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{ CDMA SUBTRACTIVE DEMODULATION

FIELD OF THE INVENTION

The present invention relates to the use of
Code Division Multiple Access (CDMA) communications
techniques in cellular radio telephone communication
systems, and more particularly, to an enhanced CDMA
demodulation scheme based on successive signal
subtractions of multiple CDMA signals that compensates
for residual interference introduced during the
subtraction process.

BACKGROUND OF THE INVENTION
The cellular telephone industry has made

phenomenal strides in commercial operations in the United
States as well as the rest of the world. Growth in major
metropolitan areas has far exceeded expectations and is
outstripping system capacity. If this trend continues,
the effects of rapid growth will soon reach even the
smallest markets. Innovative solutions are required to
meet these increasing capacityfheeds as well as maintain
high gugddty service and avoid rising prices.

==—<Throughout the world, one important step in
cellular systems is to change from analog to digital
transmission. Equally important is the choice of an
effective digital transmission scheme for implementing
the next generation of cellular technology. Furthermore,
it is widely believed that the first generation of
Personal Communication Networks (PCN), (employing low
cost, pocket-size, cordless telephones that can be
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s as well as the rest of the
netropolitan areas has far exceeded expectations

carried comfortably and used to make or receive calls in

the home, office, street, car, etc.), would be provided

by the cellular carriers using the next generation

digital cellular system infrastructure and the cellular -

frequencies. The key feature demanded in these new

systems is increased traffic capacity.

Currently, channel access is achieved using

Frequency Division Multiple Access (FDMA) and Time
Division Multiple Access (TDMA) methods. As illustrated
in Fig. 1(a), in FDMA, a communication channel is a

single radio frequency band into which a signal’

s

transmission power is concentrated. Interference with

adjacent channels is limited by the use of band pass

filters which only pass signal energy within the

specified frequency band. Thus, with each channel being

assigned a different frequency, system capacity

is

limited by the available frequencies as well as by

limitations imposed by channel reuse.
In TDMA systems, as shown in Fig. 1(b)

;s a

channel consists of a time slot in a periodic train of

time intervals over the same frequency. Each period of

time slots is called a frame. A given signal’s

energy is

confined to one of these time slots. Adjacent channel
interferepce is limited by the use of a time gate or

other s onization element that only passes s

ignal

energy-reeeived at the proper time. Thus, the problem of

interference from different relative signal stre
levels is reduced.

ngth

Capacity in a TDMA system is increased by

compressing the transmission signal into a shorter time

slot. As a result, the information must be tran

smitted

at a correspondingly faster burst rate which increases

the amount of occupied spectrum proportionally.
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20 outstripping systemcapacity. |If this trend continues, the effects

dflrabﬁd gromh wll soon reach even the smal | est markets. |nnovative
solutions are required to meet these increasing capacity needs—as ie .
as nmaintain  high quality service and avoid rising Bri Cﬁgs SHEET ‘% WM
Thr oughout the world, one inportant step in cel lul ar systéEBUMEQC)
change fromanalog to digital transm ssion. Equally I's the
choi ce of an effective digital transm ssion schene for inplenenting
the next generation of cellular techna qgy. Furthernore, 30 it is widely
believed that the first generation of Per sonal Conmuni cati on Networ ks
(PCN), (enploying | ow cost, pocket-size, cordless tel ephones that can
be With FDMA or TDMA systems or hybrid FDMA/TDMA

systems, the goal is to insure that two potentially
interfering signals do not occupy the same frequency at
the same time. In contrast, Code Division Multiple «
5 Access (CDMA) allows signals to overlap in both time and

frequency, as illustrated in Fig. 1(c). Thus, all CDMA
signals share the same frequency spectrum. In either the
frequency or the time domain, the multiple access signals
appear to be on top of each other.

10 In principal, the source informational data
stream, e.g., speech, to be transmitted is impressed upon
a much higher bit rate data stream generated by a pseudo-
random code generator. This combination of the higher
bit rate coding signal with the lower bit rate data

15 information stream is called coding or spreading the
informational data stream signal. Each informational
data stream or channel is allocated a unique spreading
code. A plurality of coded information signals are
modulated and transmitted on a radio frequency carrier

20 wave. A composite signal of multiple coded signals is
received at a-receiver. Each of the coded signals
overlaps all of the other coded signals, as well as
noise-related signals, in both frequency’and time. The
composdd@-signal is demodulated and correlated with a

25 selectadmppreading code. Correlation by code isolates
and decoedes_the corresponding error-coded signal.

There are a number of advantages associated
with CDMA communication techniques. The capacity limits
of CDMA-based cellular systems are projected to be up to

30 twenty times that of existing analog technology as a
result of the properties of a wide band CDMA system, such
as improved coding gain/modulation density, voice
activity gating, sectorization and reuse of the same
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hone, "of fice, street, car, etc.), would be provided by the cellul ar
carriers using the next generation digital cellular s
infrastructure and the cellular 5 frequencies. The key
in these new ~ systens is increased traffic capacity.
Currently, channel access is achieved using

-4 -

spectrum in every cell. CDMA is virtually immune to
multi-path interference, and eliminates fading and static
to enhance performance in urban areas. CDMA transmission
of voice by a high bit rate decoder insures superior, -
5 realistic voice quality. CDMA also provides for variable
data rates allowing many different grades of voice
quality to be offered. The scrambled signal format of
CDMA completely eliminates cross talk and makes it very
difficult and costly to eavesdrop or track calls,
10 insuring greater privacy for callers and greater immunity
from air time fraud.
Despite the numerous advantages afforded by
CDMA, the capacity of conventional CDMA systems is
limited by the decoding process. Because so many
15 different user communications overlap in time and
frequency, the task of correlating the correct
information signal with the appropriate user is complex.
In practical implementations of CDMA, capacity is limited
by the signal-to-noise ratio (S/N), which is essentially
20 a measure of the interference caused by other overlapping
signals as well as background noise. The problem to be
solved, therefore, is how to increase system capacity and
still be able to maintain a reasonable signal~to-noise
ratio sge=ghat signal decoding can be carried out
25 efficiswdy and accurately.

———Tr

SUMMARY OF THE INVENTION
The present invention optimally decodes a coded
information signal embedded in many other overlapping
coded signals in a received composite signal by
30 correlating a unique code corresponding ta the signal to
be decoded with the composite signal. After each coded
information signal is decoded, it is removed from the
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Frequency Division Miultiple Access (FDVA) and Tine Division Miultiple
Aecess$: (TDMA) nethods. As illustrated 10 in Fig. 1(a), in FDVA__a

connunication channel is a single radio frequency band WHEPSHEEPHASEEEN
si gnal’ . transmission power is concentrated. Interferefpce MARQ%AC D
adjacent channel's is limted by the use of band pass fi

pass signal energy within the 15 specified frequency band. Thus, wth
each channel being assigned a different frequency, system capacity is
limted by the avail able frequencies asswel | as by limtations inposed
by channel reuse. In TDVA systens, as shown in Fig. 1(b), a

20 channel

consists of atine slot in a periodic train of tinme

interval s cxempésiteaskghakqueAsya Fashlpersabsefuent corpelakdbasis called

a frane. A

sl ots. Adjacen

gate or 25

&%V %fgﬂﬂ o§m§9f£9ysi nals 18°E£§”§Q?%gvgae BQ?EE time

nterrerence 1 s =‘use of a tine
sigmal Bgncheonezéomﬁdewz;hhnilesaa@.nbar;?epasgesasdgnal '

- therefore, with greater accuracy. -

The subtractive demodulation technique is

~enhanced by decoding the composite signal in an order of
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the information signals from strongest to weakest signal
strength. In other words, the strongest signal is
correlated and removed first. Interference caused by the
presence of the strongest information signal in the
composite signal during the decoding/correlation of
weaker signals is thereby removed. Thus, the chances of
accurately decoding even the weakest signal are greatly
improved. _

In a preferred embodiment of the invention, the -
composite signal is decoded using iterative orthogonal
transformations with a set of codewords to generate a
plurality of transformation components associated with
the codewords. The coded information signal
corresponding to the greatest transformation component is
extracted from the composite signal. During the
iterative process, periodic orthogonal transformations
are performed on the remaining portion of the composite
signal,using at least one of the codewords involved in an
earliemgfgansformation. Any transformation component
corresponding to an associated index of the previous
codeword is eliminated to reduce residual
interference/errors that may have been generated in the
previous transformation process. This
reorthogonalization process is also used to remove signal
echoes from the composite signal.
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energy-received at the proper tine. Thus, the problem of I nterference
feom different relative signal strength | evel s i s reduced.
Capacity in a TDVA systemis increased by 30 conpressing the transm ssion

transmtted " at a correspondingly faster burst rate 'R@ﬂﬁ@gﬁs
t he anbunt of occupi ed spectrum proportionally.

signal intq a shorter tine slot. As a result, the ia%?gﬁpghggrmusthnj
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BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will now be described in
more detail with reference to preferred embodiments of
the invention, given only by way of example, and .

5 illustrated in the accompanying drawings, in which:

Figs. 1(a)-1(c) are plots of access channels
using different multiple access techniques;

Fig. 2 shows a series of graphs illustrating
how CDMA signals are generated;

10 Figs. 3 and 4 show a series of graphs for
illustrating how CDMA signals are decoded;

Fig. 5 shows a series of graphs illustrating
CDMA subtractive demodulation according to the present
invention;

15 Fig. 6 is a functional schematic of a CDMA
transmitter and receiver;

Fig. 7 is a functional schematic of a CDMA
subtractive demodulator according to the present
invention;

20 Fig. 8 is a functional schematic of the signal
strength processor illustrated in Fig. 7;

Fig. 9 is a graph comparing the signal-to-noise
ratio of conventional CDMA with that of subtractive CDMA
accordipgeto the present invention;

25 =pwEFig. 10 is a functional schematic of a CDMA
subtraetive demodulator that eliminates residual noise
according to the present invention; and

Fig. 11 is a flow chart illustrating a process
by which residual interference is removed according to

30 the present invention.
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- 3- Wth FDVA or TDVA systens or hybrid FDVA/ TDVA

systeris, the goal is to insure that two potentially interfering signals
do not occupy the sanme frequency at the sane tinme. |In gort+asi—Code
Division Myltiple 5 Access (CDMA) allows signals to overl dp/HI$ SHEER HASTBEEN
and frequency, as illustrated in Fig. 1(c). Thus, all ¢DVA REPENOHDaIs
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DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

While the following description is in the
context of cellular communications systems involving
portable or mcbile radio telephones and/or personal
communication networks, it will be understood by those
skilled in the art that the present invention may be
applied to other communications applications.

The present invention will now be described in
conjunction with the signal graphs shown in Figs. 2-4
which set forth example waveforms in the coding and
decoding pfocesses involved in traditional CDMA systems.
Using these same waveform examples from Figs. 2-4, the
improved performance of the present invention over
conventional CDMA is illustrated in Fig. 5.

Two different data streams, shown in Fig. 2 as
signal graphs (a) and (d), represent digitized
information to be communicated over two separate
communication channels. Signal 1 is modulated using a
high bit rate, digital code unique to signal 1 as shown
in signal graph (b). For purposes of the present
invention, thé term "bit" refers to one digit of the
information signal. The term "bit period" refers to the
time period between the start and the finish of the bit
signal=Z==Phe term "chip" refers to one digit of the high
rate c@8¥Rg signal. Accordingly, the chip period refers
to the time.period between the start and the finish of
the chip signal. Naturally, the bit period is much
greater than the chip period. The result of this
modulation, which is essentially the product of the two
signal waveforms, is shown in the signal graph (c¢). In
Boolean notation, the modulation of two binary waveforms
is essentially an exclusive-OR operation. A similar
series of operations is carried out for signal 2 as shown
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random code generator. This conbination of the higher bit rate coding
sikgnal«wth the lower bit rate data 15 information streamis called coding

or spreading the i nformati onal data stream signal. Each ot
data stream or channel is allocated a unique spreaglng ;Wﬂk?g 11%A§EEEN
plurality of coded information signals are nodul at ed anb_tr af$RLACRR

on a radio frequency carrier 20 wave. A conposite signal of nmultiple

coded signals is received at a receiver. Each of the coded signals
overlaps all of the other coded signals, as well as noi se-rel at ed
signals, in both frequency and tine. Th§ = conposite signal is
genndglatedland correlatgd with a 25 selected spreading code. Correlation

y code isal ates an decodes t he corres ondln rror-coded si gnal

There are dnngisErlofgrarhst (iks( %kso&%t%‘f? ticey, fﬁ gatlon

t echni ques pobee tiaRR WY dodeéd Sinform®fidiDNEdresksl aums | spmaé yECEM@SS ar e
ggogected 2 b%qu&é%é¥)séggggdhtéggfléﬁfg £l ¥ i1 308 ohbi&hnol ogy
communications. -
5 Each coded signal is used to modulate a RF
carrier using any one of a number of modulation
techniques, such as Quadrature Phase Shift Keying (QPSK).
Each modulated carrier is transmitted over an air
interface. At a radio receiver, such as a cellular base

10 station, all of the signals that overlap in the allocated
frequency bandwidth are received together. The
individually coded signals are added, as represented in
the signal graphs (a)-(c) of Fig. 3, to form a composite
signal waveform.

15 _ After demodulation of the received signal to
the appropriate baseband frequency, the decoding of the
composite signal takes place. Signal 1 may be decoded or
despread by multiplying the received composite signal in
the signal graph (c) with the unique code used originally

20 to modulate signal 1, as shown in the signal graph (d).
The resulting signal is analyzed to decide the polarity
(high or low, +1 or -1, "1" or "0") of each information
bit period of the signal.

.sF=These decisions may be made by taking an

25 averad@®®E majority vote of the chip polarities during
one bit period. Such "hard decision" making processes
are acceptable as long as there is no signal ambiguity.
For example, during the first bit period in the signal
graph (f), the average chip value is +0.67 which readily

30 indicates a bit polarity +1. Similarly, during the
subsequent bit period, the average chip value is -1.33.
As a result, the bit polarity was most likely a -1.
Finally, in the third bit period, the average is +0.80
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result of the properties of a w de band CDVA system such

as i nproved

codi ng: gai n/ nodul ati on density, voice activity gating, ctorization

and reuse of the sane TH -
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spectrumin every cell. COMA is virtually imune to multi-path

i nterference, and elimnates fading and static to enhance performance
in urban areas. CDVA transm ssi angof. voice by a high bit rate decoder

I nsures superior, realistic voice
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which indicates a bit polarity of +1. However, whenever
the average is zero, the majority vote or averaging test
fails to provide an acceptable polarity value.

In ambiguous situations, a "soft decision"
making process must be used to determine the bit
polarity. For example, an analog voltage proportional to
the received signal after despreading may be integrated
over the number of chip periods corresponding to a single
information bit. The sign or polarity of the net
integration result indicates that the bit value is a +1
or -1.

The decoding of signal 2, similar to that of
signal 1, is illustrated in the signal graphs (a)-(d) of
Fig. 4. After decoding, there are no ambiguous bit
polarity situations. .

Theoretically, this decoding scheme can be used
to decode every signal that makes up the composite
signal. Ideally, the contribution of unwanted,
interfering signals is minimized if the digital spreading
codes are orthogonal to the unwanted signals. Two codes
are orthogonal if exactly one half of their bits are
different. Unfortunately, only a certain number of
orthogonal codes exist for a finite word length. Another
problemsis that orthogonality can be maintained only when
the redaive time alignment between two signals is
strictly maintained. In communications environments
where portable radio units are moving constantly, such as

in cellular systems, time alignment is difficult to

achieve.

When code orthogonality cannot be guaranteed,
noise-based signals may interfere with the actual bit
sequences produced by different code generators, e.g.,
the mobile telephone. In comparison with the originally
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quality. CDMVA also provides for variable data rates allow ng many different
grades- 5 of voice quality to be offered. The scranbl ed signal format of

CDMVA conpl etely elimnates cross talk and makes it very difficult d
costly to eavesdrop or track calls, i nsuring great elegrgmyHAs)rBEEN
callers and greater immunity fromair tinme fraud. Bﬂﬂﬁﬂﬂ)
Despite the nunmerous advantages afforded by CDVA, the capacity

conventional CDVA systens is limted by the decodi ng process. Because so
many 10 di fferent user comuni catiensoowerlap in tine and frequency, the
task of correlating the correct information signal with the
appropriate user is conplex. In practical I npl enment ati ons of CDVA,
capacity i ©dded tssidyrial tdrnesyips) -hawennse the iengrYWN)Qf the nadseh is
essential |\ r i er efee a apd Ng

si gnal s )él%ﬂagg'assv\gﬁe %u%%g%ﬁ\% noj se. Iﬁe S’rlg%ﬁ%n%}fq%g f)eééjisrlél 5%1,

t her ef or e, dffefowsest bR reqmpane relgtsi e ckgnadh (gnargiesi || be able to

Mai ntai N a prRRENEHE ¢l A s LR NEE Dl SatiRlor the sphdlintpcodi ng
can be carried out etfjciently and accurat%ﬁy

ly. . , .
Pat ent 3pplAc AIBNRNPLD TA%C 663 the dmdpilying, dqfprmation ik
comuni cat ixdtse SYSHAIB, Wi eproceseiny Wrainledasanttialhartlone signal of

nierest . SRR ISEle e lans! Shat sy UG darededyle prevent
a spread specgiemirthe infaoomtivmtals spsgeat eand Wier gyreatercthieed signal is
correl ated. gAY HP%datdll. For example, a one kilobit per second
10 information rate used to modulate a one megabit per
second coding signal has processing gain of 1000:1.

Large processing gains reduce the chance of
decoding noise signals modulated using uncorrelated
codes. For example, processing gain is used in military

15 contexts to measure the suppression of hostile jamming
signals. In other enviromments, such as cellular
systems, processing gain refers to suppressing other,
friendly signals that are present on the same
communications channel with an uncorrelated code. In the

20 context of the present invention, noise includes both
hostile and friendly signals. 1In fact, noise is defined
as any other signals other than the signal of interest,
i.e., the signal to be decoded. Expanding the example
descr%gggaabove, if a signal-to-interference ratio of

25 10:1 igsmequired, and the processing gain is 1000:1,
conventioaa} CDMA systems have the capacity to allow up
to 101 sighals to share the same channel. During
decoding, 100 of the 101 signals are suppressed to
1/1000th of their original interfering power. The total

30 interference energy is thus 100/1000 or 1/10 as compared
to the desired information energy of one (1). With the
information signal energy ten times greater than the
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subtracted froma total received signal. The difference is then

tecorr el ated. Both of
residual error of subtraction signals that

t hese systens suffer fromthe problemof a
remains in the conposite

weaker signals. SUMVARY OF

signal. Thi.s residual error may hinder the subsequent 25 \_gﬂ@g 9 H’KS BEEN
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correlating a unique code corresponding to the signal

It is renmoved from t he
interference enerqgy, the information signal may be
correlated accurately.

Together with the required signal-to-
interference ratio, the processing gain determines the
number of allowed overlapping signals in the same
channel. That this is still the conventional view of the
capacity limits of CDMA systems may be gleaned by
reading, for example, "On the Capacity of a Cellular CDMA
System," by Gilhousen, Jacobs, Viterbi, Weaver and
Wheatley, Trans. IEEE on Vehicular Technology, November
1990.

In contrast to the conventional view, an
important aspect of the present invention is the
recognition that the suppression of friendly CDMA signals
is not limited by the processing gain of the spread
spectrum demodulator as is the case with the suppression
of military type jamming signals. A large percentage of
the other signals included in a received, composite
signal are not unknown jamming signals or environmental
noise that cannot be correlated. Instead, most of the
noise, as defined above, is known and is used to
facilitate decoding the signal of interest. The fact
that most of these noise signals are known, as are their
corres¥on@ing codes, is used in the present invention to
1mpro@§§§§§tem capacity and the accuracy of the signal
decoding process.

Rather than simply decode each information
signal from the composite signal, the present invention
also removes each information signal from the composite
signal after it has been decoded. Those signals that
remain are decoded only from the residual of the
composite signal. Consequently, the existence of signal
transmissions in the communications channel from the
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conposite signal. As a result, subsequent correlations of ot her
i nformation signals in the recelved conposite si gnal may be perforned
with less interference and, therefore, with greater ac :

The subtractive denDduIatlon techni que is enhanced by BEEN
conposite signal in an order of the information signal s fronREMy@pgest
to weakest signal strength. In other words, the strongest stgma
correl ated and renoved first. Interference caused by the 10 presence of
t he strongest information signalint_hel2 _ conposite signal during the
decodi ng/ correl ati on of

already decoded signals do not interfere with the
decoding of other signals. For example, in Fig. 5, if
signal 2 has already been decoded as shown in the signal
graph (a), the coded form of signal 2 can be

5 reconstructed as shown in the signal graphs (b) and (c)
and subtracted from the composite signal in the signal
graph (d) to leave coded signal 1 in the signal graph
(e). sSignal 1 is recaptured easily by multiplying the
coded signal 1 with code 1 to reconstruct signal 1. It

10 is significant that had the conventional CDMA decoding
method been unable to determine whether the polarity of
the information bit in the third bit period of signal 1
was a +1 or a -1 in the signal graph (f) of Fig. 3, the
decoding method of the present invention would

15 effectively resolve that ambiguity simply by removing
signal 2 from the composite signal.

Fig. 6 illustrates a conventional CDMA system.
Digital information 1 to be transmitted over an RF
communications channel is coded in a CDMA encoder 20.

20 The coded signal is used to modulate an RF carrier in a
mixer 22. The modulated carrier is transmitted over the
air interface via a transmitting antenna 24. Other
digital information from other transmitters (2...N) may
be tra##i¥iitted in a similar fashion. A receiving antenna

25 26 of "¥*Padio receiver 25 receives a composite, RF signal
and defiodulates the composite signal using another mixer
28. The desired signal is extracted from the composite
signal by multiplying the corresponding code used to
originally code the desired signal in the CDMA encoder 20

30 with the composite éignal. In theory, only the
appropriate signal is correlated and reconstructed in a
decoder 34. R —
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weaker signals is thereby renoved. Thus, the chances of ~—accurately

decodi ng even t'he weakest signal are greatly i nproved.| THIS SHEET HAS BEEN |
In a preferred enbodi nent of the invention, the conpoqdite shgpggmbs ,
decoded usi,ng iterative orthogonal transformati ons w ttra—set—of- -~ .
codewords to generate a plurality of transformation conponents
associated with t he codewords. The coded i nformation signal 20
corresponding to the greatest transformati on conponent is extracted
fromthe conposite signal. During the- 13 dterative process, periodic

ort hogonal transfornmations are perfornmed on the remaining portion of

the conposite signal using at |east one of the codewords involved in an

25 earlier transfor maidetailethenbatisiertmi dthe clgeodan 34 will
ol i nat ed ey bE, MpLARIHEL i ARG RAE RS 7. A PO have been
gener at ed multhiplicityproflianded rshmriaksaveriapRingsin the sane
communications channel is received at the antenna 26 as a
5 composite, RF signal. The demodulator 28 converts the
received RF signal to a convenient frequency for
processing. Such a convenient frequency may, for
example, lie around zero frequency (DC), and the
composite signal may consist of complex factor components
10 having real and imaginary or I and Q components. A
first digital processing block 40 includes a first code
generator 32 set to match the code of the first signal to
be demodulated. While the specific code to be set by the
code generator 32 in the first data processing block 40
15 may be selected arbitrarily, in the preferred embodiment
of the present invention, the order in which the codes
are generated is based on signal strength. A signal
strength processor 29 monitors the relative signal
strengths of each of the signals that make up the
20 composite signal. In the context of cellular systems, if
the mobile switching center (MSC) or the base stations
(BS) monitors the probable or actual signal strengths of
each mobile telephone communication, either the MSC or
. the BS nmay perform the tasks of the signal strength
25 procesgeme29. '

..—=It will be appreciated that signal strength can
be detectea by the signal strength processor 29, or it
can be predicted based upon historical models of signal
strength. A function block diagram depicting a hardware

30 implementation for performing the functions of the signai
strength processor 29 will now be described in
conjunction with Fig. 8. It will be appreciated by those
skilled in the art that these functions could also be
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30 reorthogonalization process is also used to rempve signal echoes

from t he conposite signal.
THIS SHEET HAS Bien
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implemented using a suitably programmed microprocessor.
The total composite signal received by the antenna 26 is
squared in multiplier 100, and integrated in an
integrator 106 over the number of chip periods in a bit -
period. A bit clock signal determines the integration
interval. A square root circuit 107 determines the root
mean square (RMS) value of the composite signal over the
bit period.

