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BACKGROUND
15 Analog-to-digital converters are devices that convert
real world analog signals into a digital representation or
code which a computer can ' thereafter analyze and
manipulate. Analog signals represent information by means
of continuously variable physical quantities while digital
20 signals represent information by means of differing
discrete physical property states. Converters divide the
full range of the analog signal into a finite number of
levels, called quantization levels, and assigns to each
level a digital code. The total number of quantization
25 levels used by the converter is an indication of its
fidelity and is measured in terms of bits. For example, an
8~bit converter uses 2 or 256 levels, while a 16-bit

converter uses 2 or 65536 levels.
During the conversion process, the converter
30 determines the quantization level that is closest to the
amplitude of the analog signal at that time and outputs the
digital code that represents the selected quantization
level. The rate at which the output is created indicates
the speed of the converter and is neasured in terms of
35 samples per second (sps) or frequency in Hertz (Hz). As
will be appreciated, a larger number of bits and therefore
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and Eperefou%mple it is desirable that the converter has not only a
high rate of speed but also a large number of quantization
levels or a high degree of fidelity. Such converters are
difficult to build and therefore tend to be highly complex
and very expensive. The key reason is that conversion

10 errors and the consequential device layout constraints for
reducing such errors, both of which can be ignored at slow
speeds, can become significant at high speeds. As a
result, in existing converters, high fidelity and high
speed are commonly mutually exclusive; that is, the higher

15 the converter speed the lower the converter fidelity and
vice versa.

SUMMARY OF THE INVENTION
It is an object of the present invention to provide an
20 analog-to-digital converter that has a high fidelity and a
high speed. Related objectives are to provide such an
analog-to-digital converter that is relatively simple and
inexpensive.
The present invention is directed to a method and
25 apparatus for processing signals, particularly wide-band
signals, including deterministic signals, random signals,
and signals defined by pseudorandom waveforms with a
relatively high degree of fidelity and efficiency at a high
speed and at a low cost. The invention is particularly
30 useful for processing wideband signal, including signals
defined by broadband signals {(i.e., signals having a
bandwidth of preferably more than about 1 kHz and more
preferably more than about 1 GHz).
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{a) decomposing the analog or digital signal into a
plurality of signal segments (i.e., subband signals}, each
signal segment having a signal segment bandwidth that is
less than the signal bandwidth:;

(b} processing each of the signal segments to form a
plurality of processed signal segments; and

{c} combining the processed signal segments into a
composite signal that is digital when the signal is analog
and analog when the signal is digital. As will be
appreciated, the sum of the plurality of signal bandwidths
is approximately equivalent'to the signal bandwidth. The
means for processing the signal segments can include any
number of operations, including filtering, analog-to-
digital or digital-to-analog conversion, signal modulation
and/or demodulation, object tracking, RAKE processing,
beamforming, null steering, correlation, interference-
suppression and matched subspace filtering.

In a particularly preferred application, the signal
processing step (b} includes either analog-to-digital or
digital-to-analog conversions. The use of signal segments
rather than the entire signal for such conversions permits
the use of a lower sampling rate to retain substantially
all of the information present in the source signal.
According to the Bandpass Sampling Theorem, the sampling
frequency of the source signal should be at least twice the
bandwidth of the source signal to maintain a high fidelity.
The ability to use a lower sampling frequency for each of
the signal segments while maintaining a high fidelity
permits the use of a converter for each signal segment fhat
is operating at a relatively slow rate. Accordingly, a

speed
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The means for decomposing the signal into a number of
signal segments and the means for combining the processed
signal segments to form the composite signal can include
any number of suitable signal decomposing or combining

10 devices {e.g., filters, analog circuitry, computer
software, digital circuitry and optical filters).
Preferably, a plurality or bank of analog or digital
analysis filters is used to perform signal decomposition
and a plurality or bank of analog or digital synthesis

15 filters is used to perform signal reconstruction. The
analysis and synthesis filters can be implemented in any
number of ways depending upon the type of signal to be
filtered. Filtration can be by, for example, analog,
digital, acoustic, and optical filtering methods. By way

20 of example, the filters can be designed as simple delays or
very sophisticated filters with complex amplitude and phase
responses.

In a preferred confiquration, a plurality or bank of
analysis and/or synthesis filters, preferably designed for

25 perfect reconstruction, is used to process the signal
segments. As will be appreciated perfect reconstruction
occurs when the composite signal, or output of the
synthesis filter bank, is simply a delayed version of the
source signal.

30 In one configuration, the analysis filters and
synthesis filters are represented in a special form known
as the Polyphase representation. In this form, Noble
identities are can be used to losslessly move the
decimators to the left of the analysis filters and the

35 interpolators to the right of the synthesis filters.



3 The signal can be in any suitable formsuch as el ectronmagnetic

radi ati onwo o%@9esst i C, el ectrical and optical.- I n one erbwaisaw2ys t he
met had i ncl udes the follow ng 5. steps: (a) deconposing the anal og or
digital signal into a plurality of signal segnents (i.e., subband signals),
each signal segnent having a signal segﬁent bandwi dth that is |ess than the
si gnal bandw dth; 10 {b) processing each of the signal segnents
to forma plural Imyamtlpﬂmms@w@wn,sgmm sompangnd)s dontsatimeft he

processed gé%’msrg dnlsO C |]&g@ tihat .4 n the
signal is anal og r?g(}o v\/n':%r‘\1 ?%p?an&s%%l rc#@?aq%ﬂ %ﬁﬁ%be 15
appr eci at eddr t¢rneRRsigh tire tpmpabceysn;ngssgml Uléhﬂj\memd*mall saﬁm:mme mat el y

equi val ent £ ncleu?'e&nalaﬁq'%,mra%?i q:% neaggnt,gg_,sﬁggcescg gkeovsj[&nal

segnents c any nu pera i ons, 1Nnc i ng ng,
anal dy-t o- significant additional. reductions computatlonal

requirements.

In yet another configuration, a coded signal is
acquired rapidly using the above-referenced invention. In
the processing step, the signal segments are correlated

10 with a corresponding plurality of replicated signals to
provide a corresponding plurality of correlation functions
defining a plurality of peaks; an amplitude, time delay,
and phase delay are determined for at least a portion of
the ‘plurality of peaks; and at least a portion of the

15 signal defined by the signal segments is realigned and
scaled based on one or more of the amplitude, time delay,
and phase delay for each of the plurality of peaks.

In another embodiment, a method is provided for
reducing noise in a signal expressed by a random or

20 pseudorandom waveform. The method includes the steps of
decomposing the signal into a plurality of signal segments
and removing a noise component from each of the signal
segments to form a corresponding plurality of processed
signal segments. The means for decomposing the signal can

25 be any of the devices noted above, and the means for
removing the noise component includes a noise reducing
quantizer, noise filters and rank reduction. Signal
reconstruction may or may not be used to process further
the processed signal segments. This embodiment is

30 particularly useful in acquiring analog signals.

In yet a further embodiment, a method is provided for
combining a plurality of signal segments (which may or may
not be produced by analysis filters). In the method,
synthesis filtering is performed on each of the plurality
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means for emitting the plurality of signal segments from a
plurality of signal sources (e.g., antennas); means for
receiving each of the plurality of signal segments (e‘g.;
antennas); and means for converting each of the signal
segments from analog format to digital format (e.g.,
analog-to—-digital converter).

In another configuration, the system includes: a
plurality of analysis filters to decompose a source signal
into a plurality of decomposed signal segments; a plurality
of digital-to-analog conversion devices for converting the
plurality ‘of decomposed signal segments from digital into
analog format to form a corresponding plurality of analog
signal segments; a plurality of amplifiers to form a
corresponding plurality of signal segments; a plurality of
signal emitters for emitting the plurality of signal
segments; and a plurality of receptors for receiving the
plurality of signal segments.

In yet another configuration, the system includes: a
plurality of analysis filters to decompose a source signal
into a plurality of decomposed signal segments; a plurality
of amplifiers to amplify the decomposed signal segments to
form a corresponding plurality of signal segments; a
plurality of signal emitters for emitting the plurality of
signal segments; and a plurality of receptors for receiving
the plurality of signal segments.

In another embodiment, a method is provided in which
digital signals are decomposed, processed, and then
recombined. Signal ©processing can include signal
correlation (e.g., signal modulation or demodulation} and

l'ing
idelity
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BRIEF DESCRIPTION OF THE DRAWINGS
Figure 1 depicts a first embodiment of the present
invention;
10 Figure 2 depicts an analog signal;
Figure 3 depicts the analog signal of Figure 2 divided
up into a plurality of signal segments;
Figure 4 depicts the first embodiment including
decimation;
15 Figures 5A and 5B depict noble identities:;
Figure 6 depicts a polyphase filter representation;
Figure 7 depicts a polyphase filter representation
with noble identities;
Figure 8 depicts another embodiment of the present
20 invention;
Figure 9 depicts the quantization process of the
quantizers in Figure 8;
Figure 10 depicts a subband digital transmitter;
Figure 11 depicts a subband analog transmitter;
25 Figure 12 depicts a subband receiver;
Figure 13 depicts rank reduction for noise filtering;
Figure 14 depicts another embodiment of the present
invention;
Figure 15 depicts another embodiment of the present
30 invention; :

Figure 16 depicts RAKE processing;
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Figure 20 depicts an alternative RAKE processing
methodology; and Figure 21 depicts a least squares,

multiple input multiple output filter design problem.

10 DETAILED DESCRIPTION
Referring to Figure 1, an embodiment of the present
invention is illustrated. As can be seen from Figures 1
and 2, a wideband, pseudorandom or random signal 40 (shown
in Figure 2) is passed to a bank or plurality of analysis
15 filters 44a-n. The signal 40 has a frequency band or
domain, F,, having frequency bounds, £, {lower) and £,
(upper), and therefore a bandwidth of £, - £, (Fig. 2). The
bandwidth commonly is at least about 1 kHz, more commonly
at least about 1 GHz. Each of the analysis filters 44a-n
20 pass only a portion of the frequency band of the signal to
form a plurality of subband signals 48a-n, or time
frequency components, characterized by discrete portions of
the frequency band, F,, of the signal 40 (Figure 3). As
will be appreciated, the summation of the individual
25 frequency bandwidths of all of the subband signals 48a-n is
substantially the same as the bandwidth of the signal 40
(Fig. 3). The various subband signals 48a-n are processed
52a-n independently as described below to form a
corresponding plurality of processed signal segments 56a-n.
30 The processed signal segments 56a-n are passed to a bank or
plurality of synthesis filters 60a-n and combined to form
a composite signal 64. Generally, the signal 40 is analog
or digital and, when the signal 40 is analog, the composite
signal 64 is digital, and, when the signal 40 is digital,
35 the composiﬁe signal 64 is analog.



