures 3(a) - 3(c) show alternative mean§ of coupling a synthesized
signal with received signals to form an error signal according to one embodiment
of the present invention;

25 Figure 4 shows an error analysis section according to one embodiment of
the present invention,

Figure 5 shows a signal synthesis section according to one embodiment of

the present invention; and



receiving signals at an antenna, filtering, anplifying them and converting
them 10 possibly to nunerical form before denodul ati ng and decodi ng t hem

using.digital logic circuits. In this approach, signals flowin a
forward direction from antenna to final output, with the result of
one proceswogp®sage being fed forward to the next . PCT/USI7/01514 The

present invention departs fromthe conventional ,approach in order to 15
obt ai n performance and cost advantages through use of a novel technique in
whi ch signals flow fromthe output of the systemtowards the antenna, the
techni que being called "analysis by synthesis". Analysis by synthesis is a
form of nmultiple feedback in which g fed back signal conputed from
esti mates of multiple signals is subtracted fromthe actually
received signal, fog, b r,adi ati nti.phase that it
cancel s the signal 2151 g%gg\%ogvsa% ﬁfﬁ)éo‘gg{qglﬁonécr&g"érglo}’ ﬁ"negho&n %‘H@’é‘ﬁlﬁgane
conponent s of éembodimemaif the pesemedn@ntiothe ant enna are t hen i dentified
by Fourier analysis for exanple, and used to update the multiple signal
estimates. The continuously corrected nultiple signal estinmates are then
out put f DETIAILEDEDESCRIFRISOINIg such as-denodul ati on and decodi ng. 25

The invention derivgs, its advaniages,from reduction of received. signal
levels to a |ow, unREGFIRE BRLfO hgﬂée %'rtF’BE]asé‘i PrnEBtes,#f; ‘Eﬁ IYERHRWiLL gi fied
and [ ocgésefibed)V FitQrd 2 BRAGK fegeghiol lof euNEl FeckideD Sighdld Tvo AT Y -

Accordi ng to one enbodi nept of .the present inyention, a nethod of

enpl oyi ng negaf¥ '@"‘I"@e‘fﬁﬁ’ggﬂg 8‘?1"%?'@9'9&&? c%pﬁ%g%"l“i?gfos?@f’é?ﬁ %’8"& Her ove t he
range Y¥oei¥éd 8igha1d a multi-signal waveform produced by a signal synthesizer 34 to

PCT/ US97/ 01514 - . . . . .
leave a residual error signal which is analyzed by a multiple signal error analyzer

31. If, for example, a 30MHz bandwidth somewhere in the radio spectrum is

10 divided into for example 1000, 30KHz widé channels, potentially a signal from.a
different transmitter can be received in each channel. Each signal is assumed to
be located with a reasonable degree of precision in the center of each channel,
but its spectrum may be spread to occupy the whole of its allocated 30KHz
channel by amplitude modulation, phase angle modulation, or a combination of

15  both. For example, the modulation might comprise frequency modulation by an
analog speech signal according to the U.S. AMPS cellular standard, or Pi/4-
DQPSK modulation varying in both phase and amplitude according to U.S.
Digital Cellular standard IS-54. In all of these cases however, the modulation
effects change in each narrowband, 30KHz wide signal at a relatively slow rate

20  compared 10 the entire 30MHz bandwidth of the receiving system. Thus, a
phase and amplitude estimate of each signal need only be updated in principle
approximately every 30uS in order to follow the modulation changes. However,
the present invention comprises updating the estimates at a greater rate than the
minimum rate in order 1o obtain accurate tracking.

25 The current estimates of the phase and amplitude of each signal are held
in a memory 33. Whether the signal estimates are held in polar form (amplitude
and phase), the atorementioned Logpolar form (logamplitude and phase),
Cartesian X,Y or 1+)Q form or some othe;' complex number representation is a

matter of design choice. There is thus a complex number memory location in



- 5- of signal levels that can be processed is disclosed. First, a

f eedback signal is subtracted froman input signal to forma
di fference signal. The difference signal is then anal yzed to resol ve
the difference signal into a number of constituent error_conponents

of reduced BEM®AROBRh. The error conponents are then used t FEUSIRSe
estimation of correspondi ng reduced bandw dth constituents of the input
signal. The estinates are then used to produce the feedback signals.
Accordi ng to anot her enbodi ment of the present invention, a receiving
systemfor multiple radio signals is disclosed. The system conpri ses neans
for receiving the radio signals. SsuBtractive coupling neans couple a
f eedback 10 signal in opposition to the received signals to produce a

resi dual signal heShemaly 33 conesaaamgsmvega&ﬁnﬁmfehu&ctht Efsdigbd  si gnal
into a nunber of constituent onponents, Signal estimating neans use

the resol ved coR4Yanageois ‘Eé%ﬂ%t‘l&dafeoes"ma‘ed trag p‘?ﬂ-:"a@&‘tsl qfdbego

cor r espondi-ng ce&ﬁblewﬁ%eﬁommsmbﬁ @f/dw@/di)a@d@/dtswm}&)m any Finally,
signal synthesis neans use the estl mates pr oduce the feedbgck si gnal .