At the same time, the residual signal is
received in a multiplier 102. The residual signal
comprises the total composite signal minus any prior
decoded signals. The residual signal is multiplied by a
spreading code generated by a local code generator 104 of
the signal to be decoded. The correlated ocutput signal
from the multiplier 102 is also integrated over the same
bit period in an integrator 108, as controlled by the bit
clock signal. As described, for example, with respect to
the signal graphs (e) and (f) in Fig. 3, the average or
integrated voltage value over the integrated time period
may have a positive or a negative polarity. Thus, a bit
polarity decision device 110 detects the signal polarity
and transmits a signal to an absolute value device 114
which insures that the sign of the integrator 108 output
signalgedelayed by a delay 112, is always positive. The
absolutesralue device 114 may be, for example, an
invertor—ontrolled by the bit polarity decision device
110.

The absolute value of the average correlation
signal (B) is divided in a divider 116 by the square root
of the mean value of the total composite signal squared
(A%?) for the same bit period to generate a normalized
value. In other words, the correlation strength of the
decoded signal B is normalized by dividing it by the
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BRI EF DESCRI PTI ON OF THE DRAW NGS The present invention wl.

mew be*described in more detail with reference to preferred.e TdpeRtls
of the invention, given only by way of exanple, and grgaiﬁé?ﬁgngE
the acconpanying drawings, in which: Fi gs. \105) AEROACER e
plots of access ‘channels using different nultiple acqes ques;
Fig. 2 shows a series of graphs illustrating how CDVA signhals are
generated; 10 Figs. 3 and 4 show a series of graphs for
illustrating how CDVA signals are decoded; Fig. 5 shows a
series of graphs illustrating subtracti ve denodul ati on accordi ng
to the present I nventi on; Fig. 6 is a functional

schematic r i : . Ei :
3 8}]% tfé %&}&? o2 d QGQYn4Ar for that bit ig. 7is

a functlona subtracti ve denmdul ccordln
t he presenperiod. The normalized correlation of the deco (g'éig g to

is accumulated in a signal averager 118 over a number of
bit periods to generate a relative mean strength for that <
5 decoded signal. Due to multipath fading of the signal,
the actual number of bit periods should probably be on
the order of about ten in order to determine an accurate
average signal strength of the demodulated signal. Each
local code is stored in a memory 120 along with its
10 ~associated average strength value. A sorter 122 compares
each of these average signal strength values and sorts
them from strongest to weakest. At that point, the
sorter 122 transmits the local spreading code of the
strongest signal to the local code generator 104 so that
15 the strongest signal is always demodulated and extracted
at the next data bit period. Lesser strength signals are
demodulated in order of signal strength as determined by
the sorter 122. The sorter 122 functions may be readily
implemented by a microprocessor using a software sorting
20 program.
Because the signal strengths of the multiple
mobile stations in a cell are constantly varying, a
further embodiment of the present invention utilizes
linearspredictive analysis (LPA) to reorder the signal
25 strend®$Priority. In general terms, a historical model
of the-reTative signal strengths is stored in a memory
and used to extrapolate which signal is most likely to
have the greatest strength at the next instant in time.
LPA postulates that the next value of a waveform will be
30 a weighted sum of previous values with the weight
coefficients to be determined. The known Kalman filter
algorithm may be used to implement this analysis. In
this manner, the strongest signal may be predicted
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I nvention; 20 Fig. 8 is a functional schematic of the signa

strength processor illustrated in Fig. 7; Fig. 9 is a graph
cogparlng t he signal -to-noise rati o of conventional CDVA with that of
subtractive CDVA according to the present invention} Y128 SwEET

Fig. 10 is a functional schematic of a CDVA subt r ag }%g bhtE]M bttNJ
that elimnates residual noise according to the pr

Fig. 11 is a flow chart illustrating a process by whi ch resi dual

interference is renoved according to 30,¢the present invention.

effectively without having to actually perform another
sequence of signal decoding and measurements.
If the signal strength processor 29 determines
that the actual results of the decoding of the composite .
5 signal and signal strength priority sequence is in error
because of an inaccurate prediction or because system
conditions have changed, the signal strength processor 29
reorders the code sequence to reflect the actual signal
strength order. Subéequently, the demodulation process
10 may be repeated to jnsure that the individually coded
signals of the composite signal are decoded in the order
of greatest to least signal strength. The repeated
process does not result in any loss of data or
interruption in traffic because the composite signal is
15 stored in a delay 50 in the processing block 40. The
delay 50 may be simply a memory device. Consequently,
the composite signal may be retrospectively reprocessed
once the optimum order of decoding is determined.
By correlating the output signal of the first
20 code generator 32 with the composite signal received at
the correlator 30, an individual signal corresponding to
the first code is extracted from the composite signal.
The correlated signal is filtered in a low pass filter 42
in orde=sto reject interference generated by noise and
25 unrela®@®signals. Instead of the low pass filter 42, a
majorityvate circuit or an integrate and dump circuit
may be used to reduce or despread the bandwidth or bit
rate of the correlated signal. The output signal
generated by the low pass filter 42 is processed further
30 in an error correction decoder 44 which finally reduces
the signal bandwidth or bit rate to the underlying
digital information. The decoded, information signal may
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DETAI LED DESCRI PTI ON OF THE PREFERRED EMBODI MENTS Wil e the

foll owing description is in the context of cellular conmunications
systens invol ving portabl e or nobile radio tel ephones and/or personal 5
communi cation networks, it will be understood by those skilled in the
art that the present invention may be applied to oth eerRRi-catians
appl i cati ons. The present invention will n \EHlSeSHEEE:H#\BeBEEm
REPLACED
- 17 -

undergo additional signal processing before it reaches
its final destination.

The error corrected output signal is also
applied to a recoder/remodulator 46 to reconstruct the «

5 waveform of the signal just decoded. The purpose for
reconstructing/recoding the decoded signal is to remove
it from the composite signal in a subtractor 48. A delay
memory 50 stores the composite signal for the processing
time required to first decode and then reconstruct the

10 first decoded signal.

The residual composite signal, from which the
first signal has been decoded and subtracted, is passed
from the subtractor 48 to the input of a second digital
processing block 40’ similar to the first block 40. The

15 only difference between the two digital processing blocks
40 and 40’ is that the code generator 32/ is programmed
to match the code corresponding to a second signal to be
demodulated. In the preferred embodiment of the
invention, the second signal to be demodulated is the

20 signal having the next greatest signal strength. Those
skilled in thé art will recognize that the second signal
processing block 40’ may be implemented by recursive use
of the first signal processing block 40 in order to avoid
duplic®Etng hardware. The second signal processing block

25 407 pfﬁﬁﬂ@és a second, decoded signal from the error
correction’ decoder 44’ and subtracts a reconstructed,
~second signal from the delayed composite signal in a
subtractor 48’. The residual, composite signal, with two
signals now removed, is passed to a third stage of signal

30 processing and so on.

It will be appreciated that a key element of
the present invention is that the sequence of
demodulation and extraction of individual information

This Sheet Has Been Rep
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conjunction with the signal graphs shown in Figs. 2-4 10 which set forth
exanpt e waveforns- in the coding and decodi ng processes involved in

traditi onal CDVA systens. Usi ng these same wavef orm ex les from Figs.
2-4, the , inproved performance of the present invention EHASrSHEET HAS BEEN
conventional CDVA is illustrated in Fig. 5. 15 Two dlgtpggmt
data streanms, shown in Fig. 2 as signal graphs (a) and

digitized i nformati on to be conmuni cated over two separate

comuni cation channels. Signal 1 is nodygated using a high bit rate,
digital code unique to signal 1 as shown 20 I n signal graph (b). For

pur poses of
of the

t he present I nvention, the term"bit" refers to one digit

sidMAISei s ofin Stigeabrddheot endyghbst pighall'steéngtht bot he

time peri0d1$§%% 62%%h§%2t L sggf ﬁniﬁf&%ﬂ&Ofwﬁg eht compoéiggal The

term "chip"

codi ng I gnal .

AccordlngIyslgnalchmglwéeSGUangfsngnals, tbethbgnahnmgétlé@kﬁmeE@n t he
start and tgg ééQéé@e&faccurately is the signal having the greatest

5
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signal strength. Weaker signals are less likely to
interfere with stronger signals. Once the strongest
signal is removed from the composite signal, the next
strongest signal may be readily detected without having
to account for the interference of the strongest signal.
In this fashion, even the weakest signal may be
accurately decoded. Because of this enhanced decoding
capability, the present invention performs satisfactorily
even with a significant increase in the number of users
typically handled in conventional CDMA systems. Thus,
increased capacity is achieved.

By increasing the number of mobile accesses
over the same communications channel, a steady-state
level of activity is achieved in which the signal
strength processor 29 continuously determines the
relative instantaneous levels of all information signals
being processed. The ultimate capacity limit of this
system is reached when the power of a signal is exceeded
by the sum of the powers of all lower power signals by
more thamsthe available processing gain (less any desired
signal=#aEnoise ratio). This limit, however, is
considerably more favorable than the conventional limit
which is reached when the sum of the power of all the
stronger signals exceeds the power of the weakest signal
by more than the available processing gain.

In estimating the capacity gain, the Rayleigh
distribution is used as a representative signal level
distribution in a cellular telephone environment.
Assuming use of feedback power control, the long-term
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the chip signal. Naturally, the bit period is nuch greater than
chip period. The result of this modul ati on, which is essentially the

In

Boal ean notation, the nodul ation of two binary wgv
essentially an exclusive-OR operation. A simlar ser

t he

product of the two 30 signal waveforns, is shown in thejs q%g%&dﬁd
' 0

S bgéN

thﬂS

Is carried out for signal 2 as shown

10

15

20

25

30

- 19 -

mean strength of all signals is unity. Consequently, the
signal strength power exhibits the distribution function:

P(A)dA = 2A exp(-A%)dA
where A is the signal amplitude. The total power P of a
large number N of such signals is simply N. If the
processing gain or spreading ratio is R, the signal-to-
interference ratio after despreading would be
approximately
S/I = A? R/N
for a conventional CDMA system. If S/I equals 1, signals
of amplitude less than SQRT(N/R) would therefore not
reach zero dB (equal power ratio) with respect to the
interference after demodulation. If this is the
threshold for acceptable decoding, a certain number of
signals
1 - et¥®
will not be decodable, and a certain number of signals
e @R
will be decodable. Thus, the maximum number of signals
that can be decoded is
N. e®NR
When N is chosen to be equal to R, the number of
decod&bTé signals becomes N/e. Thus, the loss due to the
signaf*%ﬁ%ength distribution is a factor e. In practice,
it is doubtful that this capacity could be reached while
providing an adequate quality of service in a cellular
system, as those signals that were decodable at one
instant would belong to one set of mobiles and to another
set of mobiles at another instant. To ensure that every
mobile information signal is decodable 95% of the time,
for example, would entail a substantial loss in capacity.
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- 8- in signal graphs (d)-(f). In practice, of course, many nor e

ttran two coded i nformation signals are spread across the frequency
spectrum avail abl e for cellular tel ephone comuni cations. 5

Each coded signal is used to nodulate a RF carrier UsSTHIS SHEETOMWKS GEER
nunber of nodul ation t echni ques, such as Quadrature [Phase gppj fdrpKeyi ng
(QPSK) . Each nodul ated carrier is transmtted over ap—a+—

interface. At a radio receiver, such as a cellular base 10 station, all of
the signals that overlap in the all oeated- frequency bandw dth are

recei ved together. The I ndi vidual |l y coded signals are added, as
represented in the signal graphs (a)-(c) of Fig. 3, to forma conposite

si gnal wav&hdsnfurther loss is the margin that must be built in to
the system capacity to allow for signal fading.
In the case of the present invention, however,
each signal suffers from interference only from those
5 having less than or equal amplitude. Those signals having
a higher signal strength or amplitude have been demodulated
first and removed.
The integral of all interference I up to an
amplitude A is given by
10 1- (1+A%) exp (~A?)
The signal-to-interference ratio S/I after despreading a
signal of amplitude A is thus
S = R A/ (1-(A* +1)exp(-A?))
I N
15 Figure 9 is a plot of the function
A? / (1-(A% + 1)exp(-A%))
showing that it is never less than 5.8 dB (3.8:1 power
ratio), with the minimum occurring at A? = 1.79. The S§/I
improves for signals having an amplitude larger than
20 (1.79)” Que to their greater power. In contrast with
conventional CDMA systems,-the S/I in the present
invention, also improves for signals having an amplitude
smaller than (1.79)!? because fewer unsubtracted,
interfextsg signals remain below this signal level.

25 wmigsgConsequently, all signals are decodable

provided—that

R/N > 1/3.8
that is
N < 3.8R

30 Compared to the conventional CDMA demodulator capacity

limit of

N < R/e (without fading margin)
This Sheet Has Been R
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15 After denodul ation of the received signal to t he

dppropri ate baseband frequency, the decoding of the conposi te signal
takes place. Signal 1 may be decoded or despread by nultiplying the
recei ved conposite signal in the signal graph (c) with_t '

used originally 20 to nodulate signal 1, as shown in the[sHgnsHERT Hp BEN.

The resulting signal is analyzed to decide the polarity ( hi ggPLACED ow,

+1 or -1, "1" or "0") of each information bit period +Hhe—stgmat™
These deci sions nmay be nade by taking_%ﬁ_25 average or majority vote of

the chip polarities during one bit “period. Such "hard deci sion" making

processes are acceptable as long as there is no signal anmbiguity.

For exanpl echéjuj[’ﬁ%é f%%é\t,%ibé Q@i%f%&%%ﬁ&e%éi&f'ai.me whdeh ££). the

average chip value 1s + ch rea
Simlarly, mane fghamea tenfoldciperragh+ pit iadflitin avernyentrePadal ue |
-1.33. HfstenS Nive d NCibhirDOdmt itaa VP SFin ) Kely €he lpresent
invention, even the weakest, faded signals (at least with <
5 regard to interference with other signals and neglecting
other noise sources), may be decoded accurately.
Accounting for the fading margin, the capacity increase
of the present invention is approximately 100 times
greater than conventional CDMA systens.

10 It should be noted that the system capacity is
limited only because of the possibility that the first
signals being processed may be the weaker rather than the
stronger signals. However, by taking advantage of the
storage of the composite signal in the delay memory 50

15 and the ability to reprocess the cdmposite signal
retrospectively, a multiple-pass demodulation procedure
may be applied to the composite signal. Of course, this
procedure would only make a difference if the first pass
demodulation produced errors in the decoded signals.

20 Accordingly, redundant coding is preferably used to
indicate the confidence in a decoded signal result.

Based on that confidence code, the processing block 40
decides whether further passes will yield an improvement.
One weXE®nown redundant coding procedure for assigning a

25 confid@HE€ value to a particular decoding result is the
majority Vote technique. For example, if five redundant
signals are compared and 4 or 5 havé the same value, then
a high confidence value is assigned to the result. The
fewer signals that agree, the lower the confidence value.

30 If the confidence value is high, no further demodulation
passes are necessary. Conversely, a low confidence value
dictates that the signals be resorted, and any signals
having a greater strength be removed.

Ihdi cates a bit polarity +1.

S
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Finally,

in the third bit period, the average is +0.80

REPLACENMENT SHEET whi ch indicates a bit polarity of +1. However,

whenever

10

15

20
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30

the average is zero, the mpjority vote or averaging test

THIS SHEET HAS BEEN
REPLACED
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While the principles of continuous spreading
codes were described initially in conjunc¢tion with Figs.
3-5, superior methods of spreading the spectrum of an
information signal may be achieved using error correction -
coding. When a single binary information bit at a time
is bandwidth expanded by a spreading ratio R to become a
pseudo-random sequence of R bits, the bandwidth is spread
without any error correction coding gain. As such, this
technique may be termed simple spreading. On the other
hand, spreading a block of M information bits at a time,
where M > 1, to a pseudo-random sequence of M x R bits
provides error correction coding gain within the same
spreading factor. This latter technique is termed
intelligent spreading.

Simple spreading may be regarded as converting
an information signal as one of two possible coordinates
(-1) or (+1) in a one dimensional space, e.g., on a line,
into a signal that needs R dimensions to display it. A
coordinate in any R dimensions may have only two possible
‘'values -1 or +1 (in Boolean notation 0 or 1). Such
spaces are known as Galois'fields. Correlating a signal
with a code may be equated to finding its projection on a
vector from the origin through a point whose coordinates '
are giwvemsby the bits of the code. Maximum correlation
or progexfion of the signal is achieved if the end point
of the signal vector and the code vector coincide.
Coincidence occurs when no angle exists between the
signal vector and the code vector. When a signal
consists of a sum of signals, one of which coincides with
the code, the others being at right angles to that code,
correlation of the signal with that code yields a
complex, correlation product corresponding to the desired
signal demodulated. The other signals do not contribute
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fails to prOV|de an acceptable pol arity val ue. I n anbi guous
Si'tuations, a "soft decision" 5 maki ng process nust be used to determ ne

the bit polarity. For exanple, an anal og voltage proportional to

the received signal after despreading may be integrated over the nunber
of chip periods corresponding to a single i nformation{ BHIS SHEET HIAGNBEEN |
polarity of the net 10 integration result indicates that the tnqugﬂye i's
a +1 or -1. The decodi ng of signal 2, sHat+ear—to—theat
signal 1, is illustrated in the signal23raphs (a)-(d) of Fig. 4. After
decodi ng, there are no anbiguous bit 15 polarity situations.

Theoretically, this decoding schene can be used to decode every signa

t hat nakestgptbner@§#ﬂ6§ﬂ9emagnl§P§ﬁan thearcpyredpsioanprioducton of
unvant ed, pecali8eCthey Ravel aa%sprs;m:@whzaﬁ ithet &ars}bqlatt%ns AreRdi ng 20

codes are %rggogonal o the unwanted”signal s Two codes
More generally, a sum of randomly coded signals <
5 may include one signal which coincides with a correlation
code, the others having random projections on the code
correlation line or vector. If the total length squared
of any one of these other signals is, by Pythagoras,
al? + a22 + a3%, . . . .where a1, a2, a3. . . .
10 are the projections on a number of different vectors or
axes, then on average 1/R of the total squared length (or
power) appears in any one dimension. Upon correlating
with the first signal’s code and subtracting a
corresponding amount of the code vector, the residual
15 signal has a zero projection along the code vector.
Essentially, the signal has been projected onto a plane
or subspace of R-1 dimensions, with 1/R of its power
lying along the code correlation line having disappeared.
This loss of the total power along the code
20 correlation line is termed the "correlative loss" of
power of the remaining signals which occurs when a first
signal is correlated with its own code and that first
signal is subtracted from the total or composite signal.
If thesmignals were all orthogonal, no such loss would
25 occur==JEherwise, an average loss of 1/R, where the
spreading ratio R is essentially the number of chips in
the correlation of each remaining signal’s power, occurs
upon extraction of a prior, demodulated signal. An
attempt to demodulate and extract R or more signals, with
30 their respective codes spanning the whole R-dimensional
space, would result in all vector components in all
dimensions being removed after extraction of the Rth
signal. No signal would be left to demodulate. The
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are orthogonal
Unfortunately
finite word | ength. Another
mai nt ai ned only when 25
strictly maintained.
radi o units are noving constantly,

alignnment is difficult to

problemis that orthogonal |

the relative tine alignnent betwe=ﬂiHtvaBH%FE{,L%i HAP BEEN

orthogonal ity cannot be guaranteed,
with the actual bit

e.g.,
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the previous information bit.

I f exactly one half of their bits are different.
only a certain nunber of

ort hogonal codes exi st

for a

I n communi cati ons environnments wher e Rkt
such as i n cel |l ul at—systTens, tlne
achi eve. 280 When code

noi se- based signals may interfere
sequences produced by different code generators,

Prids i {1 drid FRN I ovd) P HRBPTR UV 1dSp Phd Gk IGhaYs

to be demodulated by reducing the correlation loss.
The magnitude of a demodulated signal to be

subtracted from the composite signal may be based either .

on the signal amplitude after correlative despreading of

the current information bit or on the signal amplitude of

The previous bit error is

based on the values of the other signals that made up the
composite signal when the previous bit was demodulated

and removed.

The present invention estimates the optimum

amount of a decoded signal to be subtracted by employing
at least several past amplitude measurements in a

sequential estimation technique,

which can be adapted to follow the fading pattern of a

signal.

such as a Kalman filter,

In another preferred embodiment of the present

invention, signals are evaluated using "intelligent

spreading" based on orthogonal or bi-orthogonal block

coding of the information to be transmitted. 1In

orthogonal block coding, a number M of bits to be

transmitted are converted to one of 2M available 2M-bit

orthogonal codewords.

A set of codewords can be

constructed as follows:

s=w=eThe trivial case M=1 produces two,

smis=g2 WO

———

Wi

0

0

0

1

which is regarded as a 2x2 bit matrix

M1

0

0

0

1

2-bit words
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- 10 - coded signal energies, however, the energy of the noise
si,gnal's is usually small. The term "processing gain" is often used to
conpare rel ative signal energies. Processing gain is defined as the
ratio of the spreading 5 or coding bit rate to the underlyi ng irt-orT
bi t rate. Thus, the processing gain is essentially the THﬁs&H--d
rati o. The higher the coding bit rate, the wi der the infor matpEPhN

spread and the greater the

- 25 -

The case for M=2 may be constructed by forming -
a 4x4 bit matrix M2 by means of the following recursion

relation:
M2 = M1 M1 and in general <
5 M1 M1
M(i+l) = Mi Mi
, Mi Mi

These matrices are known as Walsh-Hadamard
10 matrices.
_ Decoding these orthogonal codes involves
correlation with all members of the set of codewords.
The binary index of the codeword giving the highest
correlation yields the desired information. For example,
15 if a correlation of 16, 16-bit codewords numbered 0 to 15
produces the highest correlation on the tenth 16-bit
codeword, the underlying signal information is the 4-bit
binary word 1010 (10 in binary). Such a code is also
termed a [16,4] orthogonal block code and has a spreading
20 ratio R equal to 16/4 = 4.