WO 99/ 09650 _ PCT/ US98/ 17278 5 In
anot her apobd/gessat i on, noi se conponents in each of the si g&IUSIBTERtS can
be renmoved prior to signal analysis or conversion in the processing step.
The renoval of noise prior to anal og-to-digital conver si on can
provide 5 significant addi tional reductions I n conput at i onal
requirenents. In yet another configuratgon, a coded signal is acquired
rapidly using the above-referenced invention. In the processing step, the
si gnal segnent sTReeafialysiataid IHmthesiist fidtersr é4pondang @0arml ¢ayy of

et et A ot S e ERRETS R A A Sl G B4
phase del agiaterdet pagkneshipr ditsdrast, aoporatomast t belyl us Bl byl pf
peaks; a”dogérESSSinS,98££é£3hé”oé'Eie frequency domain of the signal
5 40. It is preferred that the frequency bands of the
subband signals overlap as little as possible. Preferably,
no more than about 5% and more preferably no more than
about 1% of the frequency bands of adjacent subband signalé

) overlap.

10 The filters can be analog or digital depending on the
type of signal 40 or the processed signal segments 56a-n.
Examples of suitable analog analysis and synthesis filters
include a suitably configured bandpass filter formed by one
or more low pass filters, one or more high pass filters, a

15 combination of Dband reject and low pass filters, a
combination of band reject and high pass filters, or one or
more band reject filters. Digital analysis and synthesis
filters are typically defined by software architecture that
provides the desired filter response.

20 In a preferred configuration shown in Figure 4, the
signal 40 is decomposed by the analysis filter bank 46
(which includes analog or digital énalysis filters H(z)
44a-n) into subband signals which are each sampled by a
downsampler 64a-n performing an M-fold decimation (i.e.,

25_ taking every M™ sample), and the sampled subband signals
are further sampled after signal processing by an up-
sampler 68a-n {and/or expander (which fills in L-1 zeros in
between each sample)) and the further sampled subband
signals are combined by a synthesis filter bank 62 (that

30 includes analog or digital synthesis filters Gy{z) 60a-n).
The sampled subband signals, denoted by Xx,(mn), x;{n}, . . .
X.1({n), are the outputs of the N-band analysis filter bank
and the inputs to the N-band synthesis filter bank. &as a
result of decimation, the subband signals are 1/N the rate

35  of the input rate of the signal 40. '
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reconstruction filters, the subband signals 48a-n can be’
downsampled without any loss in fidelity of the output
signal. This downsampling is permissible because the
subband signals are of narrow bandwidth and the consequence
10 of the downsampling is that any processing application 52a-
n that is embedded in the subbands can run at significantly
reduced rates.
As will be appreciated, a perfect reconstruction
filter system can be formed by a number of different
15 methods, including quadrature mirror filter technigues. A
preferred technique for designing a filter bank is known as
a least squares multiple input multiple output filter
design notation. According to this technique, which is
jllustrated in Figure 21, a rational transfer matrix
20 defining one of the filter banks is known, i.e., either
H(z) or G¥{z), along with a rational transfer matrix F{z)
defining the ideal output of the filter banks. Assuming
that H{z) and F{z) are the known rational transfer
matrices, the unknown rational transfer matrix, G*'(z), is

25 determined by the following equation:
G™(z) =[F(z) UT(z ™) 1+H, (2)
where
H(z) ="H,(z) U(z) ; [H,(z)is the minimum phase equivalent
of H(z}]
30 U{z)UT(z!) = I ; Paraunitary

[F(z)UT(z™})],_ : Causal part of F(z)U"(z™)
As will be appreciated if G'(z) were known and H(z) were
unkown, then the equation would be solved for H{z) rather
than GT(z), and G*(z) would be decomposed into the
35 following:
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M-1
H(z)=) z'E (z™)
1=0

10 where :
M is the number of subbands (which is the same as the
nunber of analysis filters in the analysis filter
bank;
1l is the subband designation};

15 E,(zM=) e, (n)z™®

n=-

e,(n)=h(Mn+1),0 <1 <M -1
{known as a Type 1 polyphase filter representation) and

M-1
H(z)=), z WAHR (z7)
170

20 where
R (z™ =E,, ,(z)
{known as Type 2 polyphase filter representation). As will
be appreciated, other techniques exist for expressing a
rational transfer matrix defining a filter system including
25 impluse response and filter description.
Noble identities can be used to losslessly move the
decimators to the left of the analysis filters and the L-
fold up-sampler and/or' expander to the right of the
synthesis filters. In this manner, the analysis and
30 synthesis filtefs operate on lower rate data, thereby
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of deconposefbrititids SBIds; a plurality of anmplifiers to anplify the
deconposed signal segnents to forma correspondi n]tg]1 plurality of signal
qk}

segments; a plurkdenbity Ifgndeehmation byr Merfalianpd Hay pLilsrrifgof 30
ot o nal e B e ] o K alene o ch
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Identity 1II: Filtering by G({z) followed by an
upsampling by L is equivalent to upsampling by L followed
by filtering by G{z®*) (Figure 5B).

By way of example, assume H(z) defines an order N

10 finite impulse response (FIR) digital analysis filter with
impulse response h(n}, M=2, u(n) is the source signal and
X(n) is the subband signal. Using the type 1 polyphase
representation above, H(z) is decomposed to yield the
following:

15 H(z) = H, (z%2) + H,(z?)

Based on the foregoing, Figure 6 1is a polyphase
representation based implementation of H(z) without noble
identities and Figure 7 is a polyphase representation-based
implementation of the analysis filters H{z) using noble

20 identities to move the decimators ahead of the analysis
filters. In this configuration, H,(z?) and H,{z?) are FIR
filters of order ns1 and n,+1, where N = ngn,+1. H,(z?) and
H, (z?) operate at half the rate as compared to H{z) and
therefore have two units of time in which to perform all

25 the necessary computations, and the components are
continually active (i.e., there are no resting times).
Accordingly, there is an M-fold reduction in the number of
multiplications and additions per unit of time when using
both polyphase representation and the noble identities to

30 implement an M-fold decimation filter.

Subband signal processing can take a variety of forms.
In one embodiment shown in Figure 8 which depicts a
receiver and antenna architecture, the source signal 40 and
subband signals 48a-n are in analog form and a plurality of

35 quantizers or analog-~to-digital converters are used to



r econbi ned. Signal processing can include signal 35 correlation
(e.qg., siwoavopssgul ati on or denodul ati on) and WO 99/ 096B0TMNS98/17278

PCT/ US98/ 7278 7 oblique projection filtration (e.g., as described in
copending U S. Patent Application Serial No. 08/ 916,884 filed August 22,
1997, "entitl ed "RAKE Recei ver For Spread Spectrum Si gnal Denodul ation, "

whi ch is incorporated herein 5 fully by reference). BRI EF DESCRI PTI ON

OF THE DRA&%N@SJ:EI dilyee éumbanatslgnanssusenhodjm&iﬁgﬁal hfoﬂﬁesef&re
i nventi on; icts an analogpgﬁgnal Fi gure deplcts

t he analogfgfﬁﬁﬁF oPrPcﬁﬁgénf dﬁg é& -8p i nfBTE® B t forf QPﬁﬁﬁﬁ
segment s; Fubbaedd sbgnals, t mubbard eibodilmedigl B8l Ubddhforming in

multiple antenna systems, etc.) and/or synthesis of the
5 digital subband signals 78a-n is performed. As noted
above, the subband signals 48a-n are preferably sampled by
each of the decimators or downsamplers 64a-n at a rate of
at least about twice the bandwidth of the corresponding
subband signal 48a-n to maintain fidelity. As shown in
10 Fig. -9, each quantizer, or analog-to-digital converter,
74a-n determines the digital word or representation 90a-n
that corresponds to the bin 86a~-n having boundaries
capturing the amplitude of the analog subband signal at
that time and outputs the digital word or representation
15 that represents the selected quantization level assigned to
the.respective bin. The digital subband'signals 78a-n are
converted 94a-n from radio frequency (RF} to base band
frequency and optionally subjected to further signal
processing 60. The processed subband signals 98 are formed
20 into a digital composite signal 102 by the synthesis filter
bank 60.

To provide increased accuracy, noise rejecting
quantizers can be utilized as the quantizers 74a-n. As
will be appreciated, a noise rejecting quantizer assigns

25 more bits to the portions of the subband signal having less
noise (and therefore more signal} and fewer bits to the
noisy portion. This selective assignment is accomplished
by adaptively moving the bin boundaries so as to narrow the
bin width (thereby increasing quantization fidelity. An

30 example of a design equation for a Lloyd-Max noise
rejecting quantizer is as féllows:

Ky Xy 82(x,) -8%(x,_,) 1 d8?(x,)

; Xk=e -—

t =
k2o dx,

ko2 2(x,-%,,)

where:



deci mation; 15 Fi gures 5A and 5B depict noble identities; Figure 6
depicts a pol yphase filter representation; Figure 7 depicts a pol yphase
filter reWPH®PSAti on with noble identities; Figure 8 depilfqré”%?%%/ﬂér
enbodi nent of the present 20 i nvention; Figure 9 depicts the

guanti zati on process of the quantizers in Figure 8; Figure 10 depicts a
subband digital transmtter; Figure 11 depicts a subband anal og
transmtter; 25 Figure 12 deptfts a subband receiver; Figure 13
depi cts rank redugtion for noise filtering; Figure 14 depicts another

enbodi nent of tKeilfr £8&nfipRGLnEPORE ﬁP@B%éZ§§5depicts anot her enbodi nent

of the present R0is thenw@RbeenorFhAHAL:kEtdeRi teeROKE processing;
k is signal identifier;

¢ is the noise covariance. .