15 BRI EF DESCReRyinayiercef tiese @QAWther order derivativesThe present invention
wi Il now be gescri be?hé% l@s?ﬁ&!aénlor%ﬁl Jr%fl%ﬁig\fe% the rﬁsxduﬁl%xéngpfrg{n?ngr red

enbodi ments of the |nvent ven only by way
illustrated in tshiragtivoequplips dgwm 3img srrof ﬁwmemomponcmsat every of¢ glire |

illustrates a prtﬁ\(eoépaﬁﬁél fi’@db%ﬂc:e?'aﬂf?%v&\?eg Mﬂ;‘u},&ﬁc | component into! i&WofnpfexS NOWS

t he general bloc I'agram’of an anal ysi s y-syht recelver
according to theaitnwepttesirgnd imaginary parts orfamplitusie apd ghase relatsl patiow This

alternative meang, of,Gol Bé ngﬁ%r?neﬁ%nt H%Fcration wh%%g%}%atxg thE ahrB6fis 1\6?

signals to forman error 0. one e t he
present invéhti eosin®waves and of smeﬁavagres eexﬁemﬂlomaainofeuhe chanaalofreguenciesathat on

according to one enb%
are neede

d& [TEconsmute the current error sxgnal over some analysis window. .The
minimum analysis window timespan is the reciprocal of the channel spacing,
namely approximately 33uS. ‘A disadvantage of the prior art explained above
was that performin'g Fourier anaiysis using 'that.m.inimum length window did not

15  provide adequate discrimination between signals in adjacent frequency channels
of disparate level. According to the main principle of this invention however,
the Fourier analysis is not applied to received signals of disparate levels but to a
residual error signal from which signals of disparate level have been removed or
significantly suppressed in the subtractive coupling device 30. Thus, a much

20  simpler, non-windowed FFT may be used for multiple signal error analyzer 31.

Multiple signal estimates held in the memory 33 are updated by a
correction device 32 using an analysis of the residual error signal provided by the
error analyzer 31. The analyzed error values indicate how much thé real and

| imaginary component at each signal frequency should be adjusted so as to reduce

25  the total energy of the residual signal. Adjusting both the real and imaginary
components of a signal forms what is known as a Cartesian control loop. If on
the other hand estimates of the phase and amplitude of signals are adjusted, this
is known as a polar loop. The invention can thus in one embodiment comprise a

multiplicity of Cartesian control loops, one for each constituent frequency



t he present invention; Figure 5 shows a signal synthesis

section according to one enbodi nent of the present invention; and
WD 97/ 30522 :
PCT/ US97/ 01514 - 6-

Figure 6 showr/aese2i nproved D to A conversion nethod accor GCRESyToISH:
enbodi nent of the present invention. DETAI LED DESCRI PTI ON

Referring now to Figure 2, the basic principles of the invention will be 5

descri bed. Figure 2 shows reception of multiple received signals into a
subtractive coupling device 30. The coupling device 30 subtracts fromthe
received signals a nmulti-signal mavefornlgroduced by a signal synthesizer

34 to | eave a residual error signal - which is analyzed by a multiple
signal error a ndW| dt h
somewhere in t E@“%é‘ 0" pg neer‘ctto?’tljhr% te e%%f)ﬂangl Vi eg'mh%f ’Q‘P’@ﬁ mg a%lcé’%f),
30KHz wi de channmlspllqsutoérwlaaﬂttopsa signal froma di fferent

transmtter can be REESLYGRY e G5FH0ach AN B8 akelr3S oo @R oh Snidtmidiedhd ©

largest error or errors across the frequency channels, instead of trying to
5  minimize all errors, some of which may already be at noise level. These various
approaches are all considered fo lie within the scope and spirit of the general
invention. - _
The corrected signal estimates in the memory 33 are made available to the
multi-signal synthesizer 34 which uses them to construct a best approximation to
10 the signals in every channel which is valid for the immediate past and future.
The approximation will be accurate for some future time equal to a fraction of -
the reciprocal channel bandwidth but will tend to become inaccurate after a
commensurate time equal to the reciprocal of the channel bandwidth. Thus, the
invention comprises producing new error analyses and performing updates to the
15 signal esiimates at a rate which is a multiple of the channel spacing of 30KHz,
e.g. at 120KHz or 240KHz or higher. Of course the use of time derivatives can
help the signal synthesizer 34 free-wheel between updates with greater accuracy
than if derivatives had not been used. |
The signal synthesizer 34 applies each estimate of the real and imaginary
20  part of each signal to determine the amplitude of a corresponding cosine and sine
wave centered on their respective channel frequencies, the sum of all of the
weighted cosine and sine waves then forming the composite waveform which is
fed to subtractive coupling device 30. The signal synthesizer can also perform
an inverse FFT operation 'performed numerically using high speed arithmetic
25 logic circuits. Alternatively it can comprise a Discrete Fourier Transform
operation which can compute signal samples on a arbitrarily fine time grid to
provide a better approximation to a continuous signal.
The invention described above is a form of negative feedback to reduce
the distortion in a signal amplifying means through requiring the amplifying

30  means only to amplify the error between the input signal and a fed back signal.



be located with a reasonabl e degree of precision in the center of each
channel , but its spectrum may be spread to occupy the whole of its
al | ocat ed 30KHz channel by anplitude nodul ati on, phase angle
nodul ati on, or a conbination of 15 bot h. For exanple, the nodul ation
m ght conpriwest/sesgpiency nodul ation by an anal og spe@CR/USPTSN4 .
according to the U S. AWS cel lul ar standard, or Pi/4- DQPSK

nodul ati on varying in both phase and anplitude according to U S

Digital Cellular standard 1S-54. In all of these cases however, the

nodul ati on effects change in each narrowband, 30KHz wi de signal at a
relatively slow rate 20 corrpared to the entire 30MHz bandw dth of the
recei ving system Thus, phase and dnplitude estimate of each signal

need only be Updﬁé\rg{/er 2 85 nﬁboglglenﬁ%nve %&R)%koﬁ(mﬁ'ﬁeﬁ \Woul &l b%?é"ﬁﬂereoor der

to follow the no t’1’on rese I'hventi on
conpri ses updat ithg ptdmemsf comtrecgingta mu@:mgxtabreceuatreanﬂhery Mmband h:ghrgam mum