If the Walsh-Hadamard matrices are augmented
using the complementary codewords, (all 16 bits are
inverted), one further bit of information may be conveyed
per codeword. Thus, 5 bits of information are conveyed

25 by tramsmitting one of 16 codewords or one of their 16
complem&r®s, providing a total choice of 32. This type
of coding™is known as bi-orthogonal coding. For higher
Spreading ratios, a [128,8] bi-orthogonal block code may
be used, having a 16:1 spreading ratio. Indeed, .[256,9],

30 (512,10], «¢.c.. [32768,16]... etc. bi-orthogonal block
codes may be used.

The correlative loss involved in the above-
described process is as follows. At each stage, the
Walsh spectrum component having the greatest correlation,
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spreading ratio. For exanple, a one kilobit per second 10 information rate
used to nodul ate a one negabit per second codi ng signal has processing
gain of 1000: 1. Large processing gains reduce the chance of

decodi ng noi se S|gnals nodul at ed usi ng uncorrel ated ,
processing gain is used in mlitary 15 contexts to neas aL:b] rSHEEDW\SeBEE]\p
of hostile jamm ng signals. In other environnments, $uch aaﬂnggylar

systens, processing gain refers to suppressing other, TTTemtty-—st-grads
that are present on the sane contn#f cati ons channel with an
uncorrel ated code. In the 20 context of the present invention, noise

I ncl udes bot h host i y_si als ln fac n I s defined
as any ot her® s?%ﬁ\a‘l"% 6?ﬁ%r ?ﬁgﬁcﬁﬁ‘éeg}'gﬁ%’? tn9 n'flé? e%*gﬁal fuéﬁ e., the
signal to htecHteded. Thixpanfongtheecasanpfea [128 dekocoded hbb%é off a

si gnal - to- '%ﬁ{ré&&pcgnrﬁé?a@%agéﬁ}k&r&d' Sroft b d <fd?] g g€ processing

-

gain is 100 conven tens have capaC|ty to all ow
up signal. It is recalled that the spreading ratio is 128/8 .
5 = 16. Therefore, the correlative loss is only 1/128 of

the total power (0.04dB) per decoded signal, compared
to 1/16 of the total power for simple spreading of the
same spreading ratio. By the use of block coding or a
similar form of intelligent spreading, the subtractive

10 demodulation according to the present invention may be
employed to decode and extract from a composite signal a
number of information-bearing signals that exceed the
bandwidth expansion ratio of the code, without
encountering excessive correlative loss.

15 ' Using modulo-two addition, a scrambling code
may be added to the block code to insure that the coding
is different for each signal. The scrambling code may
even change randomly from block to block. Modulo-2
addition of a scrambling code corresponds, in a Galois

20 field, to applying an axis rotation. The scrambling code
may be descrambled by modulo-2 adding the correct
scrambling code a second time at the receiver to align
the axes once more with the codewords of the

25 azggﬁA significant feature of the present invention
is that -simultaneous correlation with all the orthogonal
block codewords in a set may be performed efficiently by
means of the Fast Walsh Transform. In the case of a
(128,7] code for example, 128 input signal samples are

30 transformed into a 128-point Walsh'spectrumiin which each
point represents the value of the correlation of the
composite signal with one codeword. Such a transform
process will be described below.
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to 101 signals to share the sane channel. During decodi ng, 100 of the

101 signals are suppressed to 1/ 1000t h of their original interfering
power. The total 30 interference energy is thus 100/1000 or 1/10Q_as.
conpared . to the desired information energy of one ( gHF_EWfW\S BEEN
information signal energy ten times greater than the REPLACED

- 27 -
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With reference to Fig. 10, the composite signal
from a radio transmission is received by way of an
antenna 60 and converted to a suitable, intermediate
frequency in a conventional converter device 62 such as a
superheterodyne receiver which includes a filtering
stage, an amplification stage, and a mixing stage. The
intermediate frequency output signal of the converter 62
is further amplified and filtered in an intermediary
frequency amplifier 64 before being applied to a
conventional analog-to-digital (A/D) converter 66. The
A/D converter 66 provides a numerical output of complex
numbers that represent the instantaneous vector
components of the intermediate frequency signal. This
conversion process may be accomplished by any one of a
variety of techniques known to those skilled in the art
including correlating or mixing the IF signal with cosine
and sine (quadrature) reference signals to extract the
cartesian vector components for separate digitization.

Samples of the sequence of complex numbers from
the A/D conwerter 66 are collected in a buffer memory 68.
Each block of ‘samples collected in the buffer memory 68
is descrambled according to a scrambling code provided by
a control and sequence unit 78. The descrambler 70
remove=2¥fe scrambling code by either inverting a signal
sampléS6PEnot according to the corresponding bit polarity
of the scrambling code. The descrambled signals (1...N)
are transferred to a Fast Walsh transform block decoder
72 which generates the Walsh spectrum for the real 72a
and imaginary 72b components of the complex samples. In
other words, a number of values are generated
representing the degree of correlation between the
composite signal received and each of the orthogonal
codewords. The signals whose axes were correctly aligned
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- 11 - i nterference energy, the information signal nmay be

correlated accurately. Together with the required signal-to-
interference ratio, the processing gain determnes the 5 nunber of allowed
overl apping signals in the sane channel. That this is still the

conventional view of the capacity limts of CDVA g SRy teaned
by reading, for exanple, "On the Capacity of a Cell miﬁﬁémhAlécB?EN
System" by G | housen, Jacobs, Viterbi, Waver and 10} WheaBERMCEDT ans.

| EEE on Vehi cul ar Technol ogy, Novenber 1990. ['n contrast
to the conventional view an ianY@gnF aspect of the present invention
Is the recognition that the suppression of friendly CDVA signals

in the Galois field by the descrambling operation yield
one dominant component in the Walsh spectrum whose index
or address and sign convey a certain number of bits.
Each Walsh transform component is identified by that <

5 index such that in our example the 78th component of the
128 components has an index of 78. Other components of
the spectrum are caused by noise and differently
scrambled signals. ‘

A computation unit 74 receives the Fast Walsh

10 transform correlation components and sums the squares of
the real and imaginary components of each correlation
component. A comparison processor 76 determines which
correlation component has the maximum squared magnitude
and sets that component to zero. The comparison

15 processor 76 may operate by comparing pairs of
correlation component magnitudes and passing the greater
of the two values to further comparison stages; e.g.,
via a binary tree, so that the largest global component
value and its associaﬁed codeword are generated at the

20 last stage.

The comparison processor 76 generates an index
associated with the component having the greatest
magnitude to address and operate a corresponding switch
of thesmiEtiple blocking switches 80. Being blocked by

25 an opéfe@witch, the largest correlation component ‘is

' effectively. set to zero. Meanwhile, the remaining
correlation components are transferred to an inverse
Walsh~Hadamard transform circuit 82 having real and
imaginary sections 82a and 82b. After inverse

30 transformation, the samples are rescrambled in a
rescrambler 84 using the scrambling code previously used
by the descrambler and returned to the buffer 68 through
a recirculation loop 86. Thus, the remaining portion of
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15 is not limted by the processing gain of the spread spectrum

denodul ator as is the case with the suppression of mlitary type
jamm ng signals. A large percentage of the other signals included in a
recei ved, conposite signal are not unknown janmm ng Si |

envi ronment'al 20 noise that cannot be correlatLd. I%stegiﬁhﬁ%§HE€§HﬁﬁémEN
noi se, as defined above, is known and is used to facilitate GWeRldGENg
the signal of interest. The fact that nost of these noise sighals are
known, as are their correspondi ng €@tesy; is used in the present

I nvention to 25 inprove systemcapacity and the accuracy of the signal
decodi ng process. Rat her than sinply decode each information

si gnal fromthe compesite sigpal Jgererapted by the areserambler ;840 renoves
each infor | | I hd L3 ' I I been
%ﬁfé%stéig@i&fn&ﬁféﬁpéﬁ@ s SSHR ! m PGS thé

decoded. remain are decoded only fromthe residual
of the Qﬁﬁﬂﬁﬁéﬂ%&%ﬂ@hal. Consequent |y, the existence of signa

The magnitude of each correlated signal’s .
5 representative signal strength is stored in the control
and sequencing unit 78 along with its corresponding
scrambling code and transformation index. The scrambling
codes, therefore, are used in the preferred embodiment as °
an efficient method of monitoring and ordering the signal

10 strengths of the various information signals in the
composite signal. As described in detail above, before
(and during) the demodulation process, the control and
sequencing unit 78 orders the scrambling codes from
greatest to weakest based on the relative signal strengfh

15 of their corresponding correlated signal magnitudes. As
~a result, after each signal demodulation and extraction,
the scrambling code having the next greatest magnitude is
transmitted to the descrambler 70 for the next signal
demodulation.

20 The composite signal, with a first decoded
signal removed according to the subtractive principle of
the invention, is descrambled again using a descrambled
code of a second signal to be decoded and transmitted to
a secopd. Fast Walsh transform operation for decoding, and

25 so onﬁgégg_described previously, the order in which
signals_a:e_decoded and subtracted by the above means is
governed by the order of use of the descrambling ccdes,
which in the preferred embodiment is in descending order
of the predicted strengths of their corresponding

30 information signals. This process is repeated a number
of times to decode a number of signals.

With any subtractive signal extraction process
there is a limit to the accuracy with which a decoded
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transnm ssions in the comuni cati ons channel fromthe
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al ready decoded signals do not interfere with the

REPLACED
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signal may be subtracted, and therefore, a limit to the
amount that signal may be sﬁppressed. The residual
component, i.e., the decoding error, represents an
interference floor that may hinder the subsequent
demodulation of weaker signals. Spurious correlations
with other, overlapping signals yet to be decoded also
contributes to the magnitude of the residual component.
As a result, zeroing a particular transform component may
cause an undershoot or overshoot of the amount of the
transform component subtracted. In a simplified example,
assume the transform or correlation component magnitude
corresponding to a codeword Cl1 for coded information
signal 1 is X. However, because spurious correlations Y
arise from other, non-orthogonal coded signals, the total
correlation is X + Y. Extracting the total correlation
for codeword Cl by setting this transform component to

zero causes an error of -Y (C1) compared to removing only

the actual signal component X. This error of (-Y) times
the codeword translates as a residual interference
component or error signal that hinders the subsequent
decoding of weaker signals.

The mathematical term for removing a portion or
a component of a signal that correlates with a particular
codeworsiats called orthogonalization with respect to that
codewc¥&¥#® The following mathematical analysis applies to
a reorthogonalized process of the present invention where
residual interference or error components are removed.

If Ci represents a scrambled, orthogonal
codeword set, Ci(k) is the k’th codeword of that set.
Since the codewords are orthogonal, Ci can be thought of
as a set of mutually perpendicular axes with a particular
codeword Ci(k) lying along a single axis k.
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decodi ng of other signals. For exanple, in Fig. 5, if signal 2 has
already been decoded as shown in the signal graph (a), the coded form
of signal 2 can be 5 reconstructed as shown in the signal graphs (b) and
(c) and subtracted fromthe conposite signal in the sig S SHEAT HAD BEEN
(d) to | eave coded signal 1 in the signal graph (e). Si nﬂ 1REPU“ED
recaptured easily by nmultiplying the coded signal 1 wth_ cade o
reconstruct signal 1. It 10 is significant that had the conventional CDVA
decodi ng met hod been unable to detegnine whether the polarity of
the information bit in the third bit period of signal 1 was a +1 or a
-1 in the signal graph (f) of Fig. 3, the decodi ng net hod of the
present invention mubg(%ﬁ] tsﬁg T iglted a0lthe orlewdFal E¥ahnkmiitelay by

ro

removi ng signal 2 e conposite siqgnal. . . FLg. 6
i 11 ustrat esfarcsigondi swabezDvn sylf &hgnal Iphgs; aPRLHEYEFaAten tk‘%t"o be

trangm' ttzgdtﬁ&eeoﬁgosﬁte s eI Y il s Whaheebase etded onn ias:COVA
encoaer .

S1 = alC1(0) + a2C2(0) + a3C3(0) . « « « « - =«

5 To demodulate the composite signal (S1), each of the
codewords Cl1l(k) is correlated with S1 to obtain a_series

of correlation components:

ri(k) = al[C1(0).C1l(k)] + a2(C2(0).C1(k)] +
a3[c3(0).C1(k)] . . -

10 where a dot "." between two codewords, e.g., C1(0).Cl(k),
denotes the dot product. The codewords are assumed
normalized so that the dot product of a codeword with
itself is unity, i.e.,

C1(0).C1(0)=1
15 and C€1(0).C1i(k)=0, k not equal to 0 meaning that
C1(0) and Cil(k) are orthogonal. ;

Therefore
rl (&= al + a2[{C2(0).C1(0)] + a3{C3(0).C1(0)] + ...
and ===
20 ri(ky =. “a2[c2(0).C1(k)] + a3[C3(0).CL(k)] + ...

for k not zero.
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20 The coded signal is used to nodulate an RF carrier in a m xer 22.
The nodul ated carrier is transmtted over the air interface via a
transmtting antenna 24. O her digital information fron1other

transmtters (2...N may be transmitted in a simlar fa %&gﬁ HAS BEEN

receiving antenna 25 26 of a radio receiver 25 receives a
si gnal and denodul ates the conposite signal using anot
28. The desired signal is extracted fromthe conposite S|gna

mul tiplying the correspondi ng code use82te originally code the deS|red
signal in the CDVA encoder 20 30 wth the conposite signal. In theory,

only the appropriate signal is correlated and reconstructed in a
decoder 34Assuming that r1(0) is the largest component and

subtracting r1(0)C1(0) from the original composite signal
S1 results in a remaining composite signal S2:

S2 = a2[C2(0)-[C2(0).C1(0)]C1(0)]
5 . +a3[C3(0)~[C3(0).C1(0)]CL(0)]

+noo.oo..oo.-.....

At this point, the ratio of the desired-to-
undesired components of the first Walsh Transform is on

the order of
10 SNR1 = al , where SNR is the signal-to-

a2[c2(0).C1(k)]

noise ratio. The cross-correlation between two different
codewords €2 and Cl1 is, in the ideal case, on the order -
of [1/xroot(N)] where N is the length of the codeword.

15 Therefore, SNR1l, being on the order [al.root(N)/az],
improves as the ratio of al-to-a2 is increased. Because
the components proportional to al have all been extracted
from S2, the quality of later demodulations is
independent of the strength of the first signal. On the

20 other hand, a component along the axis C1(0) remains,
albeigﬁgégportional to the magnitudes a2, a3, etc., and
not alg.due to the erroneous quantities of C1(0) having
been suhiﬁacted.

To demodulate the second signal, s2 is

25 correlated with C2(k) giving:

r2(0) = a2[1-[C2(0).C1(0)]?%)
+a3[C3(0).C2(0)~[C3(0).C1L(0)][CL(0).C2(0)]]

e ————
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131 - 13- A detail ed enbodi nent
of thé-decoder 34 will now be described in conjunction with Fig. 7. A
multiplicity of coded signals overlapping in the sane comuni cati ons
channel is received at the antenna 26 as a 5 conposite, R—s+ghat—Fhe
denodul ator 28 converts the recei ved RF signal to a OGS SHERT HAS BEEN
frequency for processi ng. Such a convenient frequency may, RERBIACED
exanple, lie around zero frequency (DC), and the

- 33 -

r2(k) = a2[C2(0).C1(0)][C1(0).C2(k)]
+a3[C3(0).C2(k)-[C3(0).C1(0)][C1(0).C2(k)]]

+a.-o.0--..l---o..

The signal-to~noise ratio for the second demodulation is,
5 if a2 is much larger than a3, approximately equal to:

SNR2 = 1 = of the order of N

[C2(0).C1(0)][C1L(0).C2(k)]

If a3 is comparable to a2, however, then SNR2 would be on
the order of root(N) instead. Subtracting r2(0) times
10 C2(0) from S2 results in a modified composite signal:

S3 = a2[(C2(0).C1(0))2C2(0) - (C2(0).C1(0)) C1(0)]
+a3[C3(0)~-(C3(0).C1{0))C1(0)+(C3(0).C1(0)) (CL(0).
€2(0))C2(0)1] '

When S3 is correlated with C3(0), the desired signal
15 component will approximate a3, but the residual
interference components are principally from the term

;iégé}O).Cl(O)][Cl(O).CS(k)] = a2/N approx

The interference to signal 3 is proportional to a larger
signal, a2, and principally due to a residual code

20 component of C1(0) from two subtractions earlier.
Because this residual error signal persists even after
extraction of further signals, it is increasingly more
troublesome when decoding weaker signals.

The present invention removes this residual
25 component error at periodic stages by a second

This Sheet Has Been Replaced




conposite signal may consist of conplex factor conponents 10 having rea

and |nag|nary or I and Q conponents. A first digital
processi ng block 40 includes a first code generator 32 set t e
code of the first signal to be denodul ated. Wile t é{ig) apEET HASOBEEN
be set by the °~ code generator 32 in the first data pro ssh@ngEgck 40
15 may be selected arbitrarily, in the preferred enbodijne

present invention, the order in which the codes are generated is based
on signal strength. A signal strengyfy processor 29 nonitors

the-rel ative signal strengths of each of the signals that nmake up the
20 conposite signal. In the context of cellular systems, if t he

nobi | e swi tehtigg @ﬁliﬂiaﬂ&@)d@nﬁm P89S BéaEtidGonalitBSomtmiters the
probabt e orselial Sl SLE il MED RISl ROeicn
si gnal streigtéagily ppocamspbis?®d because C1(0) is alre¢ady Jappwmci at ed t hat
si gnal strgﬂg&p 8L first demodulation. v
5 After reorthogonalization with respect to
C1(0), the a2 term is defined as:

a2[(C2(0).C1(0))2%c2(0) - (C2(0).C1(0))3C1(0)]

The term along the C1(0) axis has been reduced by about
the factor N, e.qg., 42dB for N=128. The terms in C1(0)

10 with amplitude a3 are also reduced, and the dominant
interference is now along the axis C2(0).

Figure 11 illustrates a flow chart diagram that
may be used to implement the present invention using the
function block diagram of the hardware depicted in Fig.

15 10. Input signal samples of the composite signal are
stored in the input buffer 68 and are received by a first
signal extraction stage 101 for decoding and extracting
‘the coded information signal having the greatest signal
strength. The scrambling code 1 of that strongest signal

20 to be decoded is used to descramble the composite signal
in block 102. The Fast Walsh Transform is performed in
block 84z and the largest transform component is
determ#®e& in block 106. The index I, of that component
is stored™in the control and sequence unit 78 for

25 possible use in a subsequent reorthogonalization stage.

With that signal extracted, the remaining
signal undergoes an inverse Walsh transform  in block 108
and is rescrambled in block 110 using the same scrambling
code used in block 102. A second signal extraction stage

30 112 receives the remaining composite signal, and the '
index 1, corfesponding to the second strongest signal
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be detected by the signal strength processor 29, or it can be predicted
based upon historical nodels of signal strength. A function bl ock
di agram depi cting a hardware 30 inplenentation for perform ng the

functions of the signal strength processor 29 wl| ngﬂLQgﬂdescLPbﬁﬁrﬂn
conjunction with Fig. 8. It wll be appreciated by thOSTTH\S SRKET HA8 B N he

art that these functions could al so be REPLAGED |
- 35 =

extracted is stored. A number of other signals may also

be iteratively extracted according to this procedure

until signal extraction stage J in block 114 where the

residual error generated by the signal extraction in -
5 signal extraction stage 1 becomes potentially

troublesome. At that point, a first reorthogonalization

with index I, is performed in a first reothogonalization

stage 120. The remaining composite signal is again

descrambled with scrambling code 1 in block 121. The

10 descrambled signal undergoes a Fast Walsh transform in
block 122, and the component corresponding to I, is set to
zero in Step 124. 1In Fig. 10, this Index I, is
transmitted to the transformer 72 along with the
associated scrambling code 1. Thus, the residual error

15 component at I, generated during the signal extraction at
stage 1 is easily identified and removed by setting the
component at I, to zero. The remaining components undergo
an inverse Fast Walsh transform in block 126 and
rescrambling with the scrambling code 1 in block 128.

20 Having reduced the residual interference or
error, one or-more further signals J+1 may now be decoded
in signal extraction stages 130 until the residual error
or interference caused by the decoding of the signal in
the segond stage 112 becomes troublesome. A second

25 reorthagogalization stage is then performed with the
index It—ia.block 132. This process continues until all
of the signals have been satisfactorily decoded.

Reorthogonalization may be applied periodically
or whenever the signal-to-interference ratio becomes

30 marginal for decoding a particular signal. For purposes
of the presemt invention, the term periodically also
includes the situation where only one reorthogonalization
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I npl emented using a suitably progranmed m croprocessor. The tot al

conposite signal received by the antenna 26 is squared in nultiplier
100, and integrated in an i ntegrator 106 over the nunber of chip
periods in a bit 5 period. A bit clock signal determ nes the integration
interval. A square root circuit 107 determ nes the root mean square
(RVS) value of the conposite signal over the bi t pETHEpS S

At the sanme time, the residual signal is 10 received Wﬂﬁa ?EQ%Q.
The residual signal conprises the_tgtal conposite ‘lnnal any
prior decoded signals. The residual signal is nultlplled by a

spreadi ng code generated by a | ocal code generator 104 of the signal to

be decoded. gdl\ge CPLT fLALELaPY! PUENE! 487! of determining a marginal

signal-to-interference ratio, for example, is by
comparing the magnitude of the largest correlation with
that of the second largest. If the difference between <

] the two is too small to preclude a decoding error,
reorthogonalization with respect to a previously decoded
signal is required.

Another method of implementing the

reorthogonalization brinciples of the present invention

10 takes advantage of the fact that the codewords for
reorthogonalization are already known. When decoding the
composite signal to extract one information signal, a
Fast Walsh Transform correlates the composite signal
using all of the codewords, e.g., all 128 codewords. The

15 reorthogonalization procedure requires that the samples
be correlated with only a single, previously decoded
codeword having an associated index, e.g., I;. Assuming a
(128, 7] block code, buffer samples (S;, S,, ... S;»), and
the bits of a specific codeword CW; (b, b, ... by

20 corresponding to the index I,, the correlation C with that
codeword CW, is

C= DS, + b8, + . . . + DSy
MBI 128

The maﬁﬁ%ﬁﬁde of that correlation C is subtracted from

25 the buffer samples leaving_sample values S§; - bC; S, -
b,C; ...Sps = buC in the buffer. Consequently, the sample
values in the sample buffer 68 may be correlated using
one reorthogonization codeword simply by adding or
subtracting the buffer samples with the corresponding

30 bits of the codeword, dividing the result by codelength
(e.g., 128 bits) which is simply a bitshift when the
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15 fromthe nultiplier 102 is also integrated over the sane bi-t period

i‘n an*tntegrator 108, as controlled by the bit cl ock signal. As
described, for exanple, with respect to t he signal graphs (e) and (f)
in Fig. 3, the average or integrated vol tage val ue over the integrated

time period 20 ‘may have a positive or a negative p°|aLLL¥”w~IhE@("§%
St PHns

pol arity decision device 110 detects the signal poIarFﬁmﬁ;SHEEb Its

a signal to an absolute value device 114 whi ch i fsur esREPIACEBhe sign
of the integrator 108 out put si gnak,del ayed by a . 1's al ways
positive. The 25 absolute value device 114 may be, for exanple, an

i nvertor-controlled by the bit polarity decision device 110.
The absol Utéoéiéh.éﬁﬁ% 8e a2p8aee ogOkiRl, ahh@Nthen adiddnal ofB) is divided in
€S

composi te sPERBFaCHIRTedhe Tesuks) tpofhenariaiasy PubEetoF B e her ate a
normal i zed againvaketerdingotiethaopadartiy ofir cekzeisponstingngudesondhe
bits. Thus, reothorganalization may be performed without .
5 executing a Fast Walsh Transform and an inverse Fast
Walsh Transform; only subtraction and addition need be
used.
If reorthogonalization with respect to previous
codewords (e.g. CWl, CW2,...) is required, and CW1l

10 and CW2 are not orthogonal themselves, then
reorthogonalization according to this method initially
does not yield a result orthogonal to both codewords.
Nevertheless, the desired result may be achieved by
alternately repeating the reorthogonalization with CWl

15 and CW2. In practice, it is unlikely that repetition
would be needed within one reorthogonalization step.
-Rathér, additional reorthogonalization with those same
codewords would likely be deferred until after the
extraction of further signals.