5
The mean squared quantization error (MSE) £2? is és follows:
N-1
E2=E(x-X)2=E*+) [o®(x,) +x2-2x,e,]P,
k=0
10 where:
{x*yfl are the representation points;
{C>P§1 are the quantization bins;
{tkkfl are the bin thresholds;
f}(y) is the probability density function of y;
15
y = x+n, where x is the signal component and n the
noise component;
tk'!
e, =Ex|yecl=1/p [ Elxly=olfy(a)da; and
k+1 t,
P, = PLye:Cﬂ = f fy (a) da
£y
20
The IM equations require that the bin thresholds be
equidistant from the representation points and that each
representation point be the conditional mean of x in the
corresponding gquantization bin. As will be appreciated, a
25 Lloyd-Max (ILM) quantizer substantially minimizes the mean
squared error between the discrete approximation of the
signal and its continuous representation.
The noise covariance, &, can be estimated by linear
mean squared error estimation techniques. Linear mean
30 squared error estimates are characterized by the following
equation:

= = -1
X=Ty = Rmﬁ§yY
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17 depi ct sy@oddeto Pl exed radar transmtter architecture; FiminesodB788pi cts
a radar receiver architecture; Figure 19 depicts a digital comunications

exanpl e of 5 a recursive, adaptive Wener filter; Figure 20 depicts an
al ternati ve RAKE processi ng net hodol ogyts and Fi gure 21 depicts a | east
squares, nultiple input nultiple output filter design problem 10

DETAI LED DwGeRIePTt CNsReherWtLagetro :EE.Ilg:ler‘r.e R,yalisethedicyerts eoviaid apesent

i nvention i-l | ustrate é: nfromF| ures 1 and 2,  a w deband,
pseudorandb tB’reeF’aﬁﬁ(ﬂﬁ‘g i ?&Y( %ﬁo S FORRFAPECS) Ofs¥Ypassed to a bank or
plurality of anaﬂ siandlR,, arfd Imekn;ov&ﬂaand rebd rel gt i dws, a f mequency
band or  dormi b TS T HRYERG, Leguency, boynds. o ELELEL ¢ over) pand f
5 including an adaptive Wiener filter (e.g., using the llnear
mean squared algorithm), direct estimation, sample matrix
inversion and a recursive, adaptive Wiener filter, with a
recursive, adaptive Wiener filter being more preferred.
The recursive, adaptive Wiener filter is explained in
10 Thomas, J.K., Canonical Correlations and Adaptive Subspace
Filtering, Ph.D - Dissertation, University of Colorado
Boulder, Department of Electrical and Compute Engineering,
pp.1-110, June 1996. which is incorporated herein by
reference in its entirety. In a recursive, adaptive Wiener
15 filter assume f, denotes the filter when M measurements of
X and Y are used. Then ff‘ is the adaptive Wiener filter

Fa ~1 - B ‘*l
P e X Yo (LY, %) 1=R RL,

XM [X X XM / M’1=[XMX]

20 YM'-'[ylyz‘"yM]" YM*J.:[-YMY]
If another measurement of x and y is taken, and one more

column is added to Xy and Y, to build "fwl :
A
Top = K™ RMll +Xy*RU,

The estimate of ,, is X,
25 Kreer = Loy Yops

Using the estimate of X,, one can read off 2y,,, which is

the estimate of x:
2 =1 5,
Ml 14r?

30
where r —y*RMy and X,., @My.
Based on the above, when one observes y, the best estimate
of the unknown x is X, with corresponding estimation error
E,,, and covariance Q,, . If the unknown x becomes available

35 after a delay, then X, ,6 can be updated to §M+1 with error



(upper), and therefore a bandw dth of f[err] - flerr] (Fig. 2). The

bandw dt y is at |east about 1 kHz, nore commonly R85 bout 1
GHz. Eack%@%%geyaanal ysis filters 44a-n 20 pass only aﬁ{')r(,)ﬂf‘tlo?l”gf t he

frequency band of the signal to forma plurality of subband signals 48a-n,
or time frequency conponents, characterd zed by discrete portions of the
frequency band, F[err], of the signal 40 (Figure 3). As wll be

appr eci at Qmeg i 0 Lindidd dgal 25 q 3 i dt hs of
PP ot o Hyabfattd gﬁﬁ!sm%a%%%%r%{u%ést%ﬂ aye hEWRusRarsaned LS O
of the si gare velgied bp)thahfolleowing EUBMYRE signal s 48a-n are processed
52a-n i ndependently as described below to forma corresponding plurality of
processed signal segnents 56a=n. 30a The?processed signal segnents 56a-n
are passed to a bank or plurafwy=dPwsyhtiegzd™ " I ters 60a-n and conbined
to forma conposite signal 64. Cenerally, the signal 40 is anal og or
digital and, when the signal 40 is anal og,, the corgoosihg\a si,gnal 64 is
digital, and, vB¥nwele of geanpleand; gist dillugfrateq hin BigBEet 4 %i gnal 64

i s adal 09.consider a digital communicatien application in which the

modulation scheme involves transmitting x, and x, when bits.

0 and 1 are to be sent. During the setup of the

communication link, the transmitter sends a known bit

sequence across the unknown channel. Let Xy be the matrix

10 of signals that correspond to the known bit sequence. The

receiver observes Y, which is the channel filtered and

noise corrupted version of Xy. Since the receiver knows the

bit pattern, and therefore X, it is able to build "1\‘M .
Therefore we refer to Xy and Yy as the training set.

15 Once the communication 1link is established, the

transmitter sends a signal x, which corresponds to a -data

bit. The receiver observes the corresponding y and uses it

Y A
to estimate x using T, :

~ A
X=TMY

20 The receiver determines r?, cos?0 and sin®e.
When cos?0 is approximately equal to 1, X is deemed to
be a good estimate of x and is used to decide if a 1 or 0
was sent. If, however, cos?8 << 1, then the estimate X is
scaled by cos?8, as required by equation 14, before it is
25 used to decide if a 1 or 0 was sent. Once the decision of
1 or 0 is made, the true x is known and can be used to
build 2 as required by equation 14 above and as illustrated
in Figure 19. The x and y are also added to the training
set to update "fM .
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subband digital transmitter according to this embodiment.
The signal 100 is in digital format and is transmitted to
a bank of analysis filters 104a-n to form a plurality of
digital subband signals 108a-n; the digital subband signals
108a-n are processed by digital-to-analog converters 112a-n
to form analog subband-signals ll16a-n; the analog subband
signals 116a-n are amplified by amplifiers 120a-n to form
amplified subband signals 124a-n; and the amplified subband
signals 124a-n transmitted via antennas 128a-n.

In another embodiment shown in Figure 11, a subband
analog transmitter is depicted where the signal 140 is
analog and not digital. The signal 140 is decomposed into
a plurality of analog subband signals 1l44a-n by analog
analysis filters 148a-n and the analog subband signals
1l44a-n amplified by amplifiers 152a-n, and the amplified
subband signals transmitted by antennas 156a-n.

In yet another embodiment shown in Figure 12, a
subband receiver is depicted that is compatible with the
subband analog transmitter of Figure 11. Referring to
Figure 12, a plurality of subband signals 160a-n are
received by a plurality of antennas 164a-n, the received
subband signals 168a-n down converted from radio frequency
to baseband frequency by down converters 172a-n; the down
converted subband signals 176a-n which are in analog form
are converted by quantizers 180a-n from analog to digital
format; and the digital subband signals 184a-n combined by
synthesis filters 188a-n to form the digital composite
signal 192.

In any of the above-described transmitter or receiver
embodiments, when the subband signals are encoded waveforms
such as Code Division Multiple Access (CDMA) or precision

endi ng
| es

e or



15 conbination of band reject and Ilow pass filters, a conbination

of band reje d high pass filters, or one or nore band | =kt ers.
Digital a %%?@ﬁand synthesis filters are typically defhﬂg? y g%?%mare

architecture that provides the desired filter response. 20 In a

preferred configuration shown in Figurf84, the signal 40 is deconposed by
the analysis filter bank 46 (which incTudes analog or digital analysis

filters Hegrgl( 444- I b d Si ' ar, ST by a
downsanpl eﬁ(gga%spé;%gg r%l g%&%lﬁl\/#% ecl rf.gts%%?'is. é:%neg%h tae%jngy
every M erot sdepbdpd atd t healimpl edompbbahiioBaynafavinres § urt H& Sanpl ed

Fiils o LEacBEPRE B Bty e o R e e < Lbbane
Si glnal sofrwiit_hrrbianed:rinliaciasyrqmeﬁfse f itxanswidiieds 2 i@l 3prior | A@ udes
S anals. BRbbERL B3 5% donr d P PEPEREE) B b xRl e Ory it s
of the N-bamd afiibysi syfithesisbafikltewingie dmpbesore tFenYeBHRN sy hesi s
filter banéig@%aﬁ (and therefore in analog) or after conversion to
digital (and therefore in digital). The approach is
particularly useful for the rapid, direct acquisition of
10 wideband pseudorandom noise encoded waveforms, like CDMA
type signals and the P(Y) GPS code, in a manner that is
robust hith respect to nmltipath effects and wide-band
noise. Because the M-subband signals have narrow
bandwidths and therefore can be searched at slower rates,
15 correlation of the subband signals rather than the signal
or the composite signal can be performed with over an M-
fold reduction in computation and therefore reduce the
individual component cost.
To provide further reductions in computational
20 requirements, the number of subbands requiring correlation
at any trial time and Doppler frequency can be reduced.
The pseudorandom nature of the coded signals implies that
a coded signal will only lie in certain known subbands at
_ any given time. According to the rank-reduction principle
25 and as illustrated by Figure 13, subbands 200a-j outside of
the subbands 204a-j containing the coded signal can be
eliminated to reduce the effects of wide-band noise in the
acquisition and/or tracking of pseudorandom signals. This
is accomplished by eliminating any subband in which the
30 noise component exceeds the signal component (i.e., the SNR
is less than 1). Such an elimination increases the bias
squéred, which is the power of the signal components that
are eliminated, while drastically decreasing the variance,
which is the power of the noise that was eliminated. In

35 this manner, the mean squared error between the computed



result of decimation, the subband signals are 1/Nthe rate 35 of the

I nput r at gv@Ho/Ae96sd si gnal 40. WO 99/ 09650 PCT/US98/17278

PCT/ US98/ 17278 10 Preferably, the analysis and synthesis filters are
perfect reconstruction filters such that the conposite signal 64 is a

del ayed version of the signal 40 (i.e. l%(n)=u(n-L) where y(n) is the
conposite signal, u(n) is the 5 signal, and L is tine of delay).
Usi ng per toctraladumst r foncbhohi |aret sthehenaidbdinksi yrasionSoh the be

downsanpl e ] . an LN sf) dal i faye . Eﬁ&# ignal. This
downsanpl i %8%%&%&1%%5?%%}38&555ceéqlq%’é)%g{)ab%}tnlg’ ?iégnaegs'are of narrow
bandwi dt h and t Bs cshnwaubncEigore ldofta hrexitoumsabipe i agrirslahaonadin

girgcn:iefsisicggtt gpgggggié Ns$6fa14 {\%ed,S GHRCIURA bEnblopSURRRRARAGRA" LU A

- 5 random waveform applications, the replicated code 208 from
the code generator 212 must be passed through an analysis
filter bank 216 that is identical to the analysis filter
bank 220 used to decompose the signal 224. Because the
correlation must be performed for different segments of the

10 replicated code 208, each indexed by some start time, this

. decomposition is necessary for all trial segments of the
replicated code 208. A plurality of subband correlators
228a-n receive both the subband signals 232a-n and the
replicated subband signals 236a-n and generate a plurality

15 of subband correlation signals 240a-n. The subband
correlation signals 240a-n are provided by the following
equation:

N
g (G)y=), x, (k+3)p* (k)
20 k=1

where:
g(k) is the subband correlation signal;

p!t (k) 1is the component of the i*® trial segment of

the P(Y) code in the nt* subbdPd’
25

x.(k) 1is the component of the measurement that
lies in the n*® subband;
N is the number of samples over which the
correlation is performed.
30 The subband correlation signals 240a-n are upsampled and
interpolated by the synthesis filters 244a-n and then
squared and combined. The resulting composite signal 248