LR 0 0T B BRGNS o B i ol cpeUp L By,
menory 33. Wet hbuddite SoapnaTmas thenavensiof iy be lddscribedoas #8ul-Bamd Fesdpadkt ude
and phace) s e SeehuEd onsd Loghtbear LeLnbosaiplLbs and peee) .
a mat t er ofraai@ﬁ 0B theC4ifrial BandWi@h @ bé pdaessed sueh Mdt @op deTdys fard ' BHIP! Y
:DCC)EI:'?tUISSQ / 62 514 1mport\a/\fg xg7r/el§805n2120 the reciprocal of the narrow channel bandwidths and are
not important in relation to the entire 30MHz bandwidth.
Figures 3(a)-(c) shows three alternative embodiments of the subtractive
10 coupling device 30 which can be used in the invehtion, but these do not represent
an exhaustive list of possible means., Figure 3a indicates receiving signals by
means of an antenna 40, and reﬁdiating signals using an auxiliary antenna 41 in
proximity to antenna 40 such that the antenna 40 receives the radiated signals in
opposition to the received signais, forming an error signal which is then
15 processed by the error analyzer 31. The subtractive coupling device 30 can thus
- comprise the combination of a main receiving antenna 40 and auxiliary re-
radiating antenna 41 of Figure 3(a).
Figure 3(b) shows receiving signals via an antenna 10 and band-defining
filter 11, and -then combihing the filtered signals with the output of the signal
20  synthesizer 34 using a directional coupler, which in this case is the coupling
device 30. A directional coupler forms a combination of the filtered received

signals times a voltage weighting factor

v (1-k?)

with the synthesized signal weighted by k. The value k would be chosen to be
small, e.g. 1/30 (a -30dB coupler) such that the high-level synthesized signals
25 are attenuated to the low level of the unamplified received signals and such that

the factor



the nenory 33 corresponding to every channel frequency. It can al so be
advant ageous to store and update estimated tinme derivatives of the stored
conpl ex nunbers, for exanple (dl/dt,dQdt); (dA/dt, dPH /dt) or any
conbi'nati on of these and their higher order derivatives. 5 The
mul ti pl e Siw@vahosesr or anal yzer 31 resol ves the residual spgfrekeorsian t he
subtractive coupling device 30 into error frequency conponents at every one
of t he channel frequencies and revol ves each frequency conponent into
its conpl ex parts, e.g. real and inmaginary parts or anplitude and
phase related parts. This function can be perfornmed by an FFT
operation which estimtes the anounts of 10 cosi ne waves and of sine
waves centered on each of the channel fFéQUencies t hat are needed to
constitute the current error signal over sone analysis w ndow The

m ni rum anal ysi s wi ndow ti nespan is thfzfggkprocal of the channel spacing,
nanmel y approxi mately 33uS. A di sadvantage o? the prior art expl ai ned above
was that perfqQrm ng, Fourier analysis using that mninuml|ength wi ndow did
not 15  provitH¥ETHFRTEAP ANy and this FEpresSRLs YRR LR ausnyAUeT of the eretved nt
frequency chanrpg@hls. Many fopis F 8edtith® dn@\Ufdh-dire6sshaliesl kﬁsﬁfﬁ??@iﬂg

principle of this invention however, the Fourier analysis is not
appl i ed to redefademayibgembraced byjthe general teray, eqogdystive coupling means™; used dual
error signal fi5eIcABE Fowse | & QiSO WA ha8ial; ] eqmved or
significantly tsup|c():r es?égd i g(btahe suE)t rlact i%&ggﬁ?)ﬁugga%g\%?%g@hus, a
much 20 %i nP@®F, non-wi ndowed FFT may be used for nultiple signal error
anal yzer 31. " Finally, Fighd sacphﬁxééétgmlf%@ssf* %@esom#nglnaéang ligg?g*mzry 33

are updated by a .~ “correction device using an ‘anal ysis the _
resi dual er r ornoise gmplifying tragiistorsy Signals are recetved @t theraalepne d0,3nd filtesedanal yzed

| I:pch t ' | | t at
cach i gnal 1 1 ogsonee SRE IR W1, e arilane en bR IH-RRGECNTT

ener gy of the amplifidud? vwdichnial this d¢mplarnncast oorprises arsagle field effeetgi nar y

on e Ene” SRS Tre ST T4 vaf bR T i ol iR e b P yals are
adj ust ed, t hi sproportional suirern\an thesdrainpetnainall afaipe trasistarni2e nTheooutptrvoltiges | n
one enbodi nent I . ltiplicit f., Cartesia tpal | oops,
one for each Co({ﬁﬁ?ﬁﬂ%s&%ﬁ tﬁf'? glaﬂ gﬁ&(}}}rttea R & cuerntchsmg ¥ simitad Fef 98 {h2 P

output current of which is combined with that from the transistor 12 by

paralleling the drain terminals. The synthesized current opposes the received
15 signal current to give a residual error current which is analyzed by error analyzer
31 which can comprise further filtering, amplification and downconversion in the
filter 13, the amplifier 14, and the downconverter 16 which are analogous with
those shown for the prior art in Figure 1.
The prior art arrangement of Figure 1 can in fact be employed as the
20  error analyzer 31, but alternatives are permitted by the invention due to the
suppression of strong signals. Figure 4 shows a block diagram that is now
permitied when practicing the invention that would not have functioned
satisfactorily in the case of the prior art due to dynamic range limitations.
The residual signal is ampiiﬁed and filtered sucéessively using amplifiers
25 60,62,64 and filters 6!,63 to raise the error signal level from a noise level to a
convenient signal level for digitizing, such as -20dBm. The output of the final
amplifier stage 64 is mixed in quadrature mixers 65,66 with cosine and sine

waves from a quadrature local oscillator 67 operating at a center frequency in the
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channel conponent of the received band, or in another enbodi nent can
conpri se a multiplicity of polar |oops. Al ternatively,

t he approacwasmsodze taken to concentrate on mininizing the PCI/USYDPK4est
error or errors across the frequency channels, instead of trying to 5
mnimze all errors, sone of which may al ready be at noise |evel. These