20 With regard to the hardware described
previously in. Fig. 10, the descrambler 70, orthogonal
transformers 72, blocking switches 80, inverse
transformers 82, rescrambler 84, sum-of-squares unit 74,
comparison processor 76, and control and sequence unit 78

25 may besmimplemented by parallel processing digital logic
which may<be constructed as a special purpose integrated
circuit. However, those skilled in the art will
recognize that the present invention may also be
practiced using one or more microprocessors having

30 software programs which implement the present invention
as described for example with respect to Figs. 10 and 11.

In the context of mobile radio telephones in

cellular systems, different signals originate from
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decoded signal B is normalized by dividing it by the
--.15 .

10

15

20

25

30

total conposite strength of the signal for that bit

- 38 - REPLACED

THIS SHEET HAS BEEN

different mobile stations located at different distances
from a base station. As a result, multiple bursts of
codewords relating to one signal are not necessarily
time-aligned at the receiver. This disparity in time-
alignment may be overcome if after each decoding stage,
the residual signals in the composite signal are
converted back to a serial stream of samples. Prior to
processing a new, next signal, that serial stream of
samples is combined with the new signal sample and
converted into parallel format using the block timing
appropriate to the next signal. These tasks may be
performed entirely by appropriate address and data
manipulations within a buffer memory included in the
digital signal processing block.

A typical propagation path between mobile radio
telephones and a base station receiver consists not only
of a shortest, line-of-sight path but also a number of
delayed paths or echoes due to reflection from mountains,
tall buildings, etc. In many dense urban environments,
the propagation path may consist only of such echoes.

Any direct path, if present, may be too difficult to
identify. If the total delay between propagation paths
is small compared to the reciprocal bandwidth of the
signaIT=Ffading results because of the multiple paths
addind Sometimes constructively and sometimes
destrchI;Bly. However, the signal may be successfully
demodulated by assuming that only a single wave exists.
On the other hand, a signal having path delays that are
large compared with the reciprocal bandwidth (1/bandwidth
in hertz) must be treated as having primary and secondary
waves. It is usually possible, however, to express the
total signal as the sum of a finite number of paths
delayed by multiples of the bit period. Each path may be
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perlod The normalized correlation of the decoded signal I's accumul at ed

i'n a signal averager 118 over a nunber of bit periods to generate a
relative nean strength for that 5 decoded signal. Due to nultipath fading
of the signal, t he actual nunber of bit periods should probably be on

t he order of about ten in order to determ ne an accurate aver age si gnal
strength of the denodul ated signal. Each | ocal code lis-storet—

menory 120 along with its 10 associated average st r er{grHS VGHERE. HASA%Q\' er
122 comnpares each of these average $9 ghal strength val uggpekBEDsort s
them from strongest to weakest. At that point, the softer—IZZ transmts
the | ocal spreading code of the strongest signal to the | ocal code

gener at or 19#rsetédabylbnakpandentngnplitudeatadingl angdsphasedul ated and
dermdul at ec=Phabt 9S8P EpoRERCLEbhal Rl BCPatfaR aaTar g0 " o VA S
122. The sorter 122 fWQCCDmpensayebﬁorebul$y51tuatiﬂpbeébﬁtpue§9n§
m croprocesgor Uei B 8mpebi¥@actyph! 5% conventional decoder known «
5 as a RAKE receiver to integrate information from multiple
bit-period delayed paths. The RAKE receiver correlates
the despreading code with the current signal samples as
well as the signal samples delayed by one bit period, the
signal samples delayéd by two bit periods, etc., and
10 combines the correlation results before determining the
information content of the signal.

In situations where echoes accompany the direct
radio wave, overlapping copies of the composite signal
may be received and delayed by one or more bit periods.

15 The reorthogonalization process of the present invention
not only removes the energy of these echoes but also
employs that echo energy in decoding the composite
signal. An excess number of samples greater than N, e.q.
dN, is collected in the buffer 68. For example, N may be

20 128 and dN may be 5. The extra number of samples dN is
selected so that dN bit periods span the anticipated
range of delayed echoes. The Fast Walsh Transform is
performed for AN shifts of the (N+dN) samples in the
buffer=£8s and the resulting transform components are

25 store®FHEN individual sum-of-squares registers 74 to
determine~the index of the component having the largest
sum-of-squares. The appropriate blocking switch 80
blocks the largest component; the inverse transform 82
and rescrambler 84 are activated; and the rescrambled

30 output is recirculated to the buffer 68. The buffer 68
contents are shifted backwards, and the subtractive
demodulation process is repeated for each of dN shifts.
The control and sequence unit 78 determines for each
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20 program Because the signal strengths of the nmultiple

mobi | e*stations in a cell are constantly varying, a further enbodi nent
of the present invention utilizes | i near predictive analysis (LPA) to
reorder the signal 25 strength priority. 1In general terns, a historical
nodel of the relative signal strengths is stored in_a y d
used to extrapol ate which signal is nost likely to : Qﬂ@g
strength at the next instant in tine. LPA post ul atles tthPmHEDnext

val ue of a waveformw ||l be 30 a weigh#ed-sum of previlous—y wth the
wei ght coefficients to be determ ned. The known Kal man f||ter
algorithmmmay be used to inplenent this analysis. In this manner, the

strongest sshyift whgtherpthdi ecbe removal process should be
performed. For example, the echo elimination process may
be performed only on shifts 1, 3, and 5 because the
sequence unit 78 determines that no significant echo <
5 energy exists at those shifts. For this process, a non-
cocherent RAKE decoder may be used with the significant
echo shifts being identified by the non-zero RAKE taps.
When echoes corresponding to different shifts
of the (N + dN) buffer samples are removed from the
10 composite signal using reorthogonalization, the echo
signals are removed preferably in order of signal
strength. That echo having the strongest signal strength
is removed first with echoes of decreasing strength being
removed subsequently. In this way, the influence of
15 stronger echo signals is removed, and weaker information
signals which experience interference from strong echoes
may be decoded more readily.
Delayed versions of the input signal are
processed in the Fast Walsh Transform decoder 72, and the
20 Walsh spectra are added before determining the largest
Walsh component. The Walsh spectra may be added either
non-coherently, with or without weighting, or cocherently
with an appropriate relative phase rotation and
weightimege In either case, Fast Walsh Transforms are
25 performea¥fon both the real and imaginary vector
components: of the signal, as described previously,
yielding real and imaginary components of the Walsh
spectra. In non-coherent addition, only the magnitudes
of corresponding complex Walsh spectral components are
30 added and weighted before determining the largest
components. In coherent addition, prior knowledge of the
relative phase shift between the signal paths is used to
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- 16 - effectively without having to actually perform anot her
sequence of signal decodi ng and neasurenents. If the signa
strength processor 29 determn nes that the actual results of the
decodi ng of the conposite 5 signal and signal strength priority sequence
is in error because of an inaccurate prediction or | RERSHEET HRECBREN
condi tions have changed, the signal 3trength processor |29 REPLACED

- 41 -

phase-align corresponding Walsh components before
addition.
Phase-alignment is accomplished by means of a
complex multiplication that can simultaneously include an <
5 amplitude weighting. If the path phase shift is known by
initially transmitting a known signal, for example, that
phase shift may be used to rotate corresponding Walsh
components until they align on a single axis, and the
Walsh component having the largest value on this axis is
10 determined. This technique reduces the effect of non-
coherent interference signals by 3dB, on average, giving
a 2:1 extra capacity increase. Moreover, because only
that component (real or imaginary) of the complex Walsh
spectrum ascribed to the decoded signal is removed after
15 decoding, the correlative loss experienced by other
signals is also reduced. For example, the absolute phase
shift of the signal paths may be tracked by processing
the actual phase shifts of the Walsh components ascribed
to the desired signal in a digital phase tracking loop.
20 In the same way that energy arising on
different sighal paths may be utilized by combining the
results of multiple despreading correlations, the signals
arriving on different antennas may be combined to form a
diversetyrreceiving system. If an array of antennas is
25 connec¥®@to an array of correlating receivers through a
beam~forming network, preference may be given in a
particular receiver to signals arising from a particular
range of directions. For example, in one of a bank of
receivers, a signal S1 from a northerly direction may
30 have the greatest signal strength because the antenna
beam formed to that receiver points north. In a receiver
associated with a southerly pointing beam, the strength
of the signal S1 is reduced and a second signai S2
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reorders the code sequence to reflect the actual signal strength order.
Stubsedquent |y, the denodul ation process 10 may be repeated to insure that

t he individually coded signals of the conposite signal are decoded in

t he order of greatest to least signal strength. The repeated

process does not' result in any |oss of data or interruption in traffic
because the conposite signal is 15 stored in a delay 50 i an bIEﬂ“
bl ock 40. The delay 50 may be sinply a nenory devic 'Eg }

the conposite signal nay be retrospectd wygl \. reprocessed onﬂEPUK&D
opti mum order of decoding is determ ned. By-Torrerating the

out put signal of the first 20 code generator 32 with the conposite signa
recei ved at a eaﬁé“bﬁé&ﬁéﬁﬁﬂ(N06Hhequhnﬁm¥\Hﬁhﬁﬂotﬂqrﬁﬂfcorrespond|ng to

e oL ARt AR ST By, e 01 o
i nt er f er enc exrgetentrabdiyvers smdarm&Esanmrsalgnaéd maYy) ke demadukatet of t he
| ow pass fi%&?%‘ﬁ&ff@rent point in the signal-strength prioritized «
5 sequence and with different remaining interference
signals present. It is clear that the results of such
multiple diversity demodulations can be combined in a
variety of ways that will be apparent to those skilled in
the art in order to obtain further advantages.
10 While a particular embodiment of the present
invention has been described and illustrated, it should
be understood that the invention is not limited thereto
since modifications may be made by persons skilled in the
art. The present application contemplates any and all
15 modifications that fall within the spirit and scope of
the underlying invention disclosed and claimed herein.
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nmejority vote circuit or an .integrate and dunp circuit may _be used to-
reduce ‘or despread the bandwi dth or bit rate of the Cm|SeSHEEQ'dHA$gBEEN
The output si gnal generated by the low pass filter 4p |s qq feERd

further

t he S|gnm
i nformati on
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in an_.error..correction decoder 44 which final .buuuco

8

-~ 43 -

WHAT IS CLAIMED IS:

1. A method for decoding a composite signal
having overlapping, coded signals, comprising: -

(a) iteratively correlating said composite
signal with a series of codewords and generating for each
correlation a plurality of correlation signals;

(b) extracting a coded signal corresponding to
a greatest correlation signal from said composite signal,
said greatest correlation having an address associated
with one of said correlated codewords;

(c) periodically recorrelating a remaining
portion of said composite signal with said codewords; and

(d) eliminating any correlation signal
corresponding to said associated address of at least one
codeword previously correlated in step (a) from said
remaining composite signal.

2. The method according to claim 1, wherein
said correlating step includes a Walsh-Hadamard
transformation.

3. The method according to claim 1, wherein
said ce®relating step includes a Fourier transformation.
=

4. The method according to claim 1, wherein
said correlating step includes an orthogonal

transformation.

5. The method according to claim 1, wherein
said coded signals are complex vectors having real and
imaginary components, said real and imaginary components
both being correlated in said correlating step (a).
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-17 - undergo additional signal processing before it reaches its

fi-nal " desti nati on. The error corrected output signal is alsg.
applied to a recoder/renodul ator 46 to reconstruct the 5 mavefo ﬁt}a@pBEEN
signal just. decoded. The purpose for reconstructing/redqdk Qk

decoded si gnal it fromthe conposite signal |n aR PLAGED

subtractor 48. mwmﬂuuu mly 50 stores the conposite si or the
processi ng first decode and then reconstruct the 10

first decoded signal. The, yesi dual conposite signal, from
whi ch the first signal has been decoded and subtracted, is passed
fromthe subtractor 48 to the input of a second digital :

1 6. The method according to claim 1, wherein

2 said coded signals are extracted based on their relative

3 signal strengths.

1 7. The method according to claim 1, wherein
said at least one codeword corresponds to the coded

3 signal initially extracted in step (Db).

1 8. A sysﬁem for decoding a composite signal

2 having overlapping, coded éignals, comprising:

3 means for iteratively performing orthogonal

4 transformations on said composite signal with a series of

5 codewords and generating for each transformation a

6 plurality of transformation components, each

7 +transformation component being associated with a codeword

8 and an index;

9 means for iteratively extracting a coded signal
10 corresponding to a greatest component from said composite |
11 signal; _
12 means for periodically performing at least one
13 orthogonal transformation on a remaining portion of said
14 composite signal with said codewords; and
15 means for eliminating any transformation
16 componeiescorresponding to said associated index of at
17 least®Re&previous codeword.

1 9. The system according to claim 8, wherein

said orthogonal transformations are Walsh-Hadamard
3 transformations.

1 10. The system according to claim 8, wherein
said orthogonal transformations are Fourier

e
e

3 transformations.
heet Has Been Replaced
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procegsing block 40" simlar to the first block 40. The 15 only di fference

bet ween the two digital processing blocks 40 and 40' is that the code
generator 32' is progranmed to match the code corresponding to a second
signal to be denodul ated. In the preferred enbodi nent of the

i nvention, the -second signal to be denodul ated is the 20 ngsagHmﬁvHN&fEEn
next greatest Those skilled in the W ﬁ Qﬁggnlze
that the secc“ﬂ’m m,ﬂ"ﬂij bcessi ng bl ock 40 may be inp epL

recursive use* signal-pﬁ@cessing bl ock 40 in order to avoid
duplicating hardmare. The second signal processing block 25 40" produces a

second, decoded signal fromthe error correction decoder 44' and
subtracts a reconstructed, second signal fromthe del ayed conposite
signal nn a subtagctomhégsygﬁma ﬁ@ﬁgﬂﬂﬁ| QQ?QQ%&&?ﬁSI%@Q&ejW th two
signals nOM/re e assed to a.third stage of signa processi ng
and so ide x%racilg efns eREIAGHS a&%e %&g SeAB@% of
3 order based on thelr relative signal strengths. .
1 12. The system according to claim 11, wherein

said at least one previous codeword corresponds to the
coded signal first extracted by said extracting means.

1 13. A method for decoding a composite signal
2 having overlapping, coded signals, comprising:
3 (a) iteratively performing orthogonal
4 transformations on said composite signal with a plurélity
S of codewords and generating for each transformation a
6 plurality of transformation components, each
7 transformation component having an associated codeword
8 and index;
9 (b) iteratively extracting a coded signal
10 corresponding to a greatest transformation component from
11 said composite signal;
12 (c)- periodically performing at least one
i3 orthogonal transformation on a remaining portion of said
14 composite signal using said codewords; and
15 asumr (d) eliminating any transformation component
16 corresporling to said associated index of at least one
17 previously extracted coded signal.
1 14. The method according to claim 13, wherein
2 said performing step (a) includes: ,
3 (e) descrambling said composite signal using a
4 scrambling code associated with the coded signal to be
5 decoded;
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t he present

i nvention is that the sequence of denodul ati on and

extraction of individual information

0

O 0 NN 60 bW

S =
N B O

NN S W N

W NN

-

/e

i

g [ e

- 46 -

\ ‘n‘a Wil )

(f) transforming said signal descrambled in
step (e) based on said plurality of codewords and
generating said plurality of transformation components.

15. The method according to claim 14, wherein
said extracting step (b) includes:

(g) determining a transformation component
having the greatest magnitude as the decoded signal;

(h) removing said decoded signal from said
composite signal; _

(i) inversely transforming said remaining
components;

(j) rescrambling said inversely transformed
composite signal with said scrambling code used in step
(e); and

(k) selecting a next scrambling code.

16. The method according to claim 15, further
comprising:

(1) ordering said scrambling codes according
to a signal strength of each associated coded signal;

wherein said selecting step (k) includes
selecting said next scrambling code based on its relative

order =%
—
“T717. The method according to claim 16, wherein
said ordering step (1) includes:
(n) predicting said order based on a recent

history of signal strengths of said coded signals.

18. The method according to claim 15, wherein
said performing step (c) includes:

This Sheet 14
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5|gna[s Is in the order of highest signal strength to | owest signa

strength. Initially, when the conposite signal includes many signals,
the signal nost likely t6 = be detected accurately is the signal havi ng
the greatest 5 W Weaker signals are less |i .- e
interfere vmth”ﬂlﬂuﬂﬁmm‘ﬂuﬂﬂ . Once the strongest H(mSHEEE HAE nBRFY
fromthe conpositetsilgndl, Sthe next strongest signalf may hgnmﬁﬁﬂlly
detected w t hout havi ng to account for the interferadpnee—at—the
strongest signal. 10 |In this fashion. gyep the weakest signal may be
accurately decoded. Because of this enhanced decodi ng capability, the
present invention performs satisfactorily even with a significant

i ncreasg in the nunbefopf aégeﬁambnhgpssahl fehamﬂhﬁg EBmpesyeat i onal CDVA

Th d
?%gﬁgg§$ng %ﬁ%?%id%%ﬂgéfgﬁgﬁFgﬁgieegsgsée assBﬁé?tFﬂ %EhEaCOHﬂUHIZatIOHS

channel§ a prewiluslyntextractedetodédasignaly aadachi eved in which the
si gnal 6 (p) transforming said descrambled signal in
7 step (0) using said codewords and generating a plurality

-

8 of transformation components.

19. The method according to claim 18, wherein
said eliminating step (d) includes: _

(q) setting to zero any transformation
component corresponding to said associated index;

(r) inversely transforming the remaining
transformation components;

(s) rescrambling said inversely transformed
composite signal generated in step (r) with said

O 0 3 v 1 > W N

scrambling code used in step (o).

20. The method according to claim 18, wherein
said scrambling code used in step (o) is selected based

W N =

on relative signal strengths of said coded signals.

21. The method according to claim 20, wherein
said scrambling code in step (o) is the scrambling code
assocf&TE® with coded signal having the greatest signal

stren§tiE

=~ = b

BWw N e

22. The method according to claim 15, further
comprising:

(t) collecting a number of samples of said
composite signal;

[t T O R R AR

(u) algebraically combining said samples;
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strength processor 29 continuously determnes the 20 relative
i'nst ant aneous | evels of all information signals bei ng processed. The
ultimate capacity limt of this systemis reached when the power of a
signal is exceeded © ' by the sumof the powers of all |ower power signals

by nore t proce55|ng gain (less an SHEET BAS BEEUN
to noi se ratllmﬂl”mlmmlrmﬂl hovvever S consi der Tﬂ;ﬁ'ﬁ cgyor abl

t han t he conventiconal ch is reached when r
of all the stronger signals exceedssthe power of the weakest signal

by nore than the avail abl e processing gain. 30 In estimating the
capacity gain, the Rayleigh distribution is used as a representative

si gnal léevel di st(M)b@divisliing fhee|qombinatdiam rafldhing t.
Assum ng usgtQlp fREARAL RO WRInKe (d10lsandied @tati?idd to produce a

8 quotient; and

9 (w) algebraically combining said quotient with <
10 said samples using the combining process followed in step

11 (u).

23. A system for decoding a composite signal
having overlapping, coded signals, comprising:

plural signal extraction stages, each stage
having means for receiving said composite signal and a
series of codewords and means for extracting from said
composite signal a coded signal associated with one of
said codewords, and

at least one signal elimination stage having

O 0 N O bW

means for eliminating from a remaining portion of said

-
(=]

composite signal a residual signal associated with one of
said coded signals previously extracted by said

e
N P

extracting means.

24.- The system according to claim 23, wherein
said elimination stage includes plural elimination
stages, each elimination stage eliminating residual
signalsassociated with different ones of said coded

n W N e

signa3&sgxeviously extracted.

25. The system according to claim 23, wherein
each signal extraction stage further comprises:

first means for descrambling said@ composite
signal using a scrambling code associated with the coded
signal to be decoded;

first means for transforming said descrambled

N W e

signal and generating a plurality of transformation
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mean strength of all signals is unity. Consequently, the

sisgnal * strength power exhibits the distribution function:

P(A) dA = 2A exp(-Alerr])dA

10
11

O 0 ~1 v L & W N M

e
= o

U 0 < 6 1 b W N

i
o B
s WMo
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components each component having an associated codeword;
and

first means for transmitting a remaining
portion of said composite signal to a next extraction

stage.

26. The system according to claim 25, wherein
said extracting means includes:
. means for determining a transformation
component having a greatest magnitude as a decoded
signal;

means for removing said decoded signal;

first means for inversely transforming
remaining transformation components; and

first means for rescrambling said inversely
transformed signals to generate said remaining composite
signal using said associated scrambling code.

27. The system according to claim 26, wherein
said elimination stage includes:

second means for descrambling said remaining
composite signal using a previous scrambling code
associated with a coded signal previously extracted in a
priorigif?action stage;

Eﬁﬁﬁgsecond means for transforming said descrambled
signal received from said second descrambling means based
on said codewords and generating a plurality of second
transformation components, ' '

means for setting to zero any second
transformation component signal corresponding to a
codeword associated with said previously extracted
signal;

This Sheet Has Been Replaced
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where A is the signal anplitude. The total power P of a 5 |arge nunber N

of* such signals is sinply N If the processing gain or spreading ratio
is R the signal-to-  interference ratio after despreadlng mould be
appr oxi mat el y SII = Alerr] RN Hb%ggEN

gss

convent i onal S/ equals 1, signals | THEr SHER]]

than SQRT(N Iﬁlm_l Hﬁlﬂgml Iclms not reach zero dB {;;ualR&P(h Bratj
with respect tb thet ™ ihtetference after denodul ati o7 thls is the
threshol d for acceptabl e decoding, a cergginn nunber of 15 signals

1 - [err] wi Il not be decodable, and a certain nunber of signals
e(-Nerr] w || be decodabl e. Thus, the maxi num nunber of signals 20

that cars be decoded i ssecond means for inversely transforming

16 remaining transformation components;

17 second means for rescrambling signals received

18 from said second inverse transform means to generate said <
19 remaining composite signal; and

20 means for transmitting said rescrambled

21 composite signal to a next signal extraction stage.

28. The system according to claim 27, wherein
said scrambling codes are selected based on a signal
strength of the associated coded signal relative to
signal strengths of all coded signals in said composite
signal.