As will be appreciated, a perfect reconstruction filter system can be

formed by _a nunher of different 15 nmet hods, includirm)éqﬂﬁg mrror
filter téﬂﬂﬁ%ﬂﬂ@g. A preferred technique for designing a fi e?ggéﬁ S

known as a | east squares multiple input nultiple output filter design
notation. According to this technique, ich is illustrated in Figure 21, a
rational transfer matrix 20 defini%g one of the filter banks is known,

def i ning the FHEACURREARTISH (Snaty i, et B R e U raledisdd |t 110
arfr}Qe E;g??]?atéopgd.transfer matrices, the upkromn_rational_trgnsfer
Gorr](z) < [ FOOFUOT oFopr ufbaif o At aocth ( plind), S hng .
[Herr] (zyensrabedni theusighabe, efor vexamples ¢fn)b¢ mrocessed by | z)
el ]Z)(fﬁﬁ(}a% ?}Fg:re'ﬁ%?ﬁr,al\!mitcﬂ Y & R damd ARy 1d ABBEd1)dMer édmpirdeaysal part
to align in both time and phase multipath signals before
detection and thereby provide improved signal-to-noise
ratios and detection performance. As will be appreciated,.
a signal can be fragmented and arrive at a receiver via
10 multiple paths (i.e., multipath signals) due to reflections
from other objects, particularly in urban areas. The
formation of a number of multipath signals from a source
signal can degrade the correlation peaks, which contributes
to the degradation of the detections. The RAKE processor
15 determines the time and phase delays of these multipath
signals by searching for correlation peaks in the
correlation function and identifying the time and phase
delays for each of the peaks. The RRKE processor then uses
the time and phase delay estimates to realign the multipath
20 signals so that they can add constructively and enhance the
correlation peaks. The peak enhancement improves detection
because of the increase in signal-to-noise ratio.
Figure 15 depicts an embodiment of a signal processing
architecture incorporating these features. Referring to
25 Figure 11, the signals 300 are received by one or more
antennas 304, down converted by a down converter 308 to
intermediate frequency, filtered by one or more filters
312, and passed through an analog-to-digital converter 316
to form a digital signal 320. The digital signal 320 is
30 passed through an analysis filter bank 324 to generate a
plurality of subband signals 328a-n, and the subband
signals 328a-n to a plurality of subband correlators 332a-n
as noted above to form a plurality of subband correlation
signals 336a-n. The subband correlation signals 336a-n are
35  passed to a synthesis filter bank 340 to form a correlation



As wi |l be appreciated if Jerr](z) were known and H(z) were unkown, then
t he equaty@Rg)bgshd be solved for H(z) rather than (d err] (ROT/USENA278
Jerr](z) would be deconposed into the 35 fol | ow ng: WO

99/ 09650 PCT/ US98/ 17278 11 GI([err])
= Jerfr] (2 Uz) where Gerr](z) is the m ni mum phase equi val ent of
Jerr](z). In a preferred enbodinent, the rational transfer nmatrices of

t he anal ysfgnatdbty 3Iyat hesrselsponglingar €05 the nwiibsadhti 36Dly  Eheressed

011 g "eRPREEE o SRS Bhaote, RPN UL e
i ncl ude t hgetekidwenagn [extrimalifed trammist time and frequency and an
' amplitude and delay for each of the correlation peaks. The
5 estimated transmit time and frequency 352 are provided to
a code generator 356 and the amplitude and time delay 360
associated with each correlation peak are provided to the
RAKE processor 364. The code generator 356 determines a
replicated code 368 corresponding to the signal 300 based
10 on the estimated trial time and frequency. Using the
correlation peak amplitudes and time and/or phase delays,
the RAKE processor 364, as shown in Figure 16, shifts the
input sequence y(k) by the amounts of the multipath time
and/or phase delays and then weights each shifted version
15 by the amplitude of the peak of the correlation function
corresponding to that peak to form a RAKED signal 372
(denoted by yx(k)). The RAKED sequence is commonly defined

by the following mathematical equation:

Ypik) = = iAie'j“y(k+ti)
i=1
3
i=1
where:
20 p is the number of multipath signals (and therefore the

number of peaks);
A, is the amplitude of the i*" peak;
t, is the time delay of the i™ peak;
¢ is the phase delay of the it peak;
25 y(k) is the input sequence into the code correlator.

The RAKED signal 372 and the replicated code 368 are
correlated in a correlator 376 to provide the actual
transmit time and frequency 380 which are then used by a
detector 384 to detect the signal.



Mis the nunber of subbands (which is the sane as the nunber of anal ysis
filters |€’ J@& aIysrs filter bank; 1 is the subband desr,qpl%

[err] [er as a Type 1 pol yphase filter representatlon% anz(} [err]
20 where Rlerr](z[err]) =Elerr](z) (known as Type 2 pol yphase filter
representation). As will be appreci aégd, ot her techni ques exist for
expressing a rational transfer matrix fining a filter systemincl udi ng 25

i npl use respons f er_d tifies n sed to

| ossl essly rmve%{]%ggdeélkr%rators § EF‘%eq{kef l%%lfl%thgggna $S|Eﬁ |I%&r‘§§and t he
L- fol d updeampidedarsl/sdrenex pabier vagirhdonisgiareofusefails yin hepesific | ters.
D llS_TOORRN S catiBrdNA RS as?RsT0crun, SN EakAy 11 ers operate on

| oner rate
In one varlatlon of the system of Figure 15 that is

5 depicted in Figures 17-18, multiplexed radar transmitter
and receiver architectures are depicted. The radar signals
400a-n are a number of coded waveforms that operate in
separate, contiguous subbands (referred to as "radar
subband signals"). As shown in Figure 17, the radar

1o signals 400a-n are simultaneously transmitted by a
plurality of transmitters 404a-n that each include a
plurality of analysis filters (not shown} to form the
various radar subband signals 400a-n. Referring to Figure
18, the various radar subband signals 400a-n are received

15 by a signal receptor 410 and passed through a plurality of
bandpass filters 4l4a-n. A bandpass filter 4l14a-n having
unigue bandpass characteristics corresponds to each of the
radar subband signals. The various filtered subband
signals 4l16a-n are sampled by a plurality of decimators

20 422a-n and quantized by a plurality of quantizers 426a-n to
form digital subband signals 430a-n. The digital subband
signals 430a-n are analyzed by a plurality of detectors
434a-n to form a corresponding plurality of detected
signals 438a-n. The detectors 434a-n use a differently

25 coded waveform for each of the transmitted radar subband
signals 400a-n so that the subband radar signals can be
individually separated upon reception. As noted above in
Figs. 14-15, the coded radar waveform is decomposed by a
plurality of analysis filters (not shown) that are

30  identical to the analysis filters in the receiver to
provide repllcated subband signals tc the detectors 434a-n.
Each detector 434a-n correlates a radar subband sxgnal.
430a-n with its cqrrespondlng r_epllcated subband signal to
form a plurality of corresponding detected signals 438a-n.
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real i zi ngwo ggigbscant conput ati onal savi ngs. The nobl e i wemris9sER78

incluyde: Identity I: Decinmation by Mfollowed by filtering defined by the
mat hemati cal function H(z) is equivalent to 5 filtering by H(z[err])
fol | oed by decimation by M (Figure 5A)23 dentity I1: Filtering by

Fol | owed byt e | SEFPABEHy SAORFr | S RFTBUAE S = IF Yy OB 2orbRAtEs s
H(z) defines ppeereghikNaifa~n tbi fokh aMidnpd it eisr Higndl gddl
analysis filter with |nBuI e res%on_e hg%%f M=2 %éég i s the source signal
and X(n) is the Btobakd %?SHSP. ° U§§’ﬁgst oy of FLIER Haye & B &af at i on
above, H(z)ari#fl @ecompObedrs oafdekgnthesfiel Ifawiteds can be implemented
5 both directly before and after the correlation step (not
shown) to provide the above-noted reductions in
computational requirements.

In another variation of the system of Figure 15, the
analysis filters can be relocated before the analog-to;

10 digital converter 316 to form the subband signals before as
opposed to after conversion.

In another variation shown of the system of Figure 15
that is depicted in Figure 20, the RAKE processor 364 can
account for the relative delays in antenna outputs of the

15 signal 300 (which is a function of the arrangement of the
antennas as well as the angular location of the signal
source) by summing the antenna outputs without compensating
for the relative output delays. The correlation process
may result in Nxp peaks, where N is the number of antenna

20 outputs and p is the number of multipath induced peaks.
The Np peaks are then used to realign and scale the input
data before summation. The RAKE 364 in effect has
performed the phase-delay compensation usually done in
beam-steering. The advantages of this approach compared

25 to conventional beam steering techniques include that it is
independent of antenna array geometries and steering
vectors, it does not require iterative searches for
directions as in IMS and its wvariants, and it is
computationally very efficient. This approach is discussed

30 in detail in copending application having Serial No.
08/916,884, and filed on August 21,  1997.

While wvarious embodiments of the present invention
have been described in detail, it is apparent that
modifications and adaptations of those embodiments will

35 occur to those skilled in the art. However, it is to be



15 H(z) = Herr] (z[err]) + Herr] (z[err]) Based on the
foregoing, Figure 6 is a polyphase representation based i Fi%Rh#mon of
H(z) wi t Y& ﬁ%ﬁ?e identities and Figure 7 is a polyphasemRE !
representation-based inplementation of the analysis filters H(z) using

nobl e .20 identities to nove the desgiymators ahead of the analysis
filters. In this configuration H[err?éz[err]) and Herr](z[err]) are FIR
filters of g&[ Lﬁfde?&ft khbt WhehenN —mBEQEi]ﬁELSﬁE]”land
H[err](z[err AN H err err ) operate at half the rate as conpared to

H(z) and tlaehapn:an:eonavarewmhnpstbﬁ §Fﬁ§el afwkhenprespeEf dpveakions

the neces PRt Qip@nents are continually active
(i.e., ther%?é%retcno relgtlrﬁg%%ﬁ f?ﬂ)q‘o Accordl ngl y, there is an Mfold
reduction in the nunber of nultiplications and additions per unit of tine
when usi ng both pol yphase representation and the noble identities to 30

i npl ement an Mfold decimation filter. Subband signal processing can take a
variety of fornms. In one enbodi nent shown in Figure 8 which depicts a

recei ver and antenna architecture, the source signal 40 and



subband signals 48a-n _are in analog formand a plurality of 35

quant i zerwoes/osesal ogiﬂulmll’lu&“@amrters are used to  REI/USISNGEBO

PCT/ US98/ 17278 13 co signals 48a-n to digital formbefore
further processing 82 (e.g., correlation for encaded.subband signals,
subband signal digital beanforming in A8l tiplq TS SHEET $)AStBERN | et c.)

and/ or synthesis of the 5 | di gi tal subband {si gnakepPL&8&Dn 1 s perforned.
As noted aBB3E1ErE18 SRS gnal s 48a-n ar e lpreferabty—samptet by each of
the decimators or downsanplers 64a-n at a rate of at,|least about tw ce the
bandwi dth of thé- cor?\esﬂmor‘?g SAFaF BT 483- nS1EPALI nPAVARE Bl i ty.
As shown in 10 . each quantizer, or analog-to-digital converter,
74a-n detéPﬂPﬁ@%dFﬁe %P@PF&Flﬂﬁkd or representation 90a-n that corresponds

to t he bin 86a-n havi ng boundari es,
ecompgélng the signal into a plurality of signal

5 segments, each signal segment having a signal segment
bandwidth that is less than the signal bandwidth;

processing each of the signal éegments to form a.
plurality of processed signal segments; and

combining the processed signal segments into a

10 composite signal wherein the signal is one of analog or
digital and the composite signal is the other one of analog
or digital.