vari.ous approaches are all considered to lie within the scope and
spirit of the general I nventi_on. The corrected signal
estimates in the nenory 33 are nmade avai | ql?l e to the mul ti-signal

synt hesi zer 34 which uses themto construct a best approxinmation to 10

the signals in :%Yd%ieyofcr'ﬂ@rﬂé Len\ég'bﬁﬁli {)ﬁ%‘é%éeﬂn Sys Pﬁrﬁ@?&%l { focpst and

future. he appr oxi t|o e accu ate sone future tine equal
to a fraction 0¢Sclllat0r 67t hae arcsolep frsquency whichds alsamidivaly hetygen Wwo Frequendy t o

become | nacour @it flarihe coer GIITBERY Pleouh IRigRENT ariy i bSELPT 0Ca

of the channel es produci ng new
error anal yses éﬁidemhftmvmrhgndhpxdﬁteseMmgtﬁmMzEro lo&a@fnht atslt bandwviakth,at a

55 Bl e o RSy DR e 3 S oot 2,
hel p the si gnal mayintunefieqency34hitrie e-saiplelrateat Yeastrequpidattbs chanhél gr eat er
accuracy &J},%%tﬁ, gn rt'htf:/rile Bfg\{fz%d rtlsaigg I}«C-)to-ls)eonvermrs 68,69. Since the error
signal is nominally zero, the A-to-D convertors 65,66 do not have large
variations in signal level to contend with and thus need only limited resolution,

10  for example 4 - 8 bits. The stream of digitized [,Q values is fed to FFT
processor 70 which collects blocks of coniplex samples, for example 1024
successive samples, for processing to analyze the error signal.

For example, suppose the total signal bandwidth to be analyzed is
approximately 30MHz, the 1,Q sampling rate is 30.72MHz and 1024-sample

15  blocks are analyzed. The analyzed results then describe the error signal energy
in each 30KHz bandwidth segment (i.e. frequency channel) of the composite
signal. Such an analysis is made every 33.333uS if successive blocks are not

~ overlapped. However, overlapping successive blocks or 1024 samples permits
updates to the error analysis to be made more frequently, which is advantageous,

20. Since a fully parallel digital logic construction of a 1024-point FFT machine can
be realized that performs a. 1024-point analysis in the time it takes to apply the
1,Q data bit-sequentially least-significant bit first to the input, there is in practice

“no limitation to overlapping analyses every 32 samples and thus obtaining error
analyses at just over luS intervals.

25 The error analysis consists, for each of the 1024 frequency bins, of an I-
error and a Q-error. Errors are pretferably corrected by updating, for each bin,
an I-derivative and a Q-derivative which determine the rate at which previous |
and Q values shall be increased or decreased. This forms a second order

feedback sysiem for correcting each 1,Q value. but first order feedback systems



The signal synthesizer 34 applies each estinmate of the real and inmaginary
20 part of each signal to determ ne the anplitude of a correspondi ng
cosi ne and sine wave centered on their respective channel
frequencies, the sumof all of the wei ght ed cosi ne and si ne waves

t hen form @@ ¢7Rgs2e0NpPoOsi te wavef orm which is fed topetrBisrmesiyVve
coupling device 30. The signal synthesizer can also perform an

i nverse FFT operation performed nunerically using high speed arithnetic 25
logie circuits. Alternatively it can conprise a Discrete Fourier Transform
operation which can conpute signal sanples on a arbitrarily fine time grid
to provide a better approximation to a continuous signal.

The invention described above is a form'd? negatlve f eedback to reduce

the distortion in a sj rreansthrou ring the
anpl i fyi ng 30 €0 bﬁ%qﬂﬁl ‘g‘}c){“'é J“@'Wé%w &ed'g@f‘ &W’tsﬁge?‘ﬁﬁéﬂ si gnal

and a fed baclgls eddvised using seco“@o&?ér%@ﬁ@er derivatives.
PCT/ US97/ 01514.

However, a convent ifS8HF Snillysiaiese Hanalsyphesizapising Brst aisar eonstohof HS)Jt elittle’
to the prgdiapeiipfaés0 nﬁﬁa%zgg leR@rLedidt 4 DFF ,Qazﬁine@@ca@ldvg%{a: Hdesvery

wi deband, hi gh-gain k systens would be difficult to maintain in

stabl e ope? at i Bhd@Land are qgpligd to 1 andeQ addess 8183 plonp WlTNRE%VIOltSHeolml}@ht i on nay
be described ag ifcrailnRaMcERRAPRE Stored values 1i,Qi in memory registers 80,81.

The corrected values [1,Qi are then applied to multipliers 78,79 wherc they
multiply digitized samples of a cosine waveform and a sine waveform
respef:tively selected from a stored table or memory {(not shown). The multiplied
10 values from all I multipliers 78 are added in l-adder 76 and Q values are added
in adder 77 before being D-to-A converted in D-to-A convertors 74,75. The D-
to-A corivertors must have the full dynamic range expected of the synthesized
signal, that is of the composite received signal, however constructing high |
dynamic range D-to-A convertors is easier than constructing high dynamic range
15 A-to-D convertors. Some inventive techniques that can be applied to construct
D-to-A convertors with improved performance suitable for use in this invention
will later be described with the aid of Figure 6.
The D-to-A converted éomposite 1,Q signals are then applied to
quadrature modulators 71,72 along with quadrature local oscillator signals which
20  preferably derive from the same local oscillator 67 as used for downconversion.
The sum of the modulator output signals is formed with adder 73 which may
consist merely of a parallel connecﬁon of current source oufputs from the
modulators 71,72, The modulated signal is generated at high levels, for example
-10dBm, and thus must be attenuated for subtractive coupling with received
25 signals so that the levels match. This is accomplished using an attenuator 84 and
by choice of the ;:oupling coefficient in the coupling device 30. The overall
attenuation provided beneficially attenuates also noise produced by the signal
synthesis process, such as quantizing noise of D-to-A convertors 74,75. |
The 1 or Q values li, Qi multiplied by respective cosine or sine values in
30  multipliers 78 or 79 are coupled to a selective adder 95. The selective adder 95