LS I ¥ S I

29. The system according to claim 28, wherein
said scrambling code associated with a previously decoded
signal having a greatest signal strength is selected by

[ 7 I N R )

said second descrambling means.

30. The system according to claim 23, wherein
each signal ektraction stage sequentially extracts coded
signals in an order based on relative signal strength
such that a first extraction stage extracts a strongest

coded <s#ghal.
.

Mo WwN

TT731. A method for decoding a composite signal
having overlapped, coded signals and time-delayed echoes
of at least some of said coded signals, comprising:

(a) correlating a series of codewords with a
pPlurality of time-shifted versions of said composite
signal and generating a set of correlations for each

N oh W e

time-shifted composite signal;
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N e[err] Wien N is chosen to be equal to R the nunber of
decCoddbl e signal s becomes N e. Thus, the |oss due to the si gnal
strength distribution is a factor e. In practice 5 it is doubtful that

this capacity could be reached whif{ E‘Stﬁ WHKSCBE'EN an adequate quality of

service |n a cellul ar system

| TARLPnL S FE%!b""@ﬁ&fﬁﬁQdﬁlil:j at
gpem)bl I es mﬂltmmmmﬁm : t'?'ooeﬁsa(rate t hat ever 3 Lﬁ IL }f . m.izﬁt

signal is detodable B595 of" t he tinme, _ 51 for exanple, woul d éntail a
substantial |oss in capacity.

(b) combining all of said sets of correlations
9 for said time-shifted composite signals to produce a
10 combined set of correlations;
11 (c) determining a codeword corresponding to a
12 greatest correlation in said combined set; and
13 (d) subtracting said determined codeword from
14 at least one of said time-shifted composite signals.

32. A method according to claim 31, wherein
said combining step (b) includes adding squared
magnitudes of corresponding values from each correlation

B W

set.

33. A method according to claim 31, wherein
said combining step (b) includes weighting and adding
corresponding values from each correlation set using a
complex weighting factor associated with each time-

MmN e

shifted composite signal.

34. A method according to claim 31, wherein
said correlatlng step (a) is performed u51ng Walsh-
Hadamard Transformations.

=a”?‘i_if"-ﬁ”?‘:‘35. A method according to claim 34, wherein
said é%%%%acting step (d) includes setting to zero a
componé;Eiof said Walsh-Hadamard Transformation and
further includes performing an inverse Walsh-Hadamard

(1 N TR CR W

Transformation.

36. A method according to claim 31, wherein
said subtracting step (d) is performed on each time-
shifted composite signal in an order depending on their

> W N

respective signal strengths.
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-.20 - This further loss is the margin that nust be built in to

the system capacity to allow for signal fadi ng. In the case
of the present invention, however, each si gnal suffers from
i nterference only fronithose 5 haV|ng | ess than or equal . litude. Those
signal s havi gnal strength or anplitude HH Stbeh HAS BEEN |
dem)dul at ed ﬂ""”mﬂlmm i" ved The in{egr al REFLAGED
' erference I* s tude A is given by 10
1 (1+A[err])exp( A[err]) - 52 -

1 37. A method according to claim 36, wherein

2 said order is a descending order of magnitude of the

3 - correlation in each of said sets of correlations

4 corresponding to said codeword determined in step (c). «

1 38. A method according to claim 37, wherein a

2 set of correlations corresponding to a time-shifted

3 composite signal exhibiting a lower correlation magnitude

4 is recomputed after said subtracting step (d) is

5 completed on a time-shifted composite signal exhibiting a

6 higher correlation magnitude.

1 39. A method according to claim 35, wherein

2 before said correlating step (a) said composite signal is

3 descrambled with a scrambling code corresponding to a

4 signal to be decoded.

40. A method according to claim 39, wherein
said inverse transformed signal is rescrambled using said
scrambling code.

-

e o]
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The,signal-to-interference ratio S/I after despreading a si gnal of

anplitude A is thus S = R Aerr] / (1- (A[err]
+1)exp(-Alerr])) I N 15 Fi gure—9-4 f-
the function Alerr] / (1-(Alerr] %WB[M&F?@
showing that it:is never less than 5.8 dB (3.8:1 power r REPOACGEDW t h
the mninumoccurring at Aferr] = 1.79. The S| | nprovesfor signals
havi ng an anplitude | arger iﬁ@f‘m@@r o#lrgg)ﬁﬁgﬁo@to their greater
power. In contrast with the 9/ 1 |n the
present i nvent i oBubtrastiver 6HMA ﬂemoéﬂbﬁﬁlgnhﬁBFhﬁa&ﬁYaﬁﬁF

smal | er thag éadza) iﬁf&h&ﬁﬁaﬂsslf;ﬁ%reﬂﬁéaaéaaiheﬂany othegt er f er i ng
signals remain belo Cbnseguently, al

signal s ar ED%E%%IBBFBQ' s:Lgnﬁ 5Vpeganghgp a received, composite RN >
1/3.8 signal. A radio receiver (25) correlates a unique code
5 corresponding to the desired signal to be decoded with <

the composite signal. Moreover, after each information
signal is successfully decoded (processor 40), it is
recoded and removed from the composite signal.
Subtractive CDMA demodulation is enhanced by decoding the
10 composite signal in the order of strongest to weakest
signal strength (signal strength processor 29). The
individual information signals are spread using block
error correction codes which are correlated with the
composite signal using Fast Walsh transforms (correlator
15 30). Correlated signals identified as the largest
transform component are removed from the composite signal
and the remaining composite signal is reformulated using
an inverted Fast Walsh transform. Any residual error or
interference caused during the extraction of a transform
20 component is removed by recorrelating the composite
signal using the index of that transform component.

=R

—— R
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FIELD OF THE INVENTION

The present invention relates to the use of
Code Division Multiple Access (CDMA) communications
techniques in cellular radio telephone communication
systems, and more particularly, to an enhanced CDMA
demodulation scheme based on successive signal
subtractions of multiple CDMA signals that compensates
for residual interference introduced during the
subtraction process.

BACKGROUND OF THE INVENTION

The cellular telephone industry has made
phenomenal strides in commercial operations in the United
States as well as the rest of the world. Growth in major
metropolitan areas has far exceeded expectations and is
outstripping system capacity. If this trend continues,
the effects of rapid growth will soon reach even the
smallest markets. Innovative sglutions are required to
meet these increasing capacity(needs as well as maintain
high gxaltty service and avoid rising prices.

Throughout the world, one important step in
cellular s&stems is to change from analog to digital
transmission. Equally important is the choice of an
effective digital transmission scheme for implementing
the next generation of cellular technology. Furthermore,
it is widely believed that the first generation of
Personal Communication Networks (PCN), (employing low
cost, poéket—size, cérdlesé'telephbnes'that can.be

)



-t21 - the invention has a capacity advantage of 3.87e which is

nere than a tenfold increase. In addition, conventional syst e a
si.gnificant fading margin. In the present i nvent i prREPEXAGEMENTe ShERk dst |
faded signals (at least with 5 regard to interference] wth—ottrer=STgon

and negl ecting ot her noi se sources), may be decodgd aefyéﬁiehgﬂ
Accounting for the fading nmargin, the capacity.increage H present
i nvention is approximately 100 tines greater thanjc '

systens. 10 It should be noted that the system capacity is
limted only because of the possibility that the firs stgrratS el ng
processed may be the weaker rather than the ~ stronger signals. However,
by taki ng advantage of the storage of the conposite signal in the

delay memory 5Q,19; AN8oh#8r8qbil! Ynko us2l ReCHHKEN2rC PIRAT Ve 1988k
the home, office, street, car, etc.), would be provided
by the cellular carriers using the next generation
digital cellular system infrastructure and the cellular
5 frequencies. The key feature demanded in these new
systems is increased traffic capacity.
Currently, channel access is achieved using
Frequency Division Multiple Access (FDMA) and Time
Division Multiple Access (TDMA) methods. As illustrated
10 in Fig. 1(a), in FDMA, a communication channel is a
single radio frequency band into which a signal’s
transmission power is concentrated. Interference with
adjacent channels is limited by the use of band pass
filters which only pass signal energy within the
15 specified frequency band. Thus, with each channel being
assigned a different frequency, system capacity is
limited by the available frequencies as well as by
limitations imposed by channel reuse.
In TDMA systems, as shown in Fig. 1(b), a
20 channel consists of a time slot in a periodic train of
time intervals over the same frequency. Each period of -
time slots is called a frame. A given signal’s energy is
confined to one of these time slots. Adjacent channel
interference is limited by the use of a time gate or
25 other synchronization element that only passes signal
energy-reeeived at the proper time. Thus, the problem of
interference from different relative signal strength
levels is reduced.
Capacity in a TDMA system is increased by
30 compressing the transmission signal intc a shorter time
slot. As a result, the information must be transmitted
at a-corresppndingly faster burst rate which increases
the amount of occupied spectrum proportiocnally.



retrospectively, a multiple-pass denodul ati on procedure may be applied
to the conposite signal. O course, this procedure mnuld onIy make
difference if the first pass dermodul ation produced gLLo#a-=rr Q
decoded signals. 20 Accordingly, redundant coding is pr-f :

I ndicate the confidence in a decoded signal result.

confidence code, the processing bl ock 40 deci des V\/nt er 41 uuéﬂ‘ﬂ
passes will yield an inprovenent. One wel | known redquridafit codlno
procedure for assigning a 25 confidence value to a parti .

result is the majority vote techni que. sFar exanpl e, 1)
signals are conpared and 4 or 5 have the sane val ue, then |gh

confidence value is assigned to the result. The f ewer S|gnals t hat
agree, the |ower the confidencepmal ve. TBAA &fstémsconfhylenie PRMAETDMAI gh,

Conf i dence val EY=eensy; she; sBaTnge ProtBFGRS Sy HR8 Bhegh¥iafuy V
si gnal s haihhgrfegiagt eignalendehnbt pesvp¥dthe same frequency at
the same time. 1In contrast, Code Division Multiple
5 Access (CDMA) allows signals to overlap in both time and

frequency, as illustrated in Fig. 1(c¢). Thus, all CDMA
signals share the same frequency spectrum. In either the
frequency or the time domain, the multiple access signals
appear to be on top of each other.

10 In principal, the source informational data
stream, e.g., speech, to be transmitted is impressed upon
a much higher bit rate data stream generated by a pseudo-
random code generator. This combination of the higher
bit rate coding signal with the lower bit rate data

15 information stream is called coding or spreading the
informational data stream signal. Each informational
data stream or channel is allocated a unique spreading
code. A plurality of coded information signals are
modulated and transmitted on a radio frequency carrier

20 wave. A composite signal of multiple coded signals is
received at a-receiver. Each of the coded signals
overlaps all of the other coded signals, as well as
noise-related signals, in both frequency and time. The
composita signal is demodulated and correlated with a

25 selected. spreading code. Correlation by code isolates
and decedes_the corresponding error-coded signal.

There are a number of advantages associated
with CDMA communication techniques. The capacity limits
of CDMA-based cellular systems are projected to be up to

30 twenty times that of existing analog technology as a
result of the properties of a wide band CDMA system, such
as 1mproved codlng galn/modulatlon den51ty, v01ce

.actiVLty gating, sectorization and reuse of the same



-22 - VWil e the principles of continuous spreading
codes were described initially in conjunction with Figs.
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spectrum in every cell. CDMA is virtually immune to
multi-path interference, and eliminates fading and static
‘to enhance performance in urban areas. CDMA transmission
of voice by a high bit rate decoder insures superior,

5 realistic voice quality. CDMA alsc provides for variable
data rates allowing many different grades of voice
quality to be offered. The scrambled signal format of
CDMA completely eliminates cross talk and makes it very
difficult and costly to eavesdrop or track calls,

10 insuring greater privacy for callers and greater immunity
from air time fraud.

Despite the numerous advantages afforded by

CDMA, the capacity of conventional CDMA systems is
limited by the decoding process. Because SO many

15 different user communications overlap in time and
frequency, the task of correlating the correct
information signal with the appropriate user is complex.
In practical implementations of CDMA, capacity is limited
by the signal-to-noise ratio (S/N), which is essentially

20 a measure of the interference caused by other overlapping
signals as well as background noise. The problem to be
solved, therefore, is how to increase system capacity and
still be able to maintain a reasonable signal-to-noise
ratio.ee &hat signal decoding can be carried out

25 efficiently and accurately.

SUMMARY OF THE INVENTION
The present invention optimally decodes a coded
information signal embedded in many other overlapping
coded signals in a received composite signal by
30 correlating a unique code corresponding ta the signal to
be decoded with the composite signal. After each coded
. information signal is decoded, it is removed from themMﬂﬂwﬂ;

This Sheet Has Been Replaced
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3°5, superior nethods of spreading the spectrum of an I nformation
signal may be achieved using error correction 5 coding. Wen a single

binary information bit at a tine i s bandwi dt h expanded by a spreadi ng
ratio Rto becone a pseudo-random sequence of R bits, the bandw dth—
spread W t hout any error correction coding gain. Asgsdelrn '

techni que may be terned sinple spreading. On the other

a block of Minformation bits at a tine, where M> 1, ffo a
pseudo-random sequence of Mx R bits provides error fcorreod Juk '@%l
gain within the sanme spreading factor SThis |atter t§

intelligent spreading. 15 Si npl e spreadi ng ma

converting an information signal as one of two possi bl e coordinat-es

(-1) or (+1) iecaresdte wdemiadnal Aspaccesully,, sshsaquent, elatborssi gnal

that needs R di#eRthe?s inFoHniRlian khignAls inCeRkdiBabevka 88Mp&sdteENSi ONs

may have only L4, BYSYY! Be?Der FArtER wleR 184s hReBRBLERN AL on O or

1). Such d
therefore, with greater accuracy.

5 The subtractive demodulation technique is
enhanced by decoding the composite signal in an order of
the information signals from strongest to weakest signal
strength. In other words, the strongest signal is
correlated and removed first. Interference caused by the

10 presence of the strongest information signal in the
composite signal during the decoding/correlation of
weaker signals is thereby removed. Thus, the chances of
accurately decoding even the weakest signal are greatly
improved.

15 In a preferred embodiment of the invention, the
composite signal is decoded using iterative orthogonal
transformations with a set of codewords to generate a
plurality of transformation components associated with
the codewords. The coded information signal

20 corresponding to the greatest transformation component is
extracted from the composite signal. During the '
iterative process, periodic.orthogonal transformations
are performed on the remaining portion of the composite
signal wsing at least one of the codewords involved in an

25 earliegy £yansformation. Any transformation component
corresponding to an associated index of the previous
codeword is eliminated to reduce residual '
interference/errors that may have been generated in the
previous transformation process. This | _

30 reorthogonalization process is also used to remove signal
echoes from the composite signal.



spaces are known as Galois fields. Correlating a signal. with a code nay

be equated to finding its projection on a vector fromthe origin
t hrough a poi nt whose coordi nat es are given by the bits of the
Maxi mum correlation 25 or projection of the signal is

poi nt of the signal vector and the code vector coin

Coi nci dence occurs when no angl e exists between the Si naI vect a d

t he code vector. \Wen a signal consists of a sum of \si gngll;sJUbn

whi ch coincides with 30 the code, the others being at r} ght angl es_to~that
code, correl ation of the signal with that code yiel .

correl ation product corresponding to the desired Si
The other signals do not contribute

BRIEF DESCRIPTION OF THE DRAWINGS

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

S illustrated in the accompanying drawings, in which:

Figs. 1(a)-1(c) are plots of access channels
using different multiple access techniques;

Fig. 2 shows a series of graphs illustrating
how CDMA signals are generated;

10 Figs. 3 and 4 show a series of graphs for
illustrating how CDMA signals are decoded;

Fig. 5 shows a series of graphs illustrating
CDMA subtractive demodulation according to the present
invention;

15 Fig. 6 is a functional schematic of a CDMA
transmitter and receiver;

Fig. 7 is a functional schematic of a CDMA
subtractive demodulator according to the present
invention;

20 Fig. 8 is a functional schematic of the signal
strength processor illustrated in Fig. 7;

Fig. 9 is a graph comparing the signal-to-noise
ratio of conventional CDMA with that of subtractive CDMA
accordipgsto the present i%vention;

25 Fig. 10 is a functional schematic of a CDMA
subtraetive demodulator that eliminates residual noise
according to the present invention; and

) Fig. 11 is a flow chart illustrating a process
by which residual interference is removed according to

30 the present invention.



- 23 - to the resulting magnitude of the correl ation product

because they have zero projection on the correlation |ine | 4] Q
More generally, a sumof randomy coded signals 5 nmay include one
whi ch coincides with a correl ation code, the others '
proj ections on the code correlation line or vector.{|RER
squar ed of any one of these other signals is, by Pyth&goras,

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
While the following description is in the
context of cellular communications systems involving
portable or mobile radio telephones and/or personal
5 communication networks, it will be understood by those
skilled in the art that the present invention may be
applied to other communications applications.
- The present invention will now be described in
conjunction with the signal graphs shown in Figs. 2-4

10 which set forth example waveforms in the coding and
decoding processes involved in traditional cDMA systems.
Using these same waveform examples from Figs. 2-4, the
improved performance of the present invention over
conventional CDMA is illustrated in Fig. 5.

15 Two different data streams, shown in Fig. 2 as
signal graphs (a) and (d), represent digitized
information to be communicated over two separate
communication channels. Signal 1 is modulated using a
high bit rate, digital code unigque to signal 1 as shown

20 in signal graph (b). For purposes of the present
invention, thé term "bit" refers to one digit of the
information signal. The term "bit period" refers to the
time period between the start and the finish of the bit
signaXs" “The term "chip" refers to one digit of the high

25 rate codliyg signal. Accordingly, the chip period refers
to the time.period between the start and the finish of
the chip signal. Naturally, the bit period is much
greater than the chip period. The result of this
modulation, which is esséntially the product of the two

30 signal waveforms, is shown in the signal graph (c). In
Boolean notation, the modulation of two binary waveforms
is essentlally an exclusive-OR operatlon. A SLmllar
_series of operations is carried out for signal 2 as shown



al[err] + a2[err] + a3[err]. . . . .where al, a2, a3. . . . 10 are the
projections on a nunber of different vectors or axes, then on average
1/R of the total squared length (or power) appears in any one
di mensi on. Upon correl ating with the first signal's code and

subtracting a
signal has a zero projection along the code vector. y )
si gnal has been projected onto a pl ane or subspace f |R-1 di nensi onk,
its power |l ying al ong the code correl atilon 12 dejllaviPy

with 1/R of
di sappear ed.

LR

T

corresponding amount of the code vect EE@@%@F@E@LQ#&

This |l oss of the total powen al ong the code

correlation line is termed the "correl ative®l oss" of OWer of the
remai ni ng signals which occurs when a first si gnal iis correJaLed.Mmih

its own code a

t I g cted fromthe total or
conposite si gnach J]iaénilll fﬁ??ehs {gén)al Qﬁ/\erznilq S eroyorta S SucPABss
woul d 25 occumorgtthamitwe coded einfprhatsionfs g 1svmare sgmead across

spreadi ng rati G:Hz i LAty adpdctNen WPPE afe Cfops::élr!Lular telephone

10

15

20

25

30

communications.

Each coded signal is used to modulate a RF
carrier using any one of a number of modulation
techniques, such as Quadrature Phase Shift Keying (QPSK).
Each modulated carrier is transmitted over an air
interface. At a radio receiver, such as a cellular base
station, all of the signals that overlap in the allocated
frequency bandwidth are received together. The
individually coded signals are added, as represented in
the signal graphs (a)-(c) of Fig. 3, to form a composite
signal waveform.

After demodulation of the received signal to
the appropriate baseband frequency, the decoding of the

composite signal takes place. Signal 1 may be decoded or

despread by multiplying the received composite signal in
the signal graph (c) with the unique code used originally
to modulate signal 1, as shown in the signal graph (d).
The resulting signal is analyzed to decide the polarity
(high or low, +1 or -1, "1" or Y0") of each information
bit period of the signal.

‘These decisions'may be made by taking an
average® or majority vote of the chip polarities during
one bit Périod. Such "hard decision" making processes
are acceptable as long as there is no signai ambiguity.
For example, during the first bit period in the signal
graph (f), the average chip value is +0.67 which readily
indicates a bit polarity +1. Similarly, during the
subsequent bit period, the average chip value is -1.33.
As a result the bit polarlty was most llkely a -1..
Finally, in the third bit period, the average is +0.80

1b

B



the correlation of each remaining signal's power, occurs upon

extraction of a prior, denodul ated signal. An attenpt to denodul ate
and extract R or nore signals, with 30 their respective codes spanning the
whol e R-di nensi onal space, would result in all vecf FRREED SEET

al | di mensi ons being renoved after extraction of t13ﬁﬁia ' §|3 I}

No signal would be left to denodul ate. The

2 4 JUL 1997

which indicates a bit polarity of +1. However, whenever
the average is zero, the majority vote or averaging test
fails to provide an acceptable polarity value.

In ambiguous situations, a "soft decision"

5 making process must be used to determine the bit
polarity. For example, an analog voltage proportional to
the received signal after despreading may be integrated
over the number of chip periods corresponding to a single
information bit. The sign or polarity of the net

10 integration result indicates that the bit value is a +1
or -1.

The decoding of signal 2, similar to that of
signal 1, is illustrated in the signal graphs (a)~-(d) of
Fig. 4. After decoding, there are no ambiguous bit

15 polarity situations.

Theoretically, this decoding scheme can be used
to decode every signal that makes up the composite
signal. Ideally, the contribution of unwanted,
interfering signals is minimized if the digital spreading

20 codes are orthogonal to the unwanted signals. Two codes
are orthogonal if exactly one half of their bits are
different. Unfortunately, only a certain number of
orthogonal codes exist for a finite word length. Another
problem is that orthogonality can be maintained only when

25 the reistive time alignment between two signals is
strictlymaintained. In communications environments
where portable radio units are moving constantly, such as
in cellular systems, time alignment is difficult to
achieve.