2. The method of Claim 1, wherein the processing
step includes performing analog-to-digital conversion of

15 each of the signal segments.

3. The method of Claim 1, wherein the processing
step includes performing digital-to-analog conversion of
each of the signal segments.

4. The method of Claim 1, wherein the processing

20 step includes removing a noise component from each of the
signal segments to form a corresponding plurality of noise
reduced signal segments and thereafter converting each of
the noise reduced signal segments from one of analog or

digital format to the other of analog or digital format.

25
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capturing the anplitude of-t-he-analog-subpand si gnal at that tinme and
out puts t%%"%%& wor d TS eeREe e ahibn 15 that S5/884s317073e
o , - .

sel ect ed n | dvel aRBPIMER to the respegt gital
subband signals 78a-n ar from r AR{EE IRCEH KF) to base
band frequency and optlonally subj ectedrgo furthe I ng 60.

The processed subband signals 98 are fornmed 20 |ntoha dlgltal conposite

signal 102 by thg, synfheshetidd tef diaiim 60, wierdiroVinland priRRedng
accuracy, n0|se rejecting quantizers can be utilized as the quantizers

74a-n. fﬁ, 88cRPPEeehat sﬂ%nal ngk§Rehth eLs i PhoceSéd zesp st g, 25
nor e bItS to the portions of the subband signal having | ess noise (and

therefore nore sggnal thandndtay®d bift sci®ir he, nailsereior t the. chipobsideective
assignnment is acconplished by adaptively noving the bin boundaries so as to

narrow the 9ignii dhBs(ther shiei Beharsttl gsathezsignal fbaedwigth. An 30

exanple of a design equation for a Lloyd-Max noise rejecting

quantgzer is as f9l |l owbe method of Claim 1, wherein the composite
signal is a time delayed replica of the signal.

8. The method of Claim 1, wherein the signal has a
bandwidth of at least about 1 GHz.

9, The method of Claim 1, wherein the sum of the

10 plurality of signal bandwidths is equivalent to the signal
bandwidth.

10. The method of Claim 1, wharein the signal is in
one of analog or digital format and the composite signal is
in the other of analog or digital format.

15 11. The method of Claim 1, wherein the processing
step comprises:

assigning boundary values to a plurality of bins;

sampling a signal segment to provida_a sampled value
corresponding to the sampled portion of the signal segment;

20 comparing the sampled value with assigned boundary
values for each of the plurality of bins;

selecting an appropriate bin for the sampled portion
of the signal segment;

thereafter reassigning hew boundary values to at least

25

a portion of the plurality of bins; and —_—
This Sheet
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[err] where: W0D_99/ 09650
PCT/ US98/ wkxgo7ooésh X i s the signal to be quantized; N is thecmausbhe17208

wher e:
bi ns;

[err]

probab|I|ty denstenegting i dihef qssignlng, sampllng, Comparing and

10

15

20

25

selecting steps.

12. The method of Claim 1, wherein the processing
step comprises:

correl;ting the plurality of signal segments with a
corresponding plurality of replicated signal segments to
provide a corresponding plurality of correlation
functions.

13. The method of Claim 12, wherein the processing

step comprises:

determining an amplitude, time delay, and phase delay

for at least a portion of a plurality of peaks defined by
the plurality of correlation functions and

realigning and scaling at least a portion of the
signal defined by the signal segments based on one or more
of the amplitude, time delay, and phase delay for the at
least a portion of.the plurality of peaks.

14. An apparatus for acquiring a signal having a
signal bandwidth, comprising:

means for receiving a signal.in the form pseudorandom
or random waveform having a signal bandwidth;

means for decomposing the signal into a plurality of
signal segments, each signal segment having a signal
segment bandwidth that is less than the signal bandwidth;

means for processing each of the signal segments to

form a plurality of processed signal segments; and

This Sheet Has Been R
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[err] are the Tepredenttattort poid#t s r] aﬁgpf_ﬂ& uantijzati on
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gO:Tﬁ+nLthere X is the signal conponent and n the noise conponent; [err]
e ns requi e hr eshol ds be eq romthe
represent‘é’ éﬁg‘%& nts an ThﬂfaﬁHéétHigggfﬁwnnt‘ar OB ui’élimg’igrcl-:i](;)r%jitional
mean-of x in the correspdndi ngRiy zati blnl s it 1t &) ‘eciated, a
25 . Lloyd-Max. (LM quanttTZer substantg ally m Tk squar ed
error between the discrete approximation of the S|gnal and its continuous

representation. plhgNGcye cﬁ%&hhﬁﬁcﬁhe[ﬁfééesm dierra! iswirraity ilnitear
mean squared error estination techniques Li near nean 30 squar ed

error esti nBt&SmSdSi€dasdghLl | wEEroint Ref 8k hAW Ngseanal iodn andiog or

digital and the composite signal is the other one of analog
or digital.

5 15. The apparatus of Claim 14, wherein the means for
processing includes means for performing analog-to-digital
conversion of each of the signal segments. |

16. The apparatus of Claim 14, wherein the means for
processing includes means for performing digital-to-analog
10 conversion of each of the signal segments.
17. The apparatus of Clain 14, wherein the means for
decomposing is a plurality of low pass filters.
18. The apparatus of Claim 14, wherein the means for
decomposing includes a plurality of analysis filters and
15 the means for combining includes a plurality of synthesis
filters.
19. The apparatus of Claim 14, wherein the means for
combining is a perfect reconstruction filter bank.
20. The apparatus of Claim 14, wherein the means for
20 processing includes at least one of a plurality of analog-
to-digital converters and a plurality of digital-to-analog
converters.
21. The apparatus of Claim 14, wherein the means for

processing includes a noise rejecting quantizer.
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WO 99/ 09650 PSEAUS98/ 17278 15 where
T is the woonessoi | ter aany JHIR SHEET HASBREN b etRERMISI/17278 y and
Rlert] is the covari lﬂqaﬁ,mumﬂmz nd F@@LﬁpEare unknown and require
estimati on. A nu cOT L can be used to estimate R err] and
Rerr], 5 i ncluding an adaptive We&8fer filter (e.g., using the |inear
mean squared algorithm, direct estimation, sanple matriXx inversion and a
recursive, adap®idse W &edhof; fpgr regpehng pedgesiPe? SdgppilvBayidged filter
being noire preferred. The recursive, adaptive Wener filter is explained in
10 Thokandwidth, GoFRiSdR%orrel ati ons and Adaptive Subspace
Filtering, Ph.D D ssertation, University of Colorado Boul der,

Depart nent of EIG&SOMROALN dteR ndgBatnditHeRr # ng PI3Fatiitnn, ofusd 9psdes.
which is incorporated herein by reference in its entirety. In a recursive,
adapt i ve Ws&stents, ea?hl§é9n§§sﬁﬁﬂm$P$HﬂaWk9ﬁn%5@??@V¥¢F?thﬁﬁeﬁﬁw

nmeasurenents of X and Y are used. Then T[err] is the adaptive Wener filter
[err]® less than the bandwidth of the signal and

removing a noise component from each of the signal
segments to form a corresponding plurality of processed
signal segments.
23. The method of Claim 22, further comprising:
10 combining each of the processed signal segments to
form a compo;site signal
24, The method of Claim 23, wherein the composite
signal has the same bandwidth as the signal.
25, A system for reducing noise in a signal having a
15 bandwidth, comprising:
means for decomposing the signal into a plurality of
signal segments, each signal segment having a bandwidth
that is less than the bandwidth of the signal and
means for removing a noise component from each of the
20 signal segments to form a corresponding plurality of
processed signal segments.
26. The system of Claim 25, further comprisimj:
means for combining each of the processed signal
segments to form a composite signal.
25 27. The system of Claim 26, wherein the composite

signal has the same bandwidth as the signal.
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[err] 20 [err] If another neasurenent of x and y I s taken, and one
nore col 9,3é§lded to Xlerr] apghY] entgr PRS%'EE%IC [err] t,élsgyi@zﬁstl mat e

of [err] 1 qrr] UBlng e estimte of
FﬁﬁLﬂl.lllllﬂiUllL piich FFEREED osi fdkate of x: [err] 30 where

X err], one c{_
on the alpove, when one observes y, the best

rlerr} = [err|'$e
estimate of the unknown x is [err], with corresponding estinmation error
[err] and covarixyce  epélnolf fdie UBKBOWAnY hecplBgadyeyl A esdgnal after

a delay, then J[err] can be updated to [err] with error
segments having a signal bandwidth, to form a composite
signal having a composite bandwidth, the frequency band of
the composite signal including each of the signal segments,
5 the method comprising:
performing synthesis filtering on each of the
plurality of signal segménts to form the composite signal;
29. The method of Claim 28, further comprising:
emitting the plurality of signal segments from a
10 plurality of signal sources and
receiving each of the plurality of signal segments
using a corresponding plurality of signal receptors.
30. The method of Claim 28, further comprising:
converting each of the signai segments from an analog
15 format to a digital format.
| 31. A system for assembling a plurality of signal
segments, each having a signal bandwidth to form a
composite signal having a composite bandwidth that includes
the frequency range of each of the signal segmentg, the
20 system comprising:
means for performing synthesis filtering on each of
the plurality of signal segments to form the composite
signal.
32. The system of Claim 31, further comprising:

25 means for emitting the plurality of signal segments

from a plurality of signal sources and
' This Sheet Has Been Replaced
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WO 99/ 09650 PCT/ US98/ 17278 16
cov?%l_ziww,_ﬂ]d_covari ance §§HEF PK covar i arcrpeswnezmsel at ed
ow ng formula: [err] é% Q?and as illustrated in
Flgur 1 ﬂ der a d|g|_aJ r tionfapplication in which the
nmodul ml‘mmm L | ves transmtti nglx[err] and x[err] when bits 0 and
1 are to be Sert. * DPuring the setup of the communication link, the
transmtter sendsanknbom beceievingneachciodsdheheplkabidy chinsdignalet
Xerr] be the matrix 10 of- signals that correspond-te the:kmown bit
sequence. sBEymerdcei ver observes Y[err], which is the channel filtered and
noi se corrupted version of X err]. Since the receiver knows the bit
pattern, and the&3f ortheXsystem idf iGlaim 81,0 hither [aomprigingf ore we
refer to Xerr] and Y[err] as the training set. 15 Once the
communi cati on Inedns ifor esnaeiritimgd eachheft thessionel segenissifpes x,

whi ch corresponds to a -data bit. The receiver observes the corresponding y
and uses itan analog format to a digital format.