5 system whi ch conprises nultiple feedback | oops each dealing with a

smal | fraction of the signal bandwi dth to be processed such that | oop
del ays are only i mportant in relation to the reciprocal of the narrow
channel bandw dths and are not inportant in relation to the entire
30MHz bandwiwie bz/30522 Figures 3(a)-(c) shows three RATIUBIHBISIA
enbodi nents of the subtractive 10 coupling device 30 which can be used in
the invention, but these do not represent an exhaustive |ist of
possi bl e neans. Figure 3a indicates receiving signals by means of an

antenna 40, and reradiating signals.cusing an auxiliary antenna 41 in
proximty to antenna 40 such that the antemna 40 receives the radiated

signals in _ opposition to the received signals, formng an error
signal which i sgdifi@vaimes ofRFrﬂﬂﬁstﬁfgi‘litQUe Hﬂé‘gcﬁiédoﬁu@m?éeylﬁ nitdde gl:B_nES to be
subtractive coupling device 30 can thus conprise the conbihation of a

mai n receiving addednribhesnagnitidacategory ofa value is determinedi byt tha dighastaenzemw] of
antenna 10 and Bioh spgificands, Bl & ¥ R cOifichBRtlodddd, REdhRel | N7
filtered signal snequnteredtip deseepding ofder fof biisignificame whicly it ¢fessi oppesi®4 usi ng a
G St onal o0l M0l ks G| ¥ BRI by 55 e 0
signal s timnmes asceansieagheofitbe 024 mgltiplied values dndradiis each to one of thineet he
syntnes: 269, SuelFURRkitelin 1L Gablle, ol B S BOBHE By ABS o
signals 25  aré valueetist efB-bid 1dngeh, |tiove Ihaviag bhf6 drhgreaterasfiraonfieesl r ecei ved
signal s and Suc@igtn;}ﬁ:ance would BQ gdée%ct%%rﬁrst accumulator; those having bit 4 or 5 of
10 non-zero significance would be added in a second accumulator, and those having

only bits 3 or less of non-zero significance would be added in a third

accumulator. The three accumulator contents are then D-fo-A converted using

respectively convertors of 12-bit resolution 92, 10-bit resolution 93 and 8-bit

resolution 94. The three D-to-A convertors' analog output signals are then added
15  in a summer 91. Many variations of the above can be made by a person skilled

in the art, such as using D-to-A convertors with the same number of bit

resolution, e.g. 12, and scaling their outputs before adding in the summer 91.

Such variations may also encompass for example selecting only the largest 16 Ii

or Qi values to be summed to a first D-to-A convertor, the next 128 in
20  magnitude order to be summed to a second D-to-A convertor, and the femainder

10 a third D-to-A convertor.

A further variation is to associate separate quadrature modulators with

each of the separate A-to-D convertors and to add their respective analog outputs

in suitable fixed scaled ratios. |
25 The above description has concentrated on resolving a spectrum into 2

number of constituent frequency channels each containing and independent

signal. However, it is alternatively possible to resolve a signal into other sets of

orthogonal waveforms such as Walsh-Hadamard functions. It is also possible to

use the invention for receiving direct sequéncc spread spectrum signals that have

30 to be resolved by correlating received signals with a number of spreading codes.
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is very close to unity and thus represents very little attenuation of the
recei ved signals. Many forns of directional and non-directional (e.g.
re5| sti ve)waoussiang means may be enbraced by the gePfEHB§ITOEIM
"conductive coupling neans" used to describe Figure 3(b), in contrast
to the radiative coupling means of Figure 5 3(a). _ Finally,
Figure 3(c) illustrates a formof active coupling means using | ow
noi se anplifying transistors. Signals are received at the antenna 10, and
filtered in the band-defining filtgr 11. The signals are then applied
to a | ow noi se anplifier 12 which in this exenplary case conprises a
single field ghfgeh ﬂsﬂmea,{sraanéam&srconm?ﬁe%moﬂ Bfin ndndtep s Q5ceRa 2 i gnal
vol tage on its gate I nput i nt roportional current at the drain
term nal of tmctmmrﬂcc@s@pdqzwhﬂth@mzmsymmuatgean comprisgfgergrationcefizer 34 -

is al so conve t I I 5 put
current of whrRomit Brald s HriiteR Ul | Hin s Rupliign ppinid

paral | el i ng t berrebtion Mmees 82 car eomﬂ'rine oy ablyevrreaihgche cemplen pyrightimgt he
recei ved ighal curren ve.a residual error
anal yzed by eﬁcgq;gfgmﬁ ﬁzpéplc iar cgd%k Sloc‘f“? zgﬁm&fﬁf)rff%'@ 3 E‘mf ?@fay f Isfugrl ng,
anpl i fi cati oncadedusikp/an delay-&ockiloop. i Altednatively, the éorhplex adhBunts b didfeotntf | er 14,
and t he downc nvert 6 wWhich are anal o se .shown for the
prior art in btﬁlotl each code correspongwé E%F%?'égaﬁho%sr?rawg%ﬁ?d of gﬁpgur e |l
can in fact baeﬁwéahy\&dstﬁﬁd tahé independently updated.

~ While a particular embodxment of the present invention has been

10 described and illustrated, it should be understood that the invention lS not limited
thereto since modifications may be made by persons skilled in the art. The
present application c'ontémplates any and all modifications that fall within the

spirit and scope of the underlying invention disclosed and claimed herein.