30 When code orthogonality cannot be guaranteed,
noise-based signals may interfere with the actual bit
sequences produced by different code generators, e.qg.,
the mobile telephone. In comparison with the. originally



- 24 - present invention allows nore than R overlapping signals
to be denodul ated by reducing the correl ation |oss. The
al

magni t ude of a denodul ated signal to be subtracted fr '
Si gnal may be based either 5 on the signal anplitude aft rH@Q&;W\S@EH
despreadi ng of the current information bit or on the kipnal anplitudel
of the previous information bit. The previous bit errbrii 24 JUbL AR bngi
the val ues of the other signals that nade up the conpgsiite signal wheh °
the previous bit was denpdul ated 10 and renpved. The prdsémt—TAvention
estimates the optinum amount of a decodéd <signal to beé subtracted by -
enpl oyi ng at | east several past anplitude neasurenents 1 n a

sequential estimation techpique, such as a Kalqu filter iﬁ%}ééﬂlbe

adapt ed to fol | REEHeS 1A PR FLFR JFOYever, the energy of th

signals is usually small. The term "processing gain" is

often used to compare relative signal energies.
Processing gain is defined as the ratio of the spreading
5 or coding bit rate to the underlying information bit
rate. Thus, the processing gain is essentially the
spreiding ratioc. The higher the coding bit rate, the
wider the information is spread and the greater the
spreading ratio. For example, a one kilobit per second
10 information rate used to modulate a one megabit per
second coding signal has processing gain of 1000:1.
Large processing gains reduce the chance of
decoding noise signals modulated using uncorrelated
codes. For example, processing gain is used in military
15 contexts to measure the suppression of hostile jamming
signals. In other environments, such as cellular
systems, processing gain refers to suppressing other,
friendly signals that are present on the same
communications channel with an uncorrelated code. In the
20 context of the present invention, noise includes both
hostile and friendly signals. 1In fact, noise is defined
as any other signals other than the signal of interest,
i.e., the signal to be decoded. Expanding the example
described .above, if a signal-to-interference ratio of
25 10:1 ;s.néquired, and the processing gain is 1000:1,
conventicnal CDMA systems have the capacity to allow up
to 101 siénals to share the same channel. During
decoding, 100 of the 101 signals are suppressed to
1/1000th of their original interfering power. The total
30 interference energy is thus 100/1000 or 1/10 as compared
to the desired information energy of one (1). With the
information signal energy ten times greater than the



15 " signal . In anot her preferred enbodi nent of the present
I nvention, signals are evaluated using "intelligent b

on orthogonal or bi-orthogonal bl ock codi ng of the

transmtted. In 20 orthogonal block coding, a nunber M &f REPL -
transmtted are converted to one of 2M available 2[err]-Rit orthogona
codewords. A set of codewords can be constructed as f OW%tJUl o

The trivial case M1l produces two, 2-bit words 25 =

00 W = 01 which is regand [ 2x2 bit
matrix 30 ML = 00 ., _

interference energy, the information signal may be
correlated accurately.

Together with the required signal-to-
interference ratio, the processing gain determines the

5 number of allowed overlapping signals in the sanme
channel. That this is still the conventional view of the
capacity limits of CDMA systems may be gleaned by
reading, for example, "On the Capacity of a Cellular CDMA
System," by Gilhousen, Jacobs, Viterbi, Weaver and

10 Wheatley, Trans. IEEE on Vehicular Technology, November
1990.

In contrast to the conventional view, an
important aspect of the present invention is the
recognition that the suppression of friendly CDMA signals

15 is not limited by the processing gain of the spread
spectrum demodulator as is the case with the suppression
of military type jamming signals. A large percentage of
the other signals included in a received, composite
signal are not unknown jamming signals or environmental

20 noise that cannot be correlated. Instead, most of the
hoise, as defined above, is known and is used to
facilitate decoding the signal of interest. The fact
that most of these noise signals are known, as are their
corresporfing codes, is used in the present invention to

25 improve system capacity and the accuracy of the signal
decoding process. _

Rather than simply decode each information
signal from the composite signal, the present invention
also removes each information signal from the composite

30 signal after it has been decoded. Those signals that
remain are decoded only from the residual of the
composite signal. Consequently, the existence of signal
transmissions in the cdmmﬁnications'chahnei from the



01 REPLACENMENT
SHEET - 25 - The case for
M=2 may be constructed by formng

already decoded signals do not interfere with the
decoding of other signals. For example, in Fig. 5, if
signal 2 has already been decoded as shown in the signal
graph (a), the coded form of signal 2 can be

S reconstructed as shown in the signal graphs (b) and (c)
and subtracted from the composite signal in the signal
graph (d) to leave coded signal 1 in the signal graph
(e). Signal 1 is recaptured easily by multiplying the
coded signal 1 with code 1 to reconstruct signal 1. It

10 1is significant that had the conventional CDMA decoding
method been unable to determine whether the polarity of
the information bit in the third bit period of signal 1
was a +1 or a -1 in the signal graph (f) of Fig. 3, the
decoding method of the present invention would

15 effectively resolve that ambiguity simply by removing
signal 2 from the compoéite signal.

Fig. 6 illustrates a conventional CDMA system.
Digital information 1 to be transmitted over an RF
communications channel is coded in a CDMA encoder 20.

20 The coded signal is used to modulate an RF carrier in a
mixer 22. The modulated carrier is transmitted over the
air interface via a transmitting antenna 24. Other
digital information from other transmitters (2...N) may
be tramsmitted in a similar fashion. A receiving antenna

25 26 of & radio receiver 25 receives a composite, RF signal
and demodulates the composite signal using another mixer
28. The desired signal is extracted from the composite
signal by multiplying the corresponding code used to
originally code the desired signal in the CDMA encoder 20

30 with the composite signal. In theory, only the

appropriate signal is correlated and reconstructed in a
decoder 34.



a 4x4 bit matrix M2 by neans of the follow ng recursion rel ation:

(Y% = ML ML and in general 5 : Nﬂ
ML . Mi +l) = | M M

These matrices are known as Wal sh-Hadanard 10 nmtrices. o FET
Decodi ng these orthogonal codes involves correlation w EﬁLAGEMﬁNJeSB
of the set of codewords. The binary index of the code dygrving the

hi ghest correlation yields the desired information. For}e azg% Ul %97

if a correlation of 16, 16-bit codewords nunmbered O to 15
hi ghest correlation on the tenth 16-bit codeword, the u
information is the 4-bit bi nary word 1&f

is al so

10

15

20

25

30

uces the

[oX

Llyi-ng—sigrat

0 (10 in binary). Such a code

A detailed embodiment of the decoder 34 .will
now be described in conjunction with Fig. 7. A
multiplicity of coded signals overlapping in the same
communications channel is received at the antenna 26 as a
composite, RF signal. The demodulator 28 converts the
received RF signal to a convenient frequency for
processing. Such a convenient frequency may, for
example, lie around zero frequency (DC), and the
composite signal may consist of complex factor components
having real and imaginary or I and Q components. A
first digital processing block 40 includes a first code
generator 32 set to match the code of the first signal to
be demodulated. While the specific code to be set by the
code generator 32 in the first data processing block 40
may be selected arbitrarily, in the preferred embodiment
of the present invention, the order in which the codes
are generated is based on signal strength. A signal
strength processor 29 monitors the-relative signal
strengths of each of the signals that make up the
composite signal. In the context of cellular systems, if
the mobile switching center (MSC) or the base stations
(BS) monitors the probable or actual signal strengths of
each mobile telephone communication, either the MSC or
the BS.may perform the tasks of the signal strength
proceggg;QQS.

It will be appreciated that signal strength can
be detected by the signal strength processor 29, or it
can be predicted based upon historical models of signal
strength. A function block diagram depicting a hardware
implementation for performing the functions 6f the signal
strength processor 29 will now be described in
conjunction with Fig. 8. It will be appreciated by those
skilled in the art that these functions could also be

|
;



térmed a [ 16,4] orthogonal block code and has a spreading 20 ratio R equal
to 16/ 4 = 4. I f the WAl sh-Hadamard matrices are augnent ed

usi ng the conpl enentary codewords, (all 16 bits are i nverted), one

further bit of information may be conveyed per codewor '
of information are conveyed 25 by transmtting one of 16
of their 16 conpl enents, providing a total choice of
of coding is known as bi-orthogonal coding. For higher

ratios, a [128,8] bi-orthogonal bl ock code may be used :
spreading ratio. Indeed, [256,9], 30 [5124%0L . ...... [ 3276 .. )
etc. bi-orthogonal bl ock codes may be used. :
correlative loss involved in the above- descri bed proc

follows. At eacihplahtdd@sing A\t aHISC oG i efitctoptidie dda: .
gr eat est correl,ﬁéogl

dtal composite signal received by the antenna 26 is
squared in multiplier 100, and integrated in an

integrator 106 over the number of chip periods in a bit

5 period. A bit clock signal determines the integration
interval. A square root circuit 107 determines the root
mean square (RMS) value of the composite signal over the
bit period.

At the same time, the residual signal is
10 received in a multiplier 102. The residual signal
comprises the total composite signal minus any prior
decoded signals. The residual signal is multiplied by a
spreading code generated by a local code generator 104 of
the signal to be decoded. The correlated output signal
15 from the multiplier 102 is also integrated over the same
bit period in an integrator 108, as controlled by the bit
clock signal. As described, for example, with respect to
the signal graphs (e) and (f) in Fig. 3, the average or
integrated voltage value over the integrated time period
20 may have a positive or a negative polarity. Thus, a bit
polarity decision device 110 detects the signal polarity
and transmits a signal to an absolute value device 114
which insures that the sign of the integrator 108 output
signal, delayed by a delay 112, is always positive. The
25 absolukis value device 114 may be, for example, an
invertor—ontrolled by the bit polarity decision device
1l10.
The absolute value of the average correlation
signal (B) is divided in a divider 116 by the square root
30 of the mean value of the total composite signal squared
(A?) for the same bit period to generate a normalized
value. In other words, the correlation strength of the
decoded ‘signal B is normalized by ‘dividing it by the



- 26 - Is set to zero, effectively renoving the signal just
decoded. Thus, for the case of a [128,7] code, 1/128 of t he power on

average is removed fromthe conposite signal. It is recalled that the
spreading ratio is 128/8 5 = 16. Therefore, the correlative |loss _is _anly
1/128 of {REPLACEMENT SHEET |
1
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total composite strength of the signal for that bit

period. The normalized correlation of the decoded signal
is accumulated in a signal averager 118 over a number of
bit periods to generate a relative mean strength for that
5 decoded signal. Due to multipath fading of the signal,
the actual number of bit periods should probébly be on
the order of about ten in order to determine an accurate
average signal strength of the demodulated signal. Each
local code is stored in a memory 120 along with its
10 associated average strength value. A sorter 122 compares
each of these average signal strength values and sorts
them from strongest to weakest. At that point, the
sorter 122 transmits the local spreading code of the
strongest signal to the local code generator 104 so that
15 the strongest signal is always demodulated and extracted
at the next data bit period. Lesser strength signals are
demodulated in order of signal strength as determined .by
the sorter 122. The sorter 122 functions may be readily
implemented by a microprocessor using a software sorting
20 progran.
Because the signal strengths of the multiple
mobile stations in a cell are constantly varYing, a
further embodiment of the present invention utilizes
linear predictive analysis (LPA) to reorder the signal
25 streng®h priority. In general terms, a historical model
of the relative signal strengths is stored in a memory
and used to extrapolate which signal is most likely to
have the greatest strength at the next instant in time.
LPA postulates that the next value of a waveform will be
30 a weighted sum of previous values with the weight
coefficients to be determined. The known Kalman filter
algorithm may be used to implement this analysis. In
this manner, the strongest Sigﬁal may be predicted



the total power (0.04dB) per decoded signal, conpared to 1/16 of the
total power for sinple spreading of the sane spreading ratio. By the
use of block coding or a simlar formof intelligent spread %
subtractive 10 denpdul ati on according to the present in eRERmGEHg@Tb%‘ ET
enpl oyed to decode and extract froma conposite signal a nunner

I nformati on-bearing signals that exceed the bandw dt
of the code, w thout encount eri ng excessive correl atijv
Usi ng nodul o-two addition, a scranbling code may be
code to insure that the coding is diffegent for each
scranbl i ng code may even change randomy from bl ock t :
addition of a scrambling code corresponds, in a Galois 20 field, to
appl yi ng an axi&ft&b&ﬁh@ny wilthostr hablinggtoodetuallynpebéoresanebivded by

modul o- 2 addi ng g%e%%kh%&t51gnaicﬁagghﬁﬂ%h%ﬁﬁfﬁ@aéﬁ Qﬂgngéne at the

receiver to allgn axeés once nore e co ewords of the
If the signal strength processor 29 determines

that the actual results of the decoding of the composite

I gnal .

5 signal and signal strength priority sequence is in error
because of an inaccurate prediction or because system
conditions have changed, the signal strength processor 29
reorders the code sequence to reflect the actual signal
strength order. Subéequently, the demodulation process

10 may be repeated to insure that the individually coded
signals of the composite signal are decoded in the order
of greatest to least signal strength. The repeated
process does not result in any loss of data or
interruption in traffic because the composite signal is

15 stored in a delay 50 in the processing block 40. The
delay S50 may be simply a memory device. Consequently,
the composite signal may be retrospectively reprocessed
once the optimum order of decoding is determined.

By correlating the output signal of the first

20 code generator 32 with the composite signal received at
the correlator 30, an individual signal corresponding to
the first code is extracted from the composite signal.
The correlated signal is filtered in a low pass filter 42
in order to reject interference generated by noise and

25 unrel&ted signals. Instead of the low pass filter 42, a
majority Vwate circuit or an integrate and dump circuit
may be used to reduce or despread the bandwidth or bit
rate of the correlated signal. The output signal
generated by the low pass filter 42 is processed further

30 in an error correction decoder 44 which finally reduces
the signal bandwidth or bit rate to the underlying
digital information. The decoded, information signal may



Wil sh- Hadamard matri x. 25 A significant feature of the present

I nvention I's that sinmultaneous correlation with all the orthogonal

bl ock codewords in a set may be perforned efficiently by means of the
Fast Wal sh Transform In the case of a [ 128,7) code for exa

I nput signal sanples are 30 transforned into a 128-poi e Mgnedﬁﬂiﬁh n
whi ch each point represents the value of the correl F

conposite signal with one codeword. Such a transform
descri bed bel ow.

...1'7_

undergo additional signal processing before it reaches
its final destination.

The error corrected output signal is also
applied to a recoder/remodulator 46 to reconstruct the

5 waveform of the signal just decoded. The purpose for
reconstructing/recoding the decoded signal is to remove
it from the composite signal in a subtractor 48. A delay
memory S0 stores the composite signal for the processing
time required to first decode and then reconstruct the

10 first decoded signal.

The residual compoéite signal, from which the
first signal has been decoded and subtracted, is passed
from the subtractor 48 to the input of a second digital
processing block 40’ similar to the first block 40. The

15 only difference between the two digital processing blocks
40 and 40’ is that the code generator 32’ is programmed
to match the code corresponding to a second signal to be
demodulated. In the preferred embodiment of the
invention, the second signal to be demodulated is the

20 signal having the next greatest signal strength. Those
skilled in thé art will recognize that the second signal
processing block 40’ may be implemented by recursive use
of the first signal processing block 40 in order to avoid
duplicwElry hardware. The second signal processing block

25 40’ profieces a second, decoded signal from the error
correction decoder 44’ and subtracts a reconstructed,
second signal from the delayed composite signal in a
subtractor 48’. The residual, composite signal, with two
signals now removed, is passed to a third stage of signal

30 processing and so on.

It will be appreciated that a key element of
the present invention is that the sequence of
demodulation and extraction of individual lnformatlon
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converted to a suitable,

converter
filtering

device 62 such as a 5
stage, an anplification stage,

Wth reference to Fig. 10, the conposite signal
froma radio transm ssion is received by way of an antenna 60 and

i nternedi ate frequency in a conventional

D

I nternmedi ate frequency output signal of the converter 62 p-s—F-trr-ttreT

anplified and filtered in an internediary frequency {anpl jf,i er.
VIR g

being applied to a 10 conventional analog-to-digital (A D

The

10

15

20

25

30

super het er odyne receiver_which_includes
and a m xi 1gREaquggMEﬂ‘h$HEET

6.
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signals is in the order of highest signal strength to
lowest signal strength. Initially, when the composite
signal includes many signals, the signal most likely to

be detected accurately is the signal having the greatest
signal strength. Weaker signals are less likely to

interfere with stronger signals. Once the strongest

signal is removed from the composite signal, the next
strongest signal may be readily detected without having
to account for the interference of the strongest signal.
In this fashion, even the weakest signal may be
accurately decoded. Because of this enhanced decoding

capability, the present invention performs satisfactorily

even with a significant increase in the number of users
typically handled in conventional CDMA systems. Thus,
increased capacity is achieved.

By

increasing the number of mobile accesses

over the same communications channel, a steady-state
level of activity is achieved in which the signal
strength processor 29 continuously determines the
relative instantaneous levels of all information signals
being processed. The ultimate capacity limit of this
system is reached when the power of a signal is exceeded
by the sum of the powers of all lower power signals by

more than the available processing gain (less any desired

signal~tw-~noise ratio). This limit, however, is
considerably more favorable than the conventional limit
which is reached when the sum of the power of all the
stronger signals exceeds the power of the weakest signal

by more than

In
distribution
distribution
Assuming use

the available processing gain.

estimating the capacity gain, the Rayleigh
is used as a representative signal level
in a cellular telephone environment.

of feedback powér control, the long-term



AFD converter 66 provides a nunerical output of conplex nunbers t hat
represent the instantaneous vector conponents of the internediate
frequency signal. This conversi on process may be acconplished by an
one of a 15 variety of techniques known to those skilled._ :
including correlating or mixing the IF signal with co 1ngLAGHMEﬁBC
(quadrature) reference signals to extract the Cant gs+ Ct or
conponents for separate digitization.
sequence of conplex nunbers from20 the A/ D converter
a buffer menory 68. Each bl ock of sanples collectedlin
nmenory 68 i s descranbl ed accordi ng t 3% “scranbling code provided by
a control and sequence unit 78. The descranbler 70 €5t he

scranbling code by either. inverting a signal 25 sanple,or not ordi,ng to
t he corresponoq’%ifo?Yr%%‘Fﬁl?i? aif SH"R Jsscr‘g}ficsﬁi{hg %%%%?qu%a%cfy’ U
descranbl ed sisignasl (dtrenfth power cexhintt=®riter] distr Hastioml Sdnetiorst or m
bl ock decoder 72 which generates the Wal sh spectrumfor the real 72a

P(A)dA = 2A exp(-A?)dA
where A is the signal amplitude. The total power P of a
5 large number N of such signals is simply N. If the
processing gain or spreading ratio is R, the signal-to-
interference ratio after despreading would be
approximately
S/I = A? R/N
10 for a conventional CDMA system. If S/I egquals 1, signals
of amplitude less than SQRT(N/R) would therefore not
reach zero dB (equal power ratio) with respect to the
interference after demodulation. If this is the
threshold for acceptable decoding, a certain number of
15 signals
1 - efNR
will not be decodable, and a certain number of signals
R

will be decodable. Thus, the maximum number of signals

20 that can be decoded is
N et¥®

When N is chosen to be equal to R, the number of

decoddbie signals becomes N/e. Thus, the loss due to the

signal strength distribution is a factor e. In practice,
25 it is doubtful that this capacity could be reached while

providing an adequate quality of service in a cellular

system, as those signals that were decodable at one

instant would belong to one set of mobiles and to another

set of mobiles at another instant. To ensure that every
30 mobile information signal is decodable 95% of the time,

for example, would entail a substantial loss in capacity.



and i magi nary 72b conponents of the conplex sanples. In 30 other words, a
nunber of val ues are generated representing the degree
bet ween t he conposite signal received and each of the
codewords. The signals whose axes were correctly aligned
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This further loss is the margin that must be built in to
the system capacity to allow for signal fading.
In the case of the present invention, however,
each signal suffers from interference only from those
5 having less than or equal amplitude. Those signals having
a higher signal strength or amplitude have been demodulated
first and removed.
The integral of all interference I up to an
amplitude A is given by
' 1-(1+A?) exp (-A?)
The signal-to-interference ratio S/I after despreading a
signal of amplitude A is thus

S = R A/ (1~(A’ +1)exp(-2?))
I N

10

15 Figure 9 is a plot of the function
A2/ (1-(A% + l)exp(-a?))

showing that it is never less than 5.8 4B (3.8:1 power
ratio), with the minimum occurring at a? = 1.79. The S/I
improves for signals having an amplitude larger than

20 (1.79) due to their greater power. 1In contrast with
conventional CDMA systems, the S/I in the present
invention, also improves for signals having an amplitude
smallgr than (1.79)!? because fewer unsubtracted,
interfering signals remain below this signal level.

25 Consequently, all signals are decodable
provided that

R/N > 1/3.8

- that is
' N < 3.8R
30 Compared to the conventional CDMA demodulator capacity
limit of

N < R/e (without fading margin)
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in the Galois field by the descranbling operation yield

one dom nant conponent in the WAl sh spectrum whose i ndex or address and
sign convey a certain nunber of bits. Each Wal sh transform conponent

identified by that 5 index such that in our exanple the 78t SHEET
HEPLRCYMENT SHEET

t he 128 conponents has an index of 78. Qther conponents

LS

spectrum are caused by noise and differently scranbl ed sj ghal s.

A conputation unit 74 receives the Fast Walsh 10 transform ow&&t\i\ﬂnww

|

conmponents and suns the squares of the real and inmagi nary ¢onponents of
each correl ation conponent. A conparLs?S processor 76 determ nes which
d

correl ati on conponent has the maxi num squa

magni t ude and sets.that

conponent to zero. The conparison 15 processor 76 may operate by conparing

pairs of

10

18

20

25

30

the invention has a capacity advantage of 3.87e which is
more than a tenfold increase. 1In addition, conventional
systems have a significant fading margin. In the present
invention, even the weakest, faded signals (at least with
regard to interference with other signals and neglecting
other noise sources), may be decoded accurately.
Accounting for the fading margin, the capacity increase
of the present invention is approximately 100 times
greater than conventional CDMA systems.

It should be noted that the system capacity is
limited only because of the possibility that the first
signals being processed may be the weaker rather than the
stronger signals. However, by taking advantage of the
storage of the composite signal in the delay memory 50
and the ability to reprocess the composite signal
retrospectively, a multiple-pass demodulation procedure
may be applied to the composite signal. Of course, this
procedure would only make a difference if the first pass
demodulation produced errors in the decoded signals.
Accordingly, redundant coding is preferably used to
indicate the ¢onfidence in a decoded signal result.

Based on that confidence code, the processing block 40
decides whether further passes will yield an improvement.
One weil Rknown redundant coding procedure for assigning a
confidene® value to a particular decoding result is the
majority Vote technique. For example, if five redundant
signals are compared and 4 or 5 have the same value, then
a high confidence value is assigned to the result. The
fewer signals that agree, the lower the confidence value.
If the confidence value is high, no further demodulation
passes are necessary. Conversely, a low confidence value
dictates that the signals.be resorted, and any signals

~ having a greater strength be removed.



correl ati on conponent magni tudes and passing the greater. of the two

val ues to further conparison stages, e.g., via a binary tree, so that
the | argest gl obal conponent val ue and its associ at ed_codeword-—ete—
generated at the 20 | ast stage. The conpa iREmeENEH'&sSﬂEE:FG
generates an index associ ated with the conponent havi{n est

magni tude to address and operate a correspondi ng switch 0&4;}@ rqqk;yl
bl ocki ng switches 80. Being bl ocked by 25 an open sw tch h &ESt
correl ati on conponent is effectively set to zero. Mehnhi e
remai ni ng correl ation conponents are transferred to &n inverse

Wal sh- Hadamard transformcircuit 82 havi?m?%éhl and lomgi nary sections
82a and 82b. After inverse 30 transformation, the sanples are rescranbl ed
in a rescranbler 8 | g e | o) [.OUS by
the descranbl er and retﬁ?ﬁg%gt%ﬁgh%§%é€¥€#é%g°€r#%ké#ﬁﬂg&g’%?%%ﬁ#%hﬁﬂ ation
| oop 86. Thus,codes reene niegcpbbedoknbtially in conjunction with Figs.