34. The system of Claim 31, further comprising:
a plurality of analysis filters to decompose a sourcé
signal into a plurality of decomposed signal segments;
a plurality of digital-to-analog conversion devices
10 for converting the plurality of decomposed signal segments
from digital into analog format to form a corresponding
plurality of analog signal segments;
a plurality of amplifiers to form a corresponding
plurality of signal segments;
15 a plurality of signal emitters for emitting the
plurality of signal segments; and
a plurality of receptors for receiving the plurality
of signal segments.
35. The system of Claim 31, further comprising:'
20 a plurality of analysis filters to decompose a source
signal into a plurality of decomposed signal segments}
a plurality of amplifiers to amplify the decomposed
signal segments to form a corresponding plurality of signal
segments;

25 a plurality of signal emitters for emitting the

plurality of signal segments; and
This Sheet Has Been Rep
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to Fsti?ate x using J[err] 20 The_recei determnes r[err],

cosf[err err]. Wien c C BERN tmt el y equ re] is
deened t o™ e”é“éhod estimate of x aﬁgp;gfgged t dec?/deql %ICE@SQXM%EV\&]S
sent: If, however, cosf[err] << t-he—esttrmate [err] is scaled by
cos[e[r], as required by equatlon 14, Before it is 25 used to decide if
alor O was sent. Once the decision of 1 or O is nmade, the true x is
known and can be ysiag-dXi thyidfl fecsgtass reopi redebyingutheoplitaabbye and
as illustrated in Figure 19. The x and y are also added to the training set
to update [ Idignal \¥_AHHIAN50

PCT/ US98/ 17278 17 I n anot her enbodi nent, the source signal 40 is digital
and the anal ysi S€. | /e sfstdmherfeiolandily,t durtdiegndonmprdaedssyng i s
performed by a digital-to-anal og converter,

a plurality of receptors for receiving a plurality of

5 analog signal segments;

a plﬁrality of analog-to-digital converters to convert
the plurality of analog signal segments into the plurality
of signal segments. |

37. A method for processing a digital signal having

10 a bandwidth, comprising:

decomposing the digital signal into a plurality of
digital signal segments, each digital signal segment having
a signal segment bandwidth that is less than the signal
bandwidth and

15 processing each of the digital signal segments to form
a plurality of processed digital signal segments, wherein
the processing step includes at least one of the following
operations: signal modulation, signal demodulation, and
oblique projection filtration.

20 38. A method for processing an analog signal having
a bandwidth, comprising:

deconposing the analog signal into a plurality of
analog signal segments, each analdg signal segment having

a signal segment bandwidth that is less than the signal

R

25 bandwidth and
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and the synthesis filters are anal og. Fi gure 10 depicts a 5 subband
digital t er according to s—eHb The si gredT/OSY8/172981 n

di gi t al f‘gragg'{t@éas%d is transm tteplHS %“*‘E}gnﬂA%iBEEMI ysis filters 104a-n to
forma plurality of digital subband sﬁgﬁ’bﬁ\@m%a- ; the digital subband
signals 108a-n are processed by matog- converters 112a-n 10

to form anal og subband signals 116a-n; the anal og subband signals 116a-n
are anplified bprmupssingr sathOafnthe hoadognplighatdseghbatd tbgfekm
124a-n; and the anpli-fied subband signals 124a-n transmtted via antennas
128a-n. | naapiivierl iapat mrdcedsmd dralagurignkd, seomemniszd atsl anal og
transmtter is depicted where the signal 140 is analog and not digital. The
signal 140 is dessdyiesed ithieopropkssak tpadbgasdboglssbimedtsi gnibsaldda- n
by anal og analysis filters 148a-n and the anal og subband signals 144a-n
anplified ponasgdite egisgrddla-n, and the anplified 20 subband si gnal s
transmtted by antennas 156a-n. In yet another enbodi nent shown in Figure
12, a subband receiver is depicted that is conpatible with the

Y

-_—
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subband anal og transmtter of Figure 11. Referring to Figure 12, a

pl uralityaf and signals 160a-n-are 25 received b Lty of
ant ennas Yg’fgﬁ’ fggt he recei ved subband signals 168a-n dom»gr#egﬁ{lzigbf rom
radi o frequency to baseband frequgﬂyxﬁpy down converters 172a-n; the down
conver.ted subband signals 176a-n are in analog formare converted by
quanti zers 180a-n fromanalog to digital 30 format; and the digital
subband signals 184a-n conbi ned by synthesis filters 188a-n to formthe
digital conposite signal 192. In any of the above-described trapsmtter -or
recei ver enbodi nents, when the subband signals are encoded wav&forns 35
such as Code Division Miultiple Access (CDVMA) or precision WO 09650
PCT/ US98/ 1727 PCY) S code shgnat s, 1 subbandAisPgnal ‘s “can ncoded

FIG. 1
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or decode
exanpl e,
transmtte

be perforned before or after synth

digital (a
therefore
di rect acq

| i ke CDMA-1

W th respe

d to realize conmputational savings. In a receiver, for

Wieomesesand signals are correlated with a repli caPGT/USPR#H7278

d signal prior to 5 detection. The correlation process can
filtering or before conversion to

nd therefore in analog) or after conversion to digital (and

in digital). The approach is particularly useful for the rapid,

visition of 10 wi deband pseudor andom noi se encoded wavef or ns,

ype signals and thé P(Y) GPS code, in a manner that is robust

tt to nultipath effects and w de-band noi se. Because the

M subband {signals have narrow bandw dths and therefore can be searched
at slower fjates, 15 correlation of the subband signals rather than the
signal or the conposite signal can be perfornmed with over an M fold
reduction ifn conputation and therefore reduce the individual conponent
cost. To ptovide further reductions in conput aud)nal 20 requirenments,
t he nunber

of subbands requiring correlatlgpv/

£, '
FIG. 2
//—j\\
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AN
48D |48c| 48d|48e | 48 |48g|48h | 48] | 48] | 48k|48 | an|
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at any trial tinme and Doppler frequency can be reduced. The pseudorandom
nature of the coded signals inplies that a coded signal w Le in
certain kit ®&hands at any given tine. According to the“r:'lé@%érhe’gtsgtion
principle 25 and as illustrated by Figure 13, subbands 200a-j outside
of the subbands 204a-j contai ning t3Qoded si gnal can be elimnated to
reduce the effects of w de-band noise in the acquisition and/or tracking of
pseudor andom signals. This is acconplished by elimnating any subband in
whi ch the 30 noi se conmponent exceeds the signal conpomem - (i.e., the -
SNR is less than 1). Such an elim nation increases the bié squar ed, which
is the power of the signal conponents that are elininated, Swhife =t
drastically decreasing the variance, which is the power of theﬂ% t hat
petviee

was elimnated. In 35 this manner, the nean squared error n the
conput ed WO 99/ 09650 > R S —
PCT/ US98/ 17278 v
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19 correlation function and the noise-free version of the correlation
function % jegsef | cantly reduced. As shown in Figure 14 tecpesdsarmst he
correlation in the subband signals in GPS, CDMA, and ot her pseudorandom or
5 * random wavef orm appl i cati ons, Hgﬁ replicated code 208 fromthe code
generator 212 nust be passed throuéH analysis filter bank 216 that is
identical to the analysis filter bank 220 used to deconpose the signal 224.
Because the correlation nust be perfornmed for different segnents of the 10
replicated code 208, each indexed by sone start time, this deconposition is
necessary for all trial segnents of the replicated code 208. A plurality of
subband correl ators 228a-n receive both the subband signals 232a-n and the

replicated subband signals 236a-n and generate a plurality 15 of
subband correlation signals 240a-n. The subband correl ation signals
240a-n are provided by the follow ng equation: [err]
~
g g
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20 where: q(k) is the subband correlation signal; [err] is the conponent
of the i ' segnent of the P(Y) code in the n[err] s nelD [err]
is the cbﬂ%é#@%%o of the nmeasurenent that lies in the nth gg‘g{'%%%inﬁz is

t he nunber of sanples over which hgg-éorrelation is perforned. 30 The
subband correl ation signals 240a- 1 upsanpl ed and i nterpol ated by the
synthesis filters 244a-n and then squared and conbi ned. The resulting

conposite signal 248 = WD 99/09650
PCT/ US98/ 17278 20 is the correl atigagfunction that can be further processed
: .
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and detected. After the subband correlation signals 240a-n are generated,

t he si gnaly® ogfo@ésoexanpl e, can be processed by a 5 RAKEPGR/U83843278, whi ch
is conmmonly a maximal SNR conbiner, to align in both tinme and phase

mul ti path signals before detection and thereby provide inproved
signal-to-noise ratios and det ectiéy gerformance. As will be appreciated, a
signal can be fragnented and arriv 1 a receiver via 10 mul tipl e paths
(i.e., multipath signals) due tq.reflectijons from other objects,
particularly-in urban areas. Th ti ANTENNAnunber of nultipath
signals froma source signal can degfade the correl ati on peaks, which
contributes to the degradation of th 48cti ons. The RAKE processor 15
determ nes the tinme and phase del aysyof these nmultipath signals by
searching f ' ' T T d identifying
the tinme ar[d phase del ays for each of the peaks. The RAKE progessor _44ien

uses the tilme \ | WI spat h <20
signals so thM@@?ﬁ%?%%ﬂWﬁ%ﬂ%ﬁm ance%%s

lN%d 48C 48b 48a
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correl ati on peaks. The peak enhancenent inproves detection because of the
i ncrease i i -to-noise ratio. Figure 15 depicts an e | f a

si gnal pro‘g ébs/%archi tecture incorporating these featurgg.ggh%t?}e??‘ ng to
25 -~ Figure 11, the signals 300 are received by one or nore antennas 304,
down converted by a down converter _308 to internedi ate frequency, filtered
by one or nore filters 312, and pa?s/é(gthrough an anal og-to-digital
converter 316 to forma digital signal 320. The digital signal 320 is 30
passed through an analysis filter bank 324,f0 generate a plurality of
subband signal s 328a-n, and the subband sigml s 328a-n to a plurality of
subband correl ators 332a-n as noted above &0 forma plurality of subband
correlation signals 336a-n. The subband coryel ation si ghal s 336a-n are 35
passed to a synthesis filter bank 340 to f& ma correlation WO 99/ 09650