20 error analyzer 31, but alternatives are permtted by the invention

due to the suppr essi on of signals. Figure 4 shows a bl ock
diagramthat is now perm tted when practiCi the invention that

woul d not have functioned S "m zﬂm i el he case jor art
due to dynaﬁY‘B”ﬂgFfﬁe limtations. 4* I ”"””mlm,[ resi dualreé{!%%lg{"s
anplified and filtered successively usi ny ahpls fisers 25 60, 62, 64 and
filters 61,63 to raise the error signal level froma noise level to a
conveni ent signal level for digitizing, such as -20GdBm The output of the
final anplifier stage 64 is mxed in quadrature m xers 65,66 with
cosi ne and si ne waves from a quadratidre | ocal oscillator 67 operating
at a center frequency in the WO 97/ 30522

PCT/ US97/ 01514 CLAIMS: m ddl e of the frequency band of the receiving
system Preferably, |ocal . Ll at y/ nter freguency which
ig al so m dway bet vve(l‘a‘n tV\BrF?eé‘a?é%gs%F"{ ?or%ul@ﬂgﬁ%ﬁ? g'lgﬁﬁ rC%f'Wgs'@ghter of the
band. The out put si gmahms for sevdiviggf saitimadioxsignals; 65, 66 each have a
bandw dt h ext endi ng frbglran zero tio hal f tfhe to‘LaI gag,ﬁgi\/\gdth 1S and these
signal's are then sanPiPSECUe CHRUNG BEANS o7 coupling 2 Igedback signpl in spppyjion to

maxi mum f r euenesid rédeivied isinals 36 prudace atRidaal dignaRt equal to the channel
bandw dt h, and then di i%lif\%}ed usin D conver.tor . Since the

A-to- z . 68,69
error o g SEfR) AR Bl sy ma Bl B SR SRR mot

have | arge constituent components;

signal estimating means for using said resolved constituent components to
refine estimates of corresponding constituent components of said radio signals;
10 and ' '

signal synthesis means for using said estimates 1o produce said feedback
sighal. ' '

2. A system according to claim 1, wherein said constituent

components comprise signals modulated on different channel frequencies.

15 3. A system according to claim 1, wherein said constituent

components comprise signals coded with different spread spectrum codes.

4. A system according to claim 1, wherein said constituent
components comprise signals modulated on different channel frequencies and

spread with different direct sequence spreading codes.

20 5. A system according to claim 1, wherein said means for receiving

said radio signals comprises an antenna or antenna array.

6. A system according to claim §, wherein said subtractive coupling
means comprises an auxiliary radiating antenna in proximity to said receiving

antenna means.



variations in signal level to contend with and thus need only Iimted

resol ution, 10 for exanple 4 -_8 bhits. The streamof digitized I, Q val ues
is fed to FFT processor 70 which collects bl ocks of conplex sanples,
for exanple 1024 succes |uﬂ l ‘processing to anal yze the
error si gn¥po.97/30522 Fof” Iﬁmﬂ nﬁﬂmm t he tot al P%T’Bﬂ%ﬂol%ande dth
to be analyzed is approxi*rratcely 30 , the |, Qsanpling rate is

30. 72MHz and 1024-sanpl e 15 bl ocks are anal yzed. The anal yzed results

t hen-descri be the error signal energy in each 30KHz bandw dt h segnent
(i.e. frequency channel) of the conposite signal. Such an analysis is
made every 33.333uS if successive blocks;are not over | apped. However,
over | appi ng successi ve bl ocks or 1024 sanples permts updates to the
error analysis to he nmadesyiRfCadchbRieRddim WWhiKdieih Said QURPIcAGL ObLHIIng0 S nce
a fully parallel digital l'ogic_construction of a 1024-point FFT nmachi ne can
be realized t RNy EIMRFITeS asireconahepupleranal ysis in the time it takes to
apply the |, Qdata bit-sequentially least-significant bit first to
the input, there is in practice ) no limtation to overlapping anal yses
every 32 sanples afd thdssyssmaaaeprdingtorelaim 1, wherein saig subtragtive ceuplinger | uS
intervals. 25 peqn comprisepa@ti\fercrogplix?enﬁik%g'u§in 95w nofse a };ﬁﬁered’&ibe?.f the 1024
frequency bins, o? an | - efrdr and a & error. E rors are preferably
corrected by updating, for each bin, an | -derivative and a

Q derivatiye whi chgdet eryn Whe C eV, | oand Q
val ues shall be i an? easgg} %@"ﬁ%@?@é%ﬁ’a&?ﬁ?g ‘P%e?%\%gs%gg‘éenﬁfugp%r
f eedback syst eneans comprises coinbigingatbk oltpQiswaf|twe antplifierf davices or dppositiordback

syst ens WO 97/ 30522
PCT/ US97/ 01514

10. A system according to claim 1, wherein said signal analysis means

comprises analog to digital conversion means.

11. A system according to claim 10, wherein said signal analysis

10 means further comprises numerical Fourier Transform means.

[2. A system according to claim |, wherein said estimating means

comprises multiple Cartesian control loops.

13. A system according to claim 1, wherein said estimating means

comprises multiple pdlar joops.

15 14, A system according to claim 1, wherein said signal synthesis
| means includes a numerical discrete Fourier transform performed by digital

logic.

15. A system according to claim 1, wherein said signal synthesis

means comprises a quadrature modulator.