3-5, superior methods of spreading the spectrum of an

information signal may be achieved using error correction
S coding. When a single binary information bit at a time
is bandwidth expanded by a spreading ratio R to become a
pseudo~random sequence of R bits, the bandwidth is spread
without any error correction coding gain. As such, this
technique may be termed simple spreading. On the other
10 hand, spreading a block of M information bits at a time,
where M > 1, to a pseudo-~random sequence of M x R bits
provides error correction coding gain within the same
spreading factor. This latter technique is termed
intelligent spreading.
15 Simple spreading may be regarded as converting
an information signal as one of two possible coordinates
(-1) or (+1) in a one dimensional space, e.g., on a line,
into a signal that needs R dimensions to display it. A
coordinate in any R dimensions may have only two possible
20 values -1 or +1 (in Boolean notation 0 or 1). Such
spaces are known as Galois fields. Correlating a signal
with a code may be equated to finding its projection on a
vector from the origin through a point whose coordinates
are giwem by the bits of the code. Maximum correlation
25 or progecfion of the signal is achieved if the end point
of the signal vector and the code vector coincide.
Coincidence occurs when no angle exists between the
signal vector and the code vector. When a signal
consists of a sum of signals, one of which coincides with
30 the code, the others being at right angles to that code,
correlation of the signal with that code yields a
'complex, correlation product corresponding to the desired
sighal'dequulated. The'othér siqhais do'ﬁot contribute



- 29 - the conposite signal generated by the rescranbler 84
represents the original conposite signal mnus the just decoded si gnal

L
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. to the resulting magnitude of the correlation product
because they have zero projection on the correlation line
I+3Q.

More generally, a sum of randomly coded signals
S may include one signal which coincides with a correlation
code, the others having random projections on the code
correlation line or vector. If the total length sguared
of any one of these other signals is, by Pythagoras,
al? + a2? + a3?, . . . .where al, a2, a3. . . .
10 are the projections on a number of different vectors or
axes, then on average 1/R of the total squared length (or
power) appears in any one dimension. Upon correlating
with the first signal’s code and subtracting a
corresponding amount of the code vector, the residual
15 signal has a zero projection along the code vector.
Essentially, the signal has been projected onto a plane
or subspace of R-1 dimensions, with 1/R of its power
lying along the code correlation line having disappeared.
This loss of the total power along the code
20 correlation line is termed the "“correlative loss" of
power of the remaining signals which occurs when a first
signal is correlated with its own code and that first
signal is subtracted from the total or composite signal.
If the smignals were all orthogonal, no such loss would
25 occur. ®Eherwise, an average loss of 1/R, where the
spreading ratio R is essentially the number of chips in
the correlation of each remaining signal’s power, occurs
upon extraction of a prior, demodulated signal. An
attempt to demodulate and extract R or more signals, with
30 their respective codes spanning the whole R-dimensional
space, would result in all vector components in all
dimensions being removed after extraction of the Rth
signal. No signal would be left to demodulate. The '



The™ magni tude of each correlated signal's 5 representative signal strength

Is stored in the control and sequencing unit 78 al ong g=th—ttS ;
correspondi ng scranbling code and transformation inde REPLAGEMENT, SH
codes, therefore, are used in the preferred enbodi nent as an efficient
nmet hod of nonitoring and ordering the signal 10 strengthsiof tdg MAr1997s
I nformation signals.in the conposite signal. As descripefl in detail
above, before (and during) the denodul ati on process, tjeteentrot—ard
sequencing unit 78 orders the scranbling codes from gr ¢atest to weakest

Tf

based on the relative signal strength 15— &% their corresponarng correlated

signal nmagni tudes. As a result, after each signal denodul ati on and

extraction, the scranbling code haviqg h%lnext reat est, magnitude is
X

t
transmitted to RFRSHRSHFARBPEIOHAFOWE MEOTRXENAD ghAVer ARt FigahF 20
The conposite stgrise, demddubated Shy deeddeing the stamadlatdmyvadsaccording to

the subtractive principIeTgé magnitude of a demodulated signal to be
subtracted from the composite signal may be based either
5 on the signal amplitude after correlative despreading of

the current information bit or on the signal amplitude of
the previous information bit. The previous bit error is
based on the values of the other signals that made up the
composite signal when the previous bit was demodulated

10 and removed. The present invention estimates the optimum
amount of a decoded signal to be subtracted by employing
at least several past amplitude measurements in a
sequential estimation technique, such as a Kalman filter,
which can be adapted to follow the fading pattern of a

15 signal.

In another preferred embodiment of the present
invention, signals are evaluated using "intelligent
spreading” based on orthogonal or bi-orthogonal block
coding of the information to be transmitted. In

20 orthogonal block coding, a number M of bits to be
transmitted are converted to one of 2M available 2M-bit
orthogonal codewords. A set of codewords can be
constructed as. follows:

The trivial case M=1 produces two, 2-bit words

25 “WO = o0

Wi = 01
which is regarded as a 2x2 bit matrix
30

Ml = 00

1



the invention, is descranbled again using a descranbl ed code of a

second signal to be decoded and transmtted to a second. East Wal sh
transformoperation for decoding, and 25 so on. As described previously
the order in which signals are decoded and subtracteEdg

. EBrAL GMEET
nmeans i s governed by the order of use of the descr )

which in the preferred enbodinent is in descendi ng order of the

predi cted strengths of their corresponding 30 informati siMalLﬁ.. 99hi k
process is repeated a nunber of tinmes to decode a nu r of signa

Wth any subtractive signal extraction progess ther¢ isalimt to th

accuracy with which a decoded -

The case for M=2 may be constructed by forming
a 4%X4 bit matrix M2 by means of the following recursion

relation:
M2 = M1 M1 and in general
5 M1l M1l
M(i+1) = Mi Mi
Mi Mi

These matrices are known as Walsh-Hadamard
10 matrices. |

Decoding these orthogonal codes involves
correlation with all members of the set of codewords.

The binary index of the codeword giving the highest

correlation yields the desired information. For example,
is if a correlation of 16, 16-~bit codewords numbered 0 to 15

produces the highest correlation on the tenth 16-bit

codeword, the underlying signal information is the 4-bit

binary word 1010 (10 in binary). Such a code is also

termed a [16,4] orthogonal block code and has a spreading
20 ratio R equal to 16/4 = 4.

If the Walsh~Hadamard matrices are augmented
using the complementary codewords, (all 16 bits are
inverted), one further bit of information may be conveyed
per codeword. Thus, 5 bits of information are conveyed

25 by tramsmitting one of 16 codewords or one of their 16
complemer®s, providing a total choice of 32. This type
of coding is known as bi-orthogonal coding. For higher
spreading ratios, a [128,8] bi-orthogonal block code may
be used, having a 16:1 spreading ratio. Indeed, [256,9],

30 {512,103}, ...... [32768,16])... etc. bi-orthogonal block
codes may be used.

The correlative loss involved in the above-
described process is as follows. At each stage, the
Walsh spectruh cbmponént having the greétést corfelétion,



“30 - signal may be subtracted, and therefore, alimt to the
anount that signal nay be suppressed. The residual conmponent, i.e., the
decodi ng error, represents an i nterference floor that
subsequent 5 denodul ati on of weaker signals. Spurious co rgEP[t_AOQWNT SHEET
with other, overlapping signals yet to be decoded al so $t-OtES ( O
t he magni tude of the residual conponent. As a result, | 594 3UL 1997
particul ar transform conponent nay
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is set to zero, effectively removing the signal just
decoded. Thus, for the case of a [128,7] code, 1/128 of
the power on average is removed from the composite
signal. It is recalled that the spreading ratio is 128/8
5 = 16. Therefore, the correlative loss is only 1/128 of
the total power (0.04dB) per decoded signal, compared
to 1/16 of the total power for simple spreading of the
same spreading ratio. By the use of block coding or a
similar form of intelligent spreading, the subtractive

10 demodulation according to the present invention may be
employed to decode and extract from a composite signal a
number of information-bearing signals that exceed the
bandwidth expansion ratio of the code, without
encountering excessive correlative loss.

15 Using modulo-two addition, a scrambling code
may be added to the block code to insure that the coding
is different for each signal. The scrambling code may
even change randomly from block to block. Modulo=-2
addition of a scramblind code corresponds, in a Galois

20 field, to applying an axis rotation. The scrambling code
may be descrambled by modulo-2 adding the correct
scrambling code a second time at the receiver to align
the axes once more with the codewords of the
Walsh~Hadamard matrix.

25 A significant feature of the present invention
is that-simultaneous correlation with all the orthogonal
block codewords in a set may be performed efficiently by
means of the Fast Walsh Transform. In the case of a
{128,7] code for example, 128 input signal samples are

30 transformed into a 128-point Walsh spectrum in which each
point represents the value of the correlation of the
composite signal with one codeword. Such a transform
process will be described below. -



cause an undershoot or overshoot of the anpbunt of the 10 transform
conponent subtracted. In a sinplified exanple, assune the transform or
correl ation conponent magnitude corresponding to a cod

coded information signal 1 is X However, because spurﬁ
Y ari se fromother, non-orthogonal coded signals, the t
correlation is X + Y. Extracting the total correlation

by setting this transform conponent to zero causes an ekror
conpared to renoving only t he actual signal conponent X} This—e
(-Y) times the codeword translates as a residual interfgrence 20
conponent or error signal that hinders the23ubsequent d Mg O
weaker signal s. The mat hermatical termfor renoving a portion
or a conponent of a signal that correlates wth particular .
codeword ts called orthoﬁbﬁ%l?? ?¥6ﬂcﬁdgﬁ ?égpeﬁﬁ'tBg?hﬁ?mﬁgslgﬁdﬁhﬁ?ﬁ%
The foll ow ng fabheantradib tnahgmissappl issreceivedabyewayhofioanl i zed »

process of theaRESﬁﬁQt65n¥ﬁ&tégﬂv&@€E§ to a suitable, intermediate
frequency in a conventional converter device 62 such as a

5 superheterodyne receiver which includes a filtering
stage, an amplification stage, and a mixing stage. The
intermediate frequency output signal of the converter 62
is further amplified and filtered in an intermediary
frequency amplifier 64 before being applied to a

10 conventional analog-to-digital (A/D) converter 66. The
A/D converter 66 provides a numerical output of complex
numbers that represent the instantaneous vector
components of the intermediate frequency signal. This
conversion process may be accomplished by any one of a

15 variety of techniques known to those skilled in the art
including correlating or mixing the IF signal with cosine
and sine (quadrature) reference signals to extract the
cartesian vector components for separate digitization.

Samples of the sequence of complex numbers fron

20 the A/D conwverter 66 are collected in a buffer memory 68.
Each block of “samples collected in the buffer memory 68
is descrambled according to a scrambling code provided by
a control and sequence unit 78. The descrambler 70
remove® the scrambling code by either inverting a signal

25 samplé or not accordihg to the corresponding bit polarity
of the scrambling code. The descrambled signals (1...N)
are transferred to a Fast Walsh transform block decoder
72 which generates the Walsh spectrum for the real 72a
and imaginary 72b components of the complex samples. In

30 other words, a number of values are generated
representing the degree of correlation between the
composite signal received and each of the orthogonal

codewords. The signals whose axes were Cofrectly aligned



residual interference or error conponents are renoved. If G
represents a scranbl ed, orthogonal codeword set, G (k) is the k'th

codeword of that set. 30 Since the codewords are orthogona

t Aought of
codeword. C (k)

10

15

20

25

30

as a set of nutually perpendicular axes w
| ying al ong a single axis k.
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in the Galois field by the descrambling operation yield
one dominant component in the Walsh spectrum whose index
or address and sign convey a certain number of bits.
Each Walsh transform component is identified by that
index such that in our example the 78th component of the
128 components has an index of 78. Other components of
the spectrum are caused by noise and differently
scrambled signals.

A computation unit 74 receives the Fast Walsh
transform correlation components and sums the squares of
the real and imaginary components of each correlation
component. A comparison processor 76 determines which
correlation component has the maximum squared magnitude
and sets that component to zero. The comparison
processor 76 may operate by comparing pairs of
correlation component magnitudes and passing the greater
of the two values to further comparison stages,; e.g.,
via a binary tree, so that the largest global component
value and its associated codeword are generated at the
last stage.

The comparison processor 76 generates an index
associated with the component having the greatest
magnitude to address and operate a corresponding switch
of the mEtiple blocking switches 80. Being blocked by
an open switch, the largest correlation component ‘is
effectively. set to zero. Meanwhile, the remaining
correlation components are transferred to an inverse
Walsh-Hadamard transform circuit 82 having real and
imaginary sections 82a and 82b. After inverse
transformatidn, the samples are rescrambled in a
rescrambler 84 using the scrambling code previously used
by the descrambler and returned to the buffer 68 through - .
a recirculation lodp 86. Thus, the remaining portion of



-+31 - C (0) is designated as the codeword transmtted

for signal nunmber i. If signal i has anplitude ai, then the conposite
signal radiated by the base station is: S1 = alCl
a2C2(0) + a3C3(0) . . . . . . . 5 To denodul ate t hg ]

(S1), each of the codewords Cl1(k) is correlated w hREPLAG A
series of correl ation conponents: ri(k) {\=1 1(0).CL(k)]

a2[C2(0).CL(k)] + op "
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the composite signal generated by the rescrambler 84
represents the original composite signal minus the just
decoded signal.
The magnitude of each correlated signal’s

5 representative signal strength is stored in the control
and sequencing unit 78 along with its corresponding
scrambling code and transformation index. The scrambling
codes, therefore, are used in the preferred embodiment as
an efficient method of monitoring and ordering the signal

10 strengths of the various information signals in the
composite signal. As described in detail above, before
(and during) the demcdulation process, the control and
sequencing unit 78 orders the scrambling codes from
greatest to weakest based on the relative signal strength

15 of their corresponding correlated signal magnitudes. As
a result, after each signal demodulation and extraction,
the scrambling code having the next greatest magnitude is
transmitted to the descrambler 70 for the next signal
demodulation.

20 The composite signal, with a first decoded
signal removed according to the subtractive principle of
the invention, is descrambled again using a descrambled
code of a second signal to be decoded and transmitted to
a second  Fast Walsh transform operation for decoding, and

25 SO One gé described previously, the order in which
signals _are decoded and subtracted by the above means is
governed by-the order of use of the descrambling codes,
which in the preferred embodiment is in descéhding order
of the predicted strengths of their corresponding

30 information signals. This process is repeated a number
‘of times to decode a number of signals.

With any subtractive signal extraction process
‘there is a limit to the accuracy with which a decoded



a3[C3(0).A (k)] . . . 10 where a dot "." between two codewor ds, e.g.

C1(0).C1(k), - denotes the dot product. The codewords are assuned
normal i zed so that the dot product of a codeword with
i.e., C1(0O).C1(0)=1 15 and cuoy@g@lsmmmif
equal to O meaning that C1(0) and Cl(k) are orthogon
ri(-0) = al + a2[C2(0).C1(0)] + a3[C3(0) .C1(0)] + ...
ri(k) = az2[C2(0).d (k)] + a3[C3(0).C1(k)] +
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signal may be subtracted, and therefore, a limit to the
amount that signal may be suppressed. The residual
component, i.e., the decoding error, represents an
interference floor that may hinder the subsequent
S demodulation of weaker signals. Spurious correlations
with other, overlapping signals yet to be decoded also
contributes to the magnitude of the residual component.
As a result, zeroing a particular transform component may
cause an undershoot or overshoot of the amount of the
10 transform component subtracted. In a simplified example,
assume the transform or correlation component magnitude
corresponding to a codeword Cl1 for coded information
signal 1 is X. However, because spurious correlations Y
arise from other, non-orthogonal coded signals, the total
15 correlation is X + Y. Extracting the total correlation
for codeword Cl by setting this transform component to
zero causes an error of -Y (Cl) compared to removing only
the actual signal component X. This error of (-Y) times
the codeword translates as a residual interference
20 component or error signal that hinders the subsequent
decoding of weaker signals.
The mathematical term for removing a portion or
a component of a signal that correlates with a particular
codewoxrd ts called orthogonalization with respect to that
25 codewordd. The following mathematical analysis applies to
a reorthogonalized process of the present invention where
residual interference or error components are removed.
If Ci represents a scrambled, orthogonal
codeword set, Ci(k) is the k’th codeword of that set.
30 Since the codewords are orthogonal, Ci can be thought of
as a set of mutually perpendicular axes with a particular
codeword Ci(k) lying along a single axis k.



for k not zero.

Assum ng that r1(0) is the |argest conponent and

»*
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Ci(0) is designated as the codeword transmitted
for signal number i. If signal i has amplitude ai, then
the composite signal radiated by the base station is:

S1 = alCi(0) + a2C2(0) + a3C3(o0) . . . .

To demodulate the composite signal (S1), each of the
codewords Cl(k) is correlated with S1 to obtain a series
of correlation components:

ri(k) = al[C1(0).Cl(k)] + a2{C2(0).C1(k)] +
a3[C3(0).C1(k)] . . -

where a dot "." between two codewords, e.g., C1(0).cC1l(k),
denotes the dot product. The codewords are assumed
normalized so that the dot product of a codeword with
itself is unity, i.e.,

C1(0).C1L(0)=1
and C1(0).C1l(k)=0, k not equal to 0 meaning that
Ci1(0) and Ci(k) are orthogonal.

Therefore
ri(@} = al + a2[C2(0).C1(0)] + a3{C3(0).C1(0)] + ...
and
ri(k) =. a2[C2(0).Cl(k)] + a3[C3(0).CL(K)] + oo«
for k not zero.



subtracting r1(0)C1(0) fromthe original conposite signal S1 results in

a renmai ni ng conposite signal S2: S2 =
a2[C2(0) [C2(0).C1(0)]C1(0)] 5 +a3[ C3(0) - [ C3(0) CﬂEFU\bEMEW]SHEET‘
................. At this point, the ratio]ot—he
de5|red to- undesi red conponents of the first Wal sh Trangfo a
the order of 10 SNR1l = al , Where SNR isithe ézgﬁg'
az2[ C2(0) .C1(k)] noi se ratio. The cross-correl ation bdtJyeen two...
di fferent codewords C2 and Cl is, in the ideal case, or| t he order
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Assuming that r1(0) is the largest component and
subtracting ri1(0)Cc1(0) from the original composite signal
S1 results in a remaining composite signal S2:

S2 = a2(C2(0)-[C2(0).C1(0)]1C1(0)]
5 . +a3[C3(0)~[C3(0).C1(0)]C1(0)]

At this point, the ratio of the desired-to-
undesired components of the first Walsh Transform is on
the order of

10 SNR1 = al , where SNR is the signal-to-

a2[{C2(0).C1(k)]

noise ratio. The cross-correlation between two different
codewords €2 and Cl1 is, in the ideal case, on the order
of [1/root(N)] where N is the length of the codeword.

15 Therefore, SNR1, being on the order [al.root(N)/a2],
improves as the ratio of al-to-a2 is increased. Because
the components proportional to al have all been extracted
from S2, the quality of later demodulations is
independent of the strength of the first signal. On the

20 other hand, a component along the axis C1(0) remains,
albeigrp;gportional to the magnitudes a2, a3, etc., and
not a;; due to the erroneous quantities of C1(0) having
been subtracted.

To demodulate the second signal, S2 is

25 correlated with C2(k) giving:

r2(0) = a2[1-{C2(0).C1(0)]?)
+a3[C3(0).C2(0)-[C3(0).C1(0)]([CL(0).C2(0)]]

ccccccccccccccccc



of»[i/root(hb] where Nis the length of the codeword. 15 Therefore, SNRI,

being on the order [al.root(N)/a?], | nproves as the ratio of al-to-a2__.
i s increased. Because t he conponents proportional to

exfracted fromS2, the quality of |ater denodul ations é‘tﬂ&"ﬁ‘hémbgﬁ\&‘r \
I ndependent of the strength of the first signal. On the 20 Y ofher hand, a '
conponent along the axis C1(0) remains, al beit proport 01a|24QH_I‘.he"
magni t udes a2, a3, etc., and not al, due to the errone ui guantities

of C1(0) having been subtract ed. To demdd 1 he

second signal, S2 is 25 <correlated wwth C2(k) giving: r2(0) =

az2[1-[ C2(0). C1(0)][err]] 3 -
+a3[ C3(0) . C2(0) - [ C3(0) . CL(0) 1 [ CL(0). C2(0)1T

r2(k) = a2[C2(0).C1(0)][C1(0).C2(k)]
+a3{C3(0).C2(k)-[C3(0).C1(0)][CL(0).C2(k)]])

The signal-to-noise ratio for the second demodulation is,

5 if a2 is much larger than a3, approximately equal to:

SNR2 = 1 = of the order of N

[C2(0).C1(0)][C1(0).C2(K)]

If a3 is comparable to a2, however, then SNR2 would be on
the order of root(N) instead. Subtracting r2(0) times
10 C2(0) from S2 results in a modified composite signal:

S3 = a2[(C2(0).C1(0))%c2(0) - (C2(0).C1(0)) C1(0)]
+a3([C3(0)=(C3(0).C1(0))C1(0)+(C3(0).C1(0)) (CL(0).
€2(0))C2(0)] '

When S3 is correlated with €3(0), the desired signal
15 component will approximate a3, but the residual '
interference components are principally from the term

a2[C2(0).C1(0)])[C1(0).C3(k)] = a2/N approx

The interference to signal 3 is proportional to a larger
signal, a2, and principally due to a residual code

20 component of C1(0) from two subtractions earlier.
Because this residual error signal persists even after
extraction of further signals, it is increasingly more
troublesome when decoding weaker signals.

The present invention removes this re51dual
25 component error at perlodic stages by a second



- 33 - r2(k) = a2[ C2(0).CL(0)][CL(O . C2(k)]
+a3[ C3(0). C2(k)-[ C3(0). CL(0)][d (0). C2(k)]]
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orthogonalization defined as a reorthogonalization with
respect to the codeword C1(0). This reorthogonalization
® is easily accomplished because C1(0) is already known
from the first demodulation.
5 After reorthogonalization with respect to
C1(0), the a2 term is defined as:

a2[(C2(0).C1(0))23C2(0) - (C2(0).C1(0))3C1(0)]

The term along the C1(0) axis has been reduced by about
the factor N, e.g., 42dB for N=128. The terms in C1(0)

10 with amplitude a3 are also reduced, and the dominant
interference is now along the axis C2(0).

Figure 11 illustrates a flow chart diagram that
may be used to implement the present invention using the
function block diagram of the hardware depicted in Fig.

15 10. Input signal samples of the composite signal are
stored in the input buffer 68 and are received by a first
signal extraction stage 101 for decoding and extracting
the coded information signal having the greatest signal
strength. The scrambling code 1 of that strongest signal

20 to be decoded is used to descramble the composite signal
in block 102. The Fast Walsh Transform is performed in
block +84, and the largest transform component is
determ#neé in block 106. The index I, of that component
is stored ‘in the control and sequence unit 78 for

25 possible use in a subsequent reorthogonalization stage.