PCT/ US98/ 17278 E
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21 function 344 corresponding to the signal 300. The correlation
function 9}0§65§assed to a pre-detector 348 to determ ne mresishmyged
transmt time and frequency and an anplitude and delay for each of the
corrél ati on peaks. The 5 estimated transmt tine and frequency 352 are
provided to a code generator 356 ggguéhe anplitude and tine delay 360
associ ated with each correl ation are provided to the RAKE processor
364. The code generator 356 determ nes a replicated code 368 correspondi ng
to the signal 300 kased 10 on Ahe estimated trifal tine and frequency.
Using the correl at|on peak anplitugles and ti ne and/jor phase del ays, the
RAKE processor 364] as shown in Figure 16, shifts tlhe i nput sequence y(k)
by the amounts of fhe multipath ti and/ or phase del ays and then wei ghts

each shifteggversi)n 15 rI_1;§Iy theflanplitudegof thg peak of the correlation
function corgespokfling to t@t pedk to form € RAKHD} signal 372 (denoted by
y[err](k)).fi e ED seque I sjg¢ommonl y ded ned\lby the foll ow ng

mat hemat i cal a :
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[err] where: 20 p is the nunber of nultipath signals (and therefore
the nunber of peaks); Alerr] is the anplitude of the i[er . err] is
the time WQI%‘S‘?Q‘@? the ith peak; [err] is the phase del ay %hﬁ%gbll?# peak;
25 - y(k) is the input sequence into the code correlator. The RAKED
signal, 372 and the replicated code 368 are correlated in a correlator 376
to provide the actual transmt ti@f4d frequency 380 which are then used
by a detector 384 to detect the signal. WO 99/ 09650

PCT/ US98/ 17278 22 There.are a nunber of variations of the above- described
system The variations are useful in specific
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applications, such as GPS, CDMA, and radar. In one variation of the system
of Figuraydasiésh is 5 depicted in Figures 17-18, nul tPioriasssarzradar
transmtter and receiver architectures are depicted. The radar signals
400a-n are a nunber of coded waveforns that operate in separate, contiguous
subbands (referred to as "radar sugtﬁqggsignals"). As shown in Figure 17,
the radar 10 signals 400a-n I mul taneously transmtted by a
plurality of transmitters 404a-n that each include a plurality of analysis
filters (not shown) to formthe various radar- subband signals 400a-n.

Referring to Figure 18, the i ous,radar subband signals 400a-n are

recei ved 15 by a signal r tot 410 and passed through a plurality of
bandpass filters 414a-n. A bandp filter 4l14a-n havi ng uni que bandpass
Qﬁnnrnn

characteristics corresponds to eachlof the radar subband signals.
UATC JMII}JI U

various filtered s pd—stghat-s—446a—n ech by a plurality of
deci mators 20 4P2a-n and quanti Zed by a pIurallt
to formdigital si ghal s436e=—n—The di git=ad

The
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signals 430a-n are analyzed by a plurality of detectors 434a-n to forma
correspondi n lurality of detected signals 438a-n. The _det ec 434a-n
use a di f‘V@ri’g/ﬁquQ 25 coded waveform for each of the tr"%ﬁ@%’fézsradar
subband signal s 400a-n so that the subband radar signals can be

i ndi vi dual | y separated upon reception. As noted above in Figs. 14-15, the
coded radar waveformis deconposed by a plurality of analysis filters (not
shown) that are 30 i denti cal t'b'll‘lﬁ analysis filters in the receiver
to provide replicated subband signals-to the detectors 434a-n. Each
detector 434a-n correl ates a radar subband sk gnal 430a-n with its

correspondi ng replicated subband signal to florma plurality of
correspondi ng det ect ed% ghal s 438a-n. WQ 99/ 09650
PCT/ US98/ 17278 23 The dotected g gnal s 438a-p are anal yzed by a synthesis
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filter bank 412a-n to forma conposite radar signal 446. In a variation of
t he syst isgure 15, a bank of analysis filters and syrfess klters
can be inp cebgnggésgd 5 both directly before and after the corréri(ztl:ai on
step (not shown) to provide t he above-noted reductions in
conputational requirenents. In ano{ hﬁa variation of the systemof Figure
15, the analysis filters can be re 3£t9ed before the anal og-to- 10

digital converter 316 to formthe subband signals before as opposed to
after conversion. In another variation showmn of the systemof Figure 15
that is depicted in Figure 20, the RAKE processor 364 can account for the
rel ati ve delays in antenna outputs g&hgiS signal 300 (which is a
function of the arrangenment of the gnteerBa® asgell as the angul ar | ocation
of the signal source) by summing th& @{@nisagbd puts without compensating

for the relative out put deI@ys. Th@ r&_’el:atu'gn process may result in Nxp
peaks, where N is the nunmbeN of ant & 302 & abut put s and p is the nunber
of multipath induced peaks.a O OB«
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The Np peaks are then used to realign and scale the input data before

sunmmat i on, The RAKE 364 in effect has perforned the mg@%
conpensatwg'r?!’{qg A y done in beam steering. The advant ages 0 'S
appreach conpared 25 to conventional beam steering techni ques include
that it is independent of antenna ar rﬁé geonetries and steering vectors, it
does not require iterative sear chek3f directions as in LMs and its
vari ants, and it is conputationally very efficient. This approach is
di scussed 30 in detail .4 n copending application having Serial No.
08/ 916, 884, agl fi Augat 21, 1997. Wile variougs enbodi nents of the
pr esent invenm% een d |bed in detail, it isTapparent that
nodi fi cati ons and tions of those enbodinments will 35 occur to
those skilled in t However, it is to beg D9650
PCT/ US98/ 17278 Nt
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24 expressly under stood that such nodifications and adaptations are
Wit hi n t hAVQAUYMESHf t he present invention, as set forth i nPERUSPHEIRE ng

cl ai 8. 25 What is clainmed is: 1. A method for acquiring a signal
havi ng. a bandw dth, conprising: deconposing the signal into a plurality of
signal 5 segnents, each signal aﬁqunt havi ng a signal segnent

bandwi dth that is less than the sigﬁ andwi dth and is one of anal og or

digital; processing the signal segnents in paraflel to forma plurality of
processed signal segnents, each of the 10 ocessed signal segnents
being the other of analog or digital;
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conbi ning the processed signal segnents into a conposite signal. 2. The

nmet hod of Clal wherein the processing 15 step |ncludes!£erforn1ng
anal og- t oW " conversion of each of the si gnal segnent§n' fe

met hod of Cla|n11 wherein the processing step includes perfornlng

di gital -to-anal og conversion of each of the signal segnments. 20 4.

The method of Claim1, wherein the 4§6@ssing step includes renoving a
noi se component from each of the signal segments to forma correspondi ng
plurality of noise reduced signal segnments and thereafter converting each

of the noise reduced signal segnents fromone of analog or 25 digital
format to the other of analog or digital format. 5. The nmethod of C aim
1, wherein in the processing step each of the signal segments is processed
Separately. 6. The met hod of Claim1, wherein the conposite signal has
t he sane bandwi dth as the signal bandw dth. 30 7. The net hod of

Caiml, wherein the conposite
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signal is a tinme delayed replica of the signal. 8. Cancel ed. 26 9.

The net hogoogbdsel M 1, wherein the sumof the plurality ofpcaingshr2rs

bandw dt hs is equivalent to the signal bandw dth. 10. Canceled. 5

11. The method of Claim 1, wherein the processing step conprises:

assi gni ng boundary values to a pl U{élhi y of bins; sanpling a signal segnent
to provide a sanpled val ue corresp g to the sanpled portion of the
signal segnent; 10 conparing the sanpled value with assigned
boundary val uesa{ or eee;‘e@f,(epuaqguﬁgai ty of bins; selecting an appropriate
bin for the sang! ed portion of*t he signal segnent;
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t hereafter reassigning new boundary values to at |east 15 a portion of
the pluraljt bi ns; and repeating the assigning, sanpli i ng and
sel ecti ngwa%ﬁ)g‘.t’solz The nethod of Claim1, wherein the prﬂ(%éus%?}%zﬁgt ep
conprises: 20 correlating the plurality of signal segnents with a
corresponding plurality of replicated signal segnents to provide a
correspondi ng plurality of 4d@/48 ation functions. 13. The method of
Claim 12, wherein the processing 25 step conprises: determ ning an
anplitude, tinme delay, and phase delay for at |east a portion of a
plurality of peaks defined by the plurality of correlation functions and
realigning and scaling at | east a portion of the 30 si gnal defined by

t he signal segnents based on one or nore of the anplitude, tine delay, and
phase delay for the at |east a portion of the plurality of peaks.
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27 14. An apparatus for acquiring a signal having a signal bandw dth,
conpri si ngp9speesd for receiving a signal in the form pseudSITASMBAYATB r andom
wavef orm havi ng a signal bandw dth; 5 means for deconposing the
signal into a plurality of signal ts, each signal segnment having a
si gnal* segnent bandwi dth that is |esS than the signal bandw dth and is one
of analog and digital; neans for processing [each of] the signal segnents
in 10 parallel to forma plurality of processed signal segnents, each
processed sighal segnent being trmaé? Sé of analog and digital; and neans
tfa n
2

for conbining the processed signal ts into a conposite signal. 15
15. Cancel ed. :
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16. Canceled. 17. Canceled. 18. The apparatus of Caim 14, wherein the
neans for_dec osing includes a plurality of analysis fi 0

t he neanQWPEng ining includes a plurality of synthesis¥??ﬁégggﬂ”%9. The
apparatus of Claim 14, wherein the s for conbining is a perfect
reconstruction filter bank. 20. C&giiged. 25 21. The appar at us
of Claim14, wherein the neans for processing includes a noise rejecting
gquanti zer. 22. A nethod for reducing noise in a signal having a bandw dth,
conprising: deconposing the signal into a plurality of signal *30

segnents, each signal segnent having a bandwidth that is |less than the
bandwi dt h of the signal and
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28 remvi ng a correspondi ng noi se conponent -from ea«.Pthlﬁe 95|8/ :'S-E,té78
segnents to form lurality of processHaE$3/ | $e
wher ei-n the rem)vjmml Iﬂﬁlm(ﬂulﬂﬂ rmed in a parallel fashion foflg 1999

pfurality of S|gnal - nent’s. 23. ng met hod of C aim 22, further
~conprising: conbini ng each of t he process signal segnents to forma
conposite siggﬁggéi;%ggﬁaﬁﬁéggg%of Claim 23, wherein the conposite 10
signal has th 1 ; the signal. 25. A system for reducing

noi se in a signal hayingya harka dt for CoRmplSHHE nPansidmyl deconprsi g the
signal into a plurality of signal segments, each signal segnent having a
‘bandwi dt h 15 bandwidths ¢emRrisingt he bandmﬁdth of t he S|gnal and means

for renoving a corr ﬂg o canpa §{ﬁ¥%f4 of
the signal segment 38§§8 rm cg;flges%o‘ﬁd ng p ur of pr ocesse |glnal
-segnment ss segments, each signal segment having a signal segment

bandwidth that is less than the signal bandwidth and is one
of analog or digital;
processing the signal segments in parallel to form a
plurality of processed sicmal segments, each of the
10 processed signal segments being the other of analog or
digital; and

combining the processed signal segments into a

composite signal. ‘
2. The method of Claim 1, wherein the processing
15 step includes performing analog-to-digital conversion of

each of the signal segments.