-12- can be made wi t hout derivatives or higher order feedback
control systens can al so be devised using second order or higher
derivati ves. Fi gu“e‘“5—i-1+ust—iL&t-e5~ar si gnal synthesi zer using
first order control of 1,Q nates. Analyze ter a
DFT nmachi ne™RY885% gital val u mm .@g’ are appl i 3&?{653?/3 P
adders. 82,83 along with previous -to increnent or decrerrent
the stored val ues li,Q in nenory registers 80 81 The corrected
values 1i,Q are then applled to multipliers 78,79 where they

multiply digitized sanples of a cosine waveform and a sine waveform
respectively selected froma stored tabl e-1gr nenory (not shown). The

mul tiplied 10 values fromall | nmultipliers 78 are added in |-adder 76
and Q val ues are addé&d Asystdnnaembdﬁng torclmef by whéreinnsgidsigrad Aynthesisert ed i n
D-to-A convertors 74,7 nust. have t he full
dynam c range e’??@é 8%(3‘8?5 ?"n‘é‘vgﬁﬁ‘nf ﬁgsF ?Qﬁﬁr’a"%"&o@?@}'o" PH%g ﬁ}g@ (Wed[ he
conposi t e receiambm&ticOlogic, cifeaiever constructing hi gh dynam ¢ range
D-to-A convertors is easier than constructing high dynam c range 15

A-to-D convertors. Sone inventive techniques that can be applied to
construct D-t ot7A conyyidnd bscordihg td ETRINP Y EWh@rein| QITHERE afalydigRlegns’ or
use in this |nant|on will later be described with the ard of Figure
6. URfEr ¢9MRSISBS: converted conmposite |, Q signals are then appl i ed
to quadr at ur e slifyiag Qnd Ailtdring nRARNBr Yidikp méésmurﬁ APeak Oscillator
signal s which 20 preferably dérive fromthe sane |ocal OSCI |l ator 67 as
used for downcoffREeniejevel; The sum of the nodul ator output signals is
formed with adder ﬁu‘ﬁ@ifaﬁﬂe HBMnconvers:oﬁ%’e’ih§?or%ﬁﬁ‘érﬁng).&at@aﬂ fifiéd Rsidual
connection of current source outputs from.the nodul ators 71, 72. The
nodul at ed si gna$ignal iqybasebanddpngtQ isiggals) andel s, for exanpl e ~10dBm and
thus nust hg att enuatwadchwex ﬁhﬁ?ﬁé ﬁﬁ%.gm &Hwilbmew#ar e&%hvr@dsaaﬁ and
signals so that the levels matc I's is acconpli usi ng an att enuator
84 and byombéowpﬂsmn@aapﬁqwgceé@émﬂmen@rhtsamme& he coupling device
30. The overall attenuation provided beneficially attenuates al so

noi se produced by the signal
18. A system according to claim 1, wherein said signal analysis means

comprises means to convert said residual signal to a representative sequence of
complex numerical samples.

15 19. A method of employing negative feedback in a signal processing
system to improve the range of signal levels that can be processed, comprising
the steps of:

subtracting a feedback signal from an input signal to form a difference
signal;

20 analyzing said difference signal to resolve the difference signal into a
number of constituent error components of reduced bandwidth; |

using said error components to refine estimates of corresponding reduced
bandwidth constituents of said input signal, and

using said estimates 10 produce said feedback signal.

25 20. A method according to claim 19, wherein said constituent

components comprise signals modulated on different channel frequencies.



synt hesi s process, such as quantizing noise of D-to-A convertors 74, 75.

The | or Qvalues li, Q multiplied by respective cosine or sine values in
30 . multipliers 78 or 79 are coupled to a selective adder 95. The
sel ective adder 95 WD 97/ 30522
PCT/ US97/ OWObB4/30522 “ll,w "muuu uI,I PCT’US"W!%S-
sel ects values of simlar magn [ulu i'nto three magni tude groups
to be added. The magni tude chtelgory of 4 value is deternined by the
hi ghest non-zero bit of significance, that is, in tw's conplenent

. notation, the first bit encountered in descendi ng order of bit

S|gn|f|cance which is of an opposite 5 gol arity to the bits of higher
signi fi cance. The sel ective adder 95 sequéntially scans each of the
1024 nul tiplied vahyes angeg, gﬂ%c&%i] tttpclgi'ﬂ'?l@fwﬁé}élﬁ%rld cops:;:@xfrﬁ“”“' at Ors
depending on its nagnhitude. For exa , assumn I ed

val ues to be sbmpoRsgnts ¢ampyish, Slaﬂhbmdmwlthglf&mm sprsad greemwrcocks non- zero

significance woul d be added to a first accunul ator; those having bit 4 or 5 -

of 10 non-zero significance would be added in a second accumul ator. and
t hose havi ng 28nl y Abimethod aocordieg so dhinndv@u.—whera‘nsia@mohkthme woul d be

added in a third accunul at acc t r contents are then
Dto-A convertcé’H‘pﬂg?"ﬁsgmmp"se sﬁé@%é&ﬂ‘\/‘i‘?‘{/" ‘é’N% %f e "ﬁ"gsol ution
92, 10- bi t5r esspledd ivith Sibferend dideddistquence spreadinglcoldéson 94. The three D-to-A
convertors' analog output signals are then added



15 in a sunmmer 91. Many variations of the above can be nade by a person

skilled inthe art, such as using D-to-A convertors with the sane
nunber of bit resolution, e.g. 12, and scaling their outputs before
adding in the sunmer 91. Such variations may al so enconpass for
exanpl e sel eWPH3®Bhly the | argest 16 i or Q values’égaﬁﬂ?“gﬂﬁned to
a first Dto-A convertor, the next 128 in 20 magni t ude order to be
summed to a second D-to-A convertor, and tipg remai nder toathird
D-to=A convertor. A further variation is to associate
separate quadrature nodul ators with- each of the sgparate A-to-D
convertors and to add their respective anal og outputs in suitaple
fixed scaled ratios. 25 The above descr ift concent fat ed
on resolving a spectruminto a pupber of congtitugnt ffequencys
channel s each containing and i pdepegden signal . %nge r, it @8
alternatively possible to resol wg a3ssgpal _into trerm ) §3
orthogonal waveforms such af VhlIZEE®afard functlj:ns'gE@is al so>RRRsi bl e
to use the invention for|r¥c ¢ng direct SequelrE S priead”spacly um
signals that have 30 to be resolvad by correlatirg regérved sign&:&with
a nunber of spreadi ng codes. WS 97/ 30522 = N
PCT/US97/ 01514 * -14- &
The anal ysis nmeans 31 can thusug morrge correlation w a nunber of Sspread
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spectrum access codes, while the signal synthesizer can conprise generation