3. The method of Claim 1, wherein the processing
step includes performing digital-to-analog conversion of
each of the signal segments.

20 4. The method of Claim 1, wherein the processing
' step includes removing a noise component from each of the
signal segments to form a corresponding plurality of noise
reduced signal segments and thereafter converting each of
the noise reduced signal segments from one of analog or

25 digital format to the other of analog or digital format.
5. The method of Claim 1, wherein in the processing

step each of the signal segments is processed separately.

6. The method of Claim 1, wherein the composite
signal has the same bandwidth as the signal bandwidth. )
30 7. The method of Claim 1, wherein the composite

signal is a time delayed replica of the signal.

8. Canceled.
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26. The syst em of O ai m 25, further conprising: 2 means for
conbi ni ng each of thjl“lﬁmm m segrrents to f

27: The systemof C l e conposite suﬁmgmifiQ@m
bandwi dt h as the signal. 28" A'nethdd for conbining a plurality of signal
25 segnents having a signal bandw dth2&o forma conposite signa

"havi ng a conposite bandw dth, the frequency band of the conposite signal
i ncl udi ng each of tBe S|@halmsegm&ﬂqf Qﬂaamnﬁkmmh@nﬁpm|ghﬁgSU@bﬁvérthﬁg in

TErgital into {REuSeReEYoPt sndiet dendei Y a3 908RE, F3 BFE S M hesi <
~filtering on eaghdefidthe pIurallty of signal segnents to formthe conposite
QS|gnaI 10. Canceled.
5 11. The method of Claim 1, wherein the processing
step comprises:
agssigning boundary values to a plurality of bins;
sampling a signal segment to provide a sampled value
corresponding to the sampled portion of the signal segment;
10 comparing the sampled value with assigned boundary
values for each of the plurality of bins;
selecting an appropriate bin for the sampled portion
of the signal segment;
thereafter reassigning new boundary values to at least
15 a portion of the plurality of bins; and
repeating the assigning, sampling, comparing and
selecting steps.
12. The method of Claim 1, wherein the processing
step comprises:
20 correlating the plurality of signal segments with a
- corresponding plurality of replicated signal segments to
provide a corresponding plurality of correlation
functions.
13. The method of Claim 12, wherein the processing
25 step comprises:
determining an amplitude, time delay, and phase delay
for at least a portion of a plurality of peaks defined by
the plurality of correlation functions and
realigning and scaling at least a portion of the
30 signal defined by the signal segments based on one or more
of the amplitude, time delay, and phase delay for the at
least a portion of the plurality of peaks.
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29. The net hod of

signal segnents from . 01[i :: Sgi’al egn;)m ‘I:@s-msggr |3 SEPD
nm IIIHIEENQKB i

of- the plurality of S ing a corresponding plurality of
stgnal receptors. aim 28, further conprising:
.converting each of the signal segnents fr8ﬁ1an anal og 10 format to a
digital format. 31. A systemfor assenbling a plurality of signal segnents,
each having a si gnat4bari @Praratugr hor c%%‘é%ﬂ%gs?gn%ﬂgfllﬁhlv Rgvang  a

conposite band%%gﬁglt b wdes, @#g}éz ﬁguency range of each of the signal

segnents, the sy§?en1conpr| | ans for converting in paralle
the plurality of sigeamssfmwnﬁ&ceﬂvmmg aneighadnahogher folryi psdudortanddme

each of 20 SErERIGR aFtISEOm NS Setated PARUINEPR composi fe |
_signal. 5 means for decomposing the signal into a plurality of
signal segments, each signal segment having a signal
segment bandwidth that is less than the signal bandwidth
and is one of analog and digital;
means for processing [each of] the signal segments in
10 parallel to form a plurality of processed signal segments,
each processed signal segment being the other of analog and
digital; and
means for combining the processed signal segments into
a composite signal.
15 15. Canceled.
16. Canceled.
17. Canceled.
18. The apparatus of Claim 14, wherein the means for
decomposing includes a plurality of analysis filters and
20 the means for combining includes a plurality of synthesis
' filters.
19. The apparatus of Claim 14, wherein the means for
combining is a perfect reconstruction filter bank.
20. Canceled.
25 21. The apparatus of Claim 14, wherein the means for
processing includes a noise rejecting quantizer.
22. A method for reducing noise in a signal having a
bandwidth, comprising:
decomposing the signal into a plurality of signal
30 segments, each signal segment having a bandwidth that is
| less than the bandwidth of the signal and

‘u'inEDSﬁE;T



32. -The systemof O aim31, further conprising: rreMﬁ)FSergtg /ng' ?@78
plurality of signal 3ﬂmm jlw m urality of sign r

nmeans: for receiving p Hj H(H mm ity of si gna[ﬁ gjscfgssmiggg
system of C aim 31, further conprising: means for converting each of the
signal segnents froman analog format to2B8digital format. 30 34.

The systemof Caim 31, further conprising: a plurality of analysis filters
to deconpose a souX€mo¥iggah rervesppnding ingise cpypomentedromgearh of

Ceoret s, nSg R el 84 Yo R0 R0 SONELEL B FILEED 687
:.anal og for mat preckeseda igfr=As poeghar Pl uwbeiéin othanaleapviingnadteegient s;
performed in a parallel fashion for the plurality of signal
5 segments,
23. The method of Claim 22, further comprising:
combining each of the processed signal segments to
form a composite signal
24. The method of Claim 23, wherein the composite
10 signal has the same bandwidth as the signal.
25. A system for reducing noise in a signal having a
bandwidth, comprising:
means for decomposing the signal into a plurality of
signal segments, each signal segment having a bandwidth
15 that is less than the bandwidth of the signal and
means for removing a corresponding noise component
simultaneously from each of the signal segments to form a
corresponding plurality of processed signal segments.
26. The system of Claim 25, further comprising:
20 means for combining each of the processed signal
. segments to form a composite signal.
27. The system of Claim 26, wherein the composite
signal has the same bandwidth as the signal.
28. A method for combining a plurality of signal
25 segments having a signal bandwidth, to form a composite
signal having a composite bandwidth, the frequency band of
the composite signal including each of the signal segments,
the method comprising:
converting in parallel the plurality of signal
30 segments from one of analog or digital into the other of

analog or digital; and

% Sy
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% i st T uﬁmmefﬁ (o 10 IPEAS b O Piggy 1 o

pIurallty of S|gnal segrent s am pIurallty of receptors for receiving
the plurality 10 of signal segnen®®. 35. The systemof O aim 31,
further conprising; a plurality of analysis filters to deconpose a source
signal into a pPﬁF%?FT&n%f g¥ebhpsied §Fbﬁ9¥1%§gnﬁﬁtsea§hplGF%J|§§e

anplifiers t gl [ %ﬁﬁ
correspond %gr% I?? £¥§ sl gn segrrgr?tgcrﬁl gﬁura g% Sl #Ien1tters
f@r emtting th@9p|UThélmqthddsnﬁuﬁﬂamme@menﬁmxthnd aoppumahngy of receptors
fbr receiving the. ural pf s nts. he system of
Cdaim31, furth&ft g%) Pﬁuﬁ?ﬁjrtalrl R%n ?19%%gg q!%s gﬁ@ﬁ"vfhg a
pl urglity pliusaaieg éfgé‘fénﬁm&s and

receiving each of the plurality of signal segments

using a corresponding plurality of signal receptors.
30. The method of Claim 28, further comprising:
converting each of the signal segments from an analog
10 format to a digital format.
31. A system for assembling a plurality of signal
segments, each having a signal bandwidth to form a
composite signal having a composite bandwidth that includes
the frequency range of each of the signal segments, the
15 system comprising:
means for converting in parallel the plurality of
signal segments from one of analog or digital into the
other of analog or digital; and
means for performing synthesis filtering on each of
20 the plurality of signal segments to form the composite
- signal.
32. The system of Claim 31, further comprising:
means for emitting the plurality of signal segments
from a plurality of signal sources and
25 means for receiving each of the plurality of signal
segments.
33. The system of Claim 31, further comprising:
means for converting each of the signal segments from
an analog format to a digital format.
30 34. The system of Claim 31, further comprising:
_a plurality of analysis filters to decompose a source

signal into a plurality of decomposed signal segments;
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-' a plurality of anal og-t o-di gi tal conv @'to digital converters to conveP ZJUS QI&/pﬂu7é_P7[8

o el Sl e mmugummm L o oIPEANST 3 SERgg

nmet hed for processi
deconposi ng the digital nal intd a plurality of 30 digital si gnal

segnents, each digital signal segnment ha®0ng a signal segnent bandw dth
that is |l ess than the signal bandw dth and 31 correlating the plurality

of digital signal sepiamradityt Iofa digirtedpdaodiang 1phu rcainivier sdfonr eiﬂ\'rmsed
digital signal segnments jn rall el ro e a corr ondi ity of
“correl ation fhAEtFIRLETEING the ugg.tl % ﬁétﬂ 8oTB?Sp o% ﬂgs%ﬁneé%aﬁ

., signal havi ngrachRandwidhi, i@@ePrdriEldy format to form a corresponding

plurality of analog signal segments;

5 a plurality of amplifiers to form a corresponding
plurality of signal segments;
a plurality of signal emitters for emitting the
plurality of signal segments; and
a plurality of receptors for receiving the plurality
10 of signal segments.
35. The system of Claim 31, further comprising:
a plurality of analysis filters to decompose a source
signal into a plurality of decomposed signal segments;
a plurality of amplifiers to amplify the decomposed
15 signal segments to form a corresponding plurality of signal
segments;
a plurality of signal emitters for emitting the
plurality of signal segments; and
a plurality of receptors for receiving the plurality
20 of signal segments.
. 36. The system of Claim 31, further comprising:
a plurality of receptors for receiving a plurality of
analog signal segments;
a plurality of analog-to-digital converters to convert
25 the plurality of analog signal segments into the plurality
of signal segments.
37. A method for processing a digital signal having
a bandwidth, comprising:
decomposing the digital signal into a plurality of
30 digital signal segments, each digital signal segment having
a signal segment bandwidth that is less than the signal
bandwidth and
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conposite signal. 39. The nethod of Claim 37, further conprising:
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38. A method for processing an analog signal having
a bandwidth, comprising:

decomposing the analog signal into a plurality of
analog signal segments, each analog signal segment having
a signal segment bandwidth that is less than the signal
bandwidth and

processing in parallel each of the analog signal
segments to form a plurality of processed analog signal
segments; and

combining the processed analog signal segments into a
composite signal.

39. The method of Claim 37, further comprising:
determining an amplitude, time delay, and phase delay for
at least a portion of a plurality of peaks defined by the
plurality of correlation functions and

realigning and scaling at least a portion of the
signal defined by the signal segments based on one or more
of the amplitude, time delay, and phase delay for the at
least a portion of the plurality of peaks.
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