of a nunber of spread spectrum synthesis codes. In this case nultiple
signal estimte correction means 32 can conprise not only correcting

the conpl ex M/el’g,htl ng 5 factor for each particular code Qut. ,%9?&

conprisi ng & zan atinme delay of said code-using a ay- 4 ock

|l oop. Alternatively, the conplex anmounts gf different time-shifts of

each code correspondi ng to del ayed echoes or uncalibrated system

del ays can be stored and i ndependently d ted - Wile a

particul ar enbodi nent of the present in on has been 10 descri bed and
illustrated, it should be understood th Ks%e invention is not limted
thereto since nodifications may be made¥§ ersons skilled in the art. The
present application contenplates any and/gl | nodifications that fall within

t he spirit and scope of the underl g invention disclosed and
cl ai med herein. WD 97/ 30522 PCT/ US97/ 01514
- 15- CLAI Ms: ‘ . or nultiple radio
signals, conprising: w Vi n\gsf\sai radi o signals;
subtractive coupling ngans & " bl«:g ‘I i n.opposition to

. . . = =
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signal analysis nmeans for resolving said residual signal into a nunber of

constituent conponents; signal estimating neans for using said
resol.ved constituent conponents to refine estinmtes of corresponding
constituent_co nents of said radio signals; 10 and i gnal
synt hesi s ngé’nggn}%%&? using said estimates to produce said fggggg%?(elfﬂ

si gnal . 2. A system according to claim1l, wherein said
consti tuent conmponents conpri se siadﬁal s nodul ated on different

channel frequgncies. 15 3 A Lng ta.claim 1

wherein said nsti twent

Sy3]
conponent § com&
“ ng,

different spr®dd spegctrun) codes. NSy B~
claimil, whel nvsﬁggn ti *ent:§§$ onpEne
modul at ed oS B|f e f R

C

chinniel Wi s avdd
direct sequens® sprepdi ngl cadeg. 26 =
claiml1, wherl ' S e A A =

conpri ses an anteina or antenna ar
according to claimb, whereijn said subtractive coupli
conprises an auxil ary madi

ant enna neans. =
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WD 97/ 30522 PCT/ US97/ 01514

- 16- 7. A system according to claim1l, wherein said
subtr.active coupling means conprises a directional coupler.
8. A system according to claim1l1l, wherein said subtractive coupling
nmeans conpri¥@87ABE3 ve coupl i ng means using | ow noi se anpl BT ¥¢ces.
5 9. A system according to 6)si m8, wherein said active
coupl i ng means conprises conbining | tput.s t anplifier
devi ees in opposition. . 10t [——A—e-y-s-t—em—aec—e-lsdi ng to claiml,
wherein said signal analysis nmeans - S#p# ses anal og tpfdigital
conver si on neans. 11. A systfem accordi ng claim 10,
wherein said signal analysis 10 mEans\@rt her conpri ses| huneri cal
Fourier Transform neans. - t,:‘§ ——
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12. A system according to claim1l, wherein said estimting neans

conprises nmultiple Cartesian control | oops. 13. A system
according to claim1, wherein said estinmating neans conpri ses

mul tiple polar |oops. 15 14. Asystemaccordln (Jg'i Jml
wherei n sai av%?"é’ﬂﬁg synt hesi s means i ncl udes a nurrerl Sar éf ete
Fourier transformperforned by digital 5/6 | ogic. A
system aCCOf-dl-ng—to-c-LaA—m-l ~Wherei A said st gral- s-ynt-he-5|—s - — 9 means

conprises a quadr ature r@dul at or g

-17- | A\syst em%ccordl ng t@gl@: m 1, N@erel nlsaid si gnal
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means perforns an inverse Fast Fourier Transform operation using high speed

arithnetic logic circuits. 17. A system according to claim
1, wherein said signal analysis neans 5 further conprises:

anplifying and, f] ring means for raising said residual signal to a
conveni ent | en‘\séglgl;"!mt"'?2 quadr at ure downconver si on rreg‘?f?"l”???’“‘s“-
converting said anplified residual signal to baseband I and Q
signals, and 10 t wo- channel anabég to digital conversion nmeans
for convening said | and Q signals to correspondi ng sequences of
nunerical sanples. 18. A system according to claim1,
wherei n said signal analysis neans conpri ses nmeans to convert said
residual signal to a representative sequence of . conpl ex nuneri cal
sanpl es. 15 19. A nethod of enploying negative feedback in a

si gnal processing systemto i nprove the range of signal |evels that
can be processed, conpg sing the steps of: subtracting a
f eedback signal from af.input signal to forma difference signal; 20

anal yzi ng said differefte signal to resolve the difference signal into a
nunber of constituent ¢rror conponents of reduced bandw dt h;
using said error conpoments to refine estimtes of corresponding reduced

bandw dt h constituent s|of- sard- imput —stghals -ard- - - - - - = - using said
estimates to produce said feedback signal. 25 20 A et hod
according to claim 19. gwherein said constituent
W
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conponents eonprise si gnal s nodul at
WO 97/ 30522

PCT/ US97/ 01514
21.

22.
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A met hod according to claim19, wherein said consti'tue

conponents conprise signals coded with different spread spect
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(57) Abstract

- A method and apparatus for employing negative feedback in a signal processing system to improve the range of signal levels that can

produce the feedback signals.

be processed is disclosed. First, a feedback signal is subtracted from an input signal to form a difference signal. The difference signal is
then analyzed to resolve the difference signal into a number of constituent error components of reduced bandwidth. ‘The error components
are then used to refine estimation of comesponding reduced bandwidth constituents of the input signal. The estimates arc then used to