With that signal extracted, the remaining
signal undergoes an inverse Walsh transform in block 108
and is rescrambled in block 110 using the same scrambling
code used in block 102. A second signal extraction stage

30 112 receives the remaining composite signal, and the

' ‘index I, corresponding to the second strongest signal




The signal -to-noise ratio for the second denodul ation is, 5 if a2 is nuch

| arger than a3, approximtely equal to: SNR2= . t
=of the order of N [C2(0). C1(0)][CL(0). C2(k) ]V REPLACEMENE SHEET
conparabl e to a2, however, then SNR2 woul d be on t he ofd Oof root (N)
instead. Subtracting r2(0) times 10 C2(0) from S2 results}i @ogu ey
gg?gfflte si gnal : S3 = az[(C2(0).C1(0))[err]C2(0) -\ ?%),Cl(O))
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extracted is stored. A number of other signals may also
be iteratively extracted according to this procedure
until signal extraction stage J in block 114 where the
residual error generated by the signal extraction in
5 signal extraction stage 1 becomes potentially

troublesome. At that point, a first reorthogonalization
with index I, is performed in a first reothogonalization
stage 120. The remaining composite signal is again
descrambled with scrambling code 1 in block 121. The

10 descrambled signal undergoes a Fast Walsh transform in
block 122, and the component corresponding to I, is set to
zero in Step 124. In Fig. 10, this Index I, is
transmitted to the transformer 72 along with the
associated scrambling code 1. Thus, the residual error

15 component at I, generated during the signal extraction at
stage 1 is easily identified and removed by setting the
component at I, to zero. The remaining components undergo
an inverse Fast Walsh transform in block 126 and
rescrambling with the scrambling code 1 in block 128.

20 Having reduced the residual interference or
error, one or-more further signals J+1 may now be decoded
in signal extraction stages 130 until the residual error
or interference caused by the decoding of the signal in
the seceand stage 112 becones troublesome. A second

25 reorthegonalization stage is then performed with the
index I, in block 132. This process continues until all
of the signals have been satisfactorily decoded.

Reorthogonalization may be applied periodically
or whenever the signal-to-interference ratio becomes

30 marginal for decoding a particular signal. For purposes
of the present invention, the term periodically also
includes the situation where only one reorthogonalization




+a3[ C3(0)-(C3(0).C1(0))C1L(0)+(C3(0).C1(0))(C1(0). C2(0))C2(0)]
Wien S3 is correlated wth C3(0), the desired signal 15 conponent w ||

approxi mate a3, but the residual i nterference conponents are
principally fromthe term az2[C2(0).CL(O) ][ C1e

appr ox The interference to signal 3 is proportion

signal, a2, and principally due to a residual code 20 <c onent of CI1(0)
fromtwo subtractions earlier. Because this residualj qrrpa uyEy
persi sts even after extraction of further signals, IS increasingly

nor e troubl esome when decodi ng weaker,signal s.

stage is necessary. One way of determining a marginal
signal-to-interference ratio, for example, is by
comparing the magnitude of the largest correlation with
that of the second largest. If the difference between

5 the two is too small to preclude a decoding error,
reorthogonalization with respect to a previously decoded
signal is required.

Another method of implementing the

reorthogonalization principles of the present invention

10 takes advantage of the fact that the codewords for
reorthogonalization are already known. When decoding the
composite signal to extract one information signal, a
Fast Walsh Transform correlates the composite signal
using all of the codewords, e.g., all 128 codewords. The

15 reorthogonalization procedure requires that the samples
be correlated with only a single, previously decoded
codeword having an associated index, e.g., I,. Assuming a
{128, 7] block code, buffer samples (S;, S;, ... S;x), and
the bits of a specific codeword CW; (b;, by, ... by

20 corresponding to the index I,, the correlation C with that
codeword CW, is

c= bl Sl + b-)Sq + ] £ 3 + blzsglu

128

The magritude of that correlation C is subtracted from

25 the buffer samples leaving sample values S; - b,C; §, -
b,C; ...S;3 = b;yC in the buffer. Consequently, the sample
values in the sample buffer 68 may be correlated using
one reorthogonization codeword simply by adding or
subtracting the buffer samples with the corresponding

30 bits of the codeword, dividing the result by codelength
(e.g., 128 bits) which is simply a bitshift when the
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orthogonal i zati on defined as a reorthogonalization with
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codelength is a power of two, and then adding or
subtracting the result to the original buffer samples
again according to the polarity of corresponding codeword
bits. Thus, reothorganalization may be performed without
executing a Fast Walsh Transform and an inverse Fast
Walsh Transform; only subtraction and addition need be
used.

If reorthogonalization with respect to previous
codewords (e.g. CW1l, CW2,...) is required, and CWl
and CW2 are not orthogonal themselves, then
reorthogonalization according to.this method initially
does not yield a result orthogonal to both codewords.
Nevertheless, the desired result may be achieved by
alternately repeating the reorthogonalization with CWl
and CW2. In practice, it is unlikely that repetition
would be needed within one reorthogonalization step.
Rather, additional reorthogonalization with those same
codewords would likely be deferred until after the
extraction of further signals.

With regard to the hardware described
previously in. Fig. 10, the descrambler 70, orthogonal
transformers 72, blocking switches 80, inverse
transformers 82, rescrambler 84, sum-of-squares unit 74,
comparisen processor 76, and control and sequence unit 78
may be -implemented by parallel processing digital logic
which may be constructed as a special purpose integrated
circuit. However, those skilled in the art will
recognize that the present invention may also be
practiced using one or more microprocessors having
software programs which implement the present invention
as described for example with respect to Figs. 10 and 11.

In the context of mobile radio telephones in
cellular systems, diffefent signals ofiginate from

LACEMENT SHEET

i nvention renoves this residual 25 conponent error at periodic




réspect to the codeword C1(0). This reorthogonalization is easily

acconpl i shed because C1(0) is already known fromthe first
denodul ation. 5 After reorthogonalization with respect
C1(0), the a2 termis defined as: : az2[ (C2(0).
(C2(0).C1(0))[err]C1(0)] The term al ong the C1(0) \a

reduced by about the factor N, e.g., 42dB for N=128.
C1(0) 10 with anplitude a3 are al so reduced, and the d
interference is now along the axis C2(0).

illustrates a flow chart diagramthat may be used to
present invention using the functi omr R ck diagramo
depicted in Fig. 15 10. Input signal sanples of the co

Oslte signal are

different mobile stations located at different distances
from a base station. As a result, multiple bursts of
codewords relating to one signal are not necessarily
time~aligned at the receiver. This disparity in time-

5 alignment may be overcome if after each decoding stage,
the residual signals in the composite signal are
converted back to a serial stream of samples. Prior to
processing a new, next signal, that serial stream of
samples is combined with the new signal sample and

10 converted into parallel format using the block timing
appropriate to the next signal. These tasks may be
performed entirely by appropriate address and data
manipulations within a buffer memory included in the
digital signal processing block.

15 A typical propagation path between mobile radio
telephones and a base station receiver consists not only
of a shortest, line~of-sight path but also a number of
delayed paths or echoes due to reflection from mountains,
tall buildings, etc. In many dense urban environments,

20 the propagation path may consist only of such echoes.

Any direct path, if present, may be too difficult to
identify. If the total delay between propagation paths
is small compared to the reciprocal bandwidth of the
signal;-fa&ding results because of the multiple paths

25 adding sometimes constructively and sometimes
destructively. However, the signal may be successfully
demodulated by assuming that only a single wave exists.
On the other hand, a signal having path delays that are
large compared with the reciprocal bandwidth;(l/bandwidth

30 in hertz) must be treated as having primary and secondary
waves. It is usually possible, however, to express the
total sxgnal as ‘the sum of a finite number of paths
delayed by multlples of the bit perlod ' Each path may be



stored in the input buffer 68 and are received by a first si gnal

extraction stage 101 for decoding and extracting the coded information
si gnal having the greatest signal strength. The scr ! i
that strongest signal 20 to be decoded is used to descRa PEAN%Mﬁ o) ite
si gnal in block 102. The Fast Wal sh Transformis pqr .
bl ock 10 and the | argest transform conponent is deter ﬁﬁg mﬂﬁck
106. The index I[err] of that conponent is stored |n\t control and
sequence unit 78 for 25 possible use in a subsequent regr ~zat’i on
st age. Wth that signal extracted, the renaining si gna
undergoes an inverse Wal sh transformin bl otk 108 a ' &fambl ed
in block 110 using the sanme scranbling code used in block 102. A
second signal extt I_an 2 | nposite
signal, and theékf%%k g b§t? e%%ggfﬁésagﬁgghﬁﬁé %?ﬁlﬁggggﬁdﬁg?%gngest

si gnal rotation due to fractlonal bit-period delays.

To compensate for this situation, the present

invention employs a type of a conventional decoder known
5 as a RAKE receiver to integrate information from multiple

bit~-period delayed paths. The RAKE receiver correlates
the despreading code with the current signal samples as
well as the signal samples delayed by one bit period, the
signal samples delayed by two bit periods, etc., and

10 combines the correlation results before determining the
information content of the signal.

In situations where echoes accompany the direct
radio wave, overlapping copies of the composite signal
may be received and delayed by one or more bit periods.

15 The reorthogonalization process of the present invention
not only removes the energy of these echoes but also
employs that echo energy in decoding the composite
signal. An excess number of samples greater than N, e.q.
dN, is collected in the buffer 68. For example, N may be

20 128 and dN may be 5. The extra number of samples dN is
selected so that dN bit periods span the anticipated
range of delayed echoes. The Fast Walsh Transform is
performed for AN shifts of the (N+dN) samples in the
buffer-#8; and the resulting transform components are

25 stored ##:N individual sum-of-squares registers 74 to
determinme—the index of the component having the largest
sum-of-squares. The appropriate blocking switch 80
blocks the largest component; the inverse transform 82
and rescrambler 84 are activated; and the rescrambled

30 output is recirculated to the buffer 68. The buffer 68
contents are shifted backwards, and the subtractive
demodulation process is repeated for each of dN shifts.

" The control and sequence unit 78 determlnes for each



35 extracted is stored. A nunber of other signals may al so be
iteratively extracted according to this procedure until signal
extraction stage J in block 114 where the resi dual error generated
the signal extraction in 5 signal extraction stage 1 beecesres
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shift whether the echo removal process should be
performed. For example, the echo elimination process may
be performed only on shifts 1, 3, and 5 because the
sequence unit 78 determines that no significant echo
5 energy exists at those shifts. For this process, a non-
coherent RAKE decoder may be used with the significant
echo shifts being identified by the non-zero RAKE taps.
When echoes corresponding to different shifts
of the (N + dN) buffer samples are removed from the
10 composite signal using reorthogonalization, the echo
signals are removed preferably in order of signal
strength. That echo having the strongest signal strength
is removed first with echoes of decreasing strength being
removed subsequently. In this way, the influence of
15 stronger echo signals is removed, and weaker information
signals which experience interference from strong echoes
may be decoded more readily.
Delayed versions of the input signal are
processed in the Fast Walsh Transform decoder 72, and the
20 Walsh spectra are added before determining the largest
Walsh component. The Walsh spectra may be added either
non~-coherently, with or without weighting, or coherently
with an appropriate relative phase rotation and
weightéag. In either case, Fast Walsh Transforms are
25 performed on both the real and imaginary vector
components: of the signal, as described previously,
yielding real and imaginary components of the Walsh
spectra. In non-coherent addition, only the magnitudes
of corresponding complex Walsh spectral components are
30 added and weighted before determining the largest
components. In coherent addition, prior knowledge of the
relative phase shift between the signal paths is used to



treubl esonme. At that point, a first reorthogonalization wi th index

I[Terr] is perfornmed in a first reothogonalization stage 120. The
remai ni ng conposite signal is again descranbled with scranblin
in*block 121. The 10 descranbl ed signal undergoes a Fag#t4

I n bl ock 122, and the conponent corresponding to I]

zero in Step 124. In Fig. 10, this Index I[err] is t

transfornmer 72 along with the associ ated scranbling

residual error 15 conponent at I[err] generated during

extraction at stage 1 is easily identified and renoye Setting the
conponent at I[err] to zero. The remai ni ng Lomponent s under go

i nverse Fast Wal sh transformin bl ock 126 and rescrambling with the
scranbling code 1 in block 128. 20 Havi ng reduced the residua
i nterference orphase-a2}ign correspondied fWalgkrcenperents hefexe now be
decoded |na§ag@§$nextract|on stages 130 until the residual error

decodi of the_si I
or interference Caused bg—ayggnment Eg accomplis eg'by means of a

complex multiplication that can simultaneously include an
5 amplitude weighting. If the path phase shift is known by
initially transmitting a known signal, for example, that
phase shift may be used to rotate corresponding Walsh
components until they align on a single axis, and the
Walsh component having the largest value on this axis is
10 determined. This technique reduces the effect of non-
coherent interference signals by 3dB, on average, giving
a 2:1 extra capacity increase. Moreover, because only
that component (real or imaginary) of the complex Walsh
spectrum ascribed to the decoded signad is removed after
15 decoding, the correlative loss experienced by other
signals is also reduced. For example, the absolute phase
shift of the signal paths may be tracked by processing
the actual phase shifts of the Walsh components ascribed
to the desired signal in a digital phase tracking loop.
20 In the same way that energy arising on
different sighal paths may be utilized by combining the
results of multiple despreading correlations, the signals
arriving on different antennas may be combined to form a
divers¥ty receiving system. If an array of antennas is
25 connec¥ed to an array of correlating receivers through a
bean~forming network, preference may be given in a
particular receiver to signals arising from a particular
range of directions. For example, in one of a bank of
receivers, a signal S1 from a northerly direction may
30 have the greatest signal strength because the antenna
beam formed to that receiver points north. In a receiver
associated with a southerly pointing beam, the strength
_"of the 51gna1 S1 is reduced and a second signal S2



t e second stage 112 becones troubl esone. A second 25 reorthogonalization

stage is then perforned with the index I[err] in block 132. This
process continues until all of the signals have been satisfactorily
decoded. Reort hogonal i zati on nay be app|letw

reorthogonal i zati on

or whenever the signal-to-interferenc 18] I WVIEC
decodi ng a particular signal. For pur B SSHEE pte “Tnvention
the termperiodically also i ncl udes t heREPLAGELR i on OQ|4ngQe‘\997

- 42 -

appears greatest. Consequently, the order of
demodulation and extraction of signals may differ in two
or more receivers and the same signal may be demodulated
at a different point in the signal-strength prioritized

5 seguence and with different remaining interference
signals present. It is clear that the results of such
multiple diversity demodulations can be combined in a
variety of ways that will be apparent to those skilled in
the art in order to obtain further advantages.

10 While a particular embodiment of the present
invention has been described and illustrated, it should
be understood that the invention is not limited thereto
since modifications may be made by persons skilled in the
art. The present application contemplates any and all

15 modifications that fall within the spirit and scope of
the underlying invention disclosed and claimed herein.
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- 36 - stage is necessary. One way of determining a marginal

signal -to-interference ratio, for exanple, is by conparing the

magni tude of the largest correlation with that of the second |argest.
If the difference between 5 the two is too small to preclude a decoding
error, reorthogonal i zation with respect to a preV|oust Eﬁ@” é’SHEET
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WHAT IS CLATMED IS:

1. A method for decoding a composite signal
having overlapping, coded signals, comprising:

(2) iteratively correlating said composite
signal with a series of codewords and generating for each
correlation a plurality of correlation signals;

(b) extracting a coded signal corresponding to
a greatest correlation signal from said composite signal,
said greatest correlation having an address associated
ﬁith one of said correlated codewords;

(c) periodically recorrelating a remaining
portion of said composite signal with said codewords; and

(d) eliminating any correlation signal
corresponding to said associated address of at least one
codeword previously correlated in step (a) from said
remaining composite signal.

2. The method according to claim 1, wherein
said correlating step includes a Walsh-Hadamard
transformation.

3. The method according to claim 1, wherein
said ce®relating step includes a Fourier transformation.

4. . The method according to claim 1, wherein
said correlating step includes an orthogonal
transformation.

5. The method according to claim 1, wherein
said coded signals are complex vectors having real and
imagina;y components,_said real and imaginary components
both being_correlatea in said correlating step (a).
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corposite signal to extract one information signal, a Fast Wal sh

Transform correl ates the conposite signal using all of the codewords,
e.g., all 128 codewords. The 15 reorthogonalization procedure

that the sanples. - be correlated with only a single, p ‘EPQR@EMEWE(S&’(EEB
codeword havi ng an m hml ndex, e.g., l[err]. Ass;Jm 3 td[112%;3‘);‘7]
bl ock code, err], BE ), ] a

of a specifl *ﬂu “ﬁ M r+ (b[err b’éﬁEﬂ']HAS BEER([jerr (2“ s j
correspondi ng to the index I[err], tlhe co M t h t lat.

codeword CWerr] is C= bl[err] 19

b[err]S[err] 128 = 44 Fhe nmgni t uds

correlation Cis subtracted from 25 the buffer sanples IeaV|B? sargle ]
values S[err] - b[err]C gerr S e - err in the
buffer. Consequently, thessanp%ae methQ%J%%%AF4FQ?mF£ I i e ey be

correl ated usi ngaid coded signals are extracted based on their relative
signal strengths.

7. The method according to claim 1, wherein
said at least one codeword coffesponds to the coded
signal initially extracted in step (b).

8. A system for decoding a composite signal
having overlapping, coded éignals, comprising:

means for iteratively performing orthogonal
transformations on said composite signal with a series of
codewords and generating for each transformation a
plurality of tfansformation components, each
transformation component being associated with a codeworad
and an index;

means for iteratively extracting a coded signal
corresponding to a greatest component from said composite
signal;

means for periodically performing at least one
orthogonal transformation on a remaining portion of said
composite signal with said codewords; and

means for eliminating any transformation
component .corresponding to said associated index of at
least ®ne: previous codeword.

9. The system according to claim 8, wherein
said orthogonal transformations are Walsh-Hadamard
transformations.

10. The system according to claim 8, wherein
said orthogonal transformations are Fourler
transformatlons '
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one reorthogoni zation codewor d sinply by adding or subtracting the
buffer sanples with the correspondi ng 30 bits of the codeword, dividing

the result by codel ength (e.g., 128 bits) which is sinply a bitshift_
whén t he -37-

gy [ -
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11. The system according to claim 8, wherein
said extracting means extracts said coded signals in an
order based on their relative signal strengths.

12. The system according to claim 11, wherein
said at least one previous codeword corresponds to the
coded signal first extracted by said extracting means.

13. A method for decoding a composite signal
having overlapping, coded signals, copprising:

(a) iteratively performing orthogonal
transformations on said composite signal with a plurality
of codewords and generating for each transformation a
plurality of transformation components, each
transformation component having an associated codeword
and index;

(b) iteratively extracting a coded signal:
corresponding to a greatest transformation component from
said composite signal;

(c)- periodically performing at least one
orthogonal transformation on a remaining portion of said
composite signal using said codewords; and

(d) eliminating any transformation component
corresporling to said associated index of at least one
previously extracted coded signal.

14. The method according to claim 13, wherein
said performing step (a) includes:
(e) descrambling said composite signal using a

scrambling code associated with the coded signal to be
decoded;
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codel ength is a power of two, and then addi ng or subtracting the result
to the original buffer sanples again according to the polarity of
correspondlng codeword..... . biits. Thus, reothorganalization may be—
wi'thout 5 executing a Fast \al sh Transforn1and an inver

Transform o mu nd addi tion need be

reort hogonal |[mmm| mmml) ﬂect to pTidNSi SMEET HAS BEENY
CW2,...) is réqufret, ind 10 angd Q/\ZREIBEACEU orth
t hen reorthogonallzatlon accor di hg—to—t-hts—rethod-i 3
not yield a result orthogonal to both codeygrds. Nevent he
desired result may be achi eved by alternately repeating the
reorthogonalization with CM 15 and CW. |In practice, it Y% unlikely that
repetition woul d be (figededansEbirningesakdr s hggahadéesetamivled ejn

step (e) based on said plurality of codewords and
generating said plurality of transformation components.

15. The method according to claim 14, wherein
said extracting step (b) includes:

(g) determining a transformation component
having the greatest magnitude as the decoded signal;

(h) removing said decoded signal from saigd
composite signal;

(i) inversely transforming said remaining
components;

(j) rescrambling said inversely transformed
composite signal with said sérémbling code used in step

(e); and

(k) selecting a next scrambling coge.

16. The -method according to claim 15, further
comprising:

(1) ordering said scrambling codes according
to a signal strength of each associated coded signal;
wherein said selecting step (k) includes

selecting said next scrambling code based on its relative
order.

17. The method according to claim 16, wherein
said ordering step (1) includes: .

(n) predicting said order based on a recent
history of signal strengths of said coded signals.

18. The method according to claim 15, wherein
said performing step (c) includes:
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er, additional reorthoEona zati nﬂmnALNM@HeSHéﬁe codewor ds woul d

{/\H;ﬁl hg:@ﬁ“ﬂljﬂuu mn l[LH Ilgres'é:]ebe extH-actTomn or flurther signals. 20

[ ifln Fig. 10, the
descranbl er 70, orthogonal trans o n@ﬁngg klng swi t ches 80’_.
I nverse transf [ sum-gf-Isquares unit 74,
conpari son processo nd sequence unit {78 :2 ﬁnWJﬁh ﬂ;l

i mpl enent ed by para R-t-a—t-ogtc Whi gh jmay be /
constructed as a special purpose |ntegrated circuit. |However 7tThose
skilled in the art wll recogni ze that,the present inlventjion/may_also
be practiced using one or nore nicropr%cessors havi ng 30 software
prograns which i nplenent the present invention as described for
exanple with respect to Fig ?m% ext of
mobi | e radi o tel ephones |h y ads g? 11n sald remalnlnéHC6£5b sone

ystens, different S|gnals
originate from Signal using a scrambllng code assoc1ated wit

previously extracted coded signal, and

(p) transforming said descrambled signal in
step (o) using said codewords and generating a plurality
of transformation components.

19. The method according to claim 18, wherein
said eliminating step (d) includes:

(q) - setting to zero any transformation
component corresponding to said associated index;

(r) inversely transforming the remaining
transformation components;

(s) rescrambling said inversely transformed
composite signal generated in step (r) with said
scrambling code used in step (0).

20. The method according to claim 18, wherein
said scrambling code used in step (o) is selected based
on relative signal strengths of said coded signals.

21. The method according to claim 20, wherein
said scrambling code in step (o) is the scrambling code
assocra®ed with coded signal having the greatest signal

streng¥hn.

22. The method according to claim 15, further
comprising:

(t) collecting a number of samples of said
composite signal;

(u) algebraically combining said samples;
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- 38 - different nobile stations |located at different distances
froma base station. As a result, multiple bursts of codewords relating
to one signal are not necessar|ly

TREPLACEMENT SHEET
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(v) dividing the combination resulting from
step (u) by the number of samples combined to produce a
quotient; and

(w) algebraically combining said quotient with
said samples using the combining process followed in step

(u).

23. A system for decoding a composite signal
having overlapping, coded signals, comprising:

plural signal extraction stages, each stage
having means for receiving said composite signal and a
series of codewords and means for extracting from said
composite signal a coded signal.associated with one of
said codewords, and

at least one signal elimination stage having
means for eliminating from a remaining portion of said
composite signal a residual signal associated with one of
said coded signals previously extracted by said
extracting means.

24.- The system according to claim 23, wherein
said elimination stage includes plural elimination
stages, eacH elimination stage eliminating residual
signala associated with different ones of said coded
signa¥& greviously extracted.

25. The system according to claim 23, wherein
each signal extraction stage further comprises:

first means for descrambling said@ composite
signal using a scrambling code associated with the coded
51gnal to be decoded;

first means for transformlng sald descrambled.
signal and generating a plurality of transformation
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tirme-aligned at the receiver. This disparity in tinme- 5 alignnent may be

overcone if after each decodi ng stage, the residual signals in the
conposite signal are converted back to a serial stream of sanples.
Prior to processing a new, next signal, that serial ptTed

sanples is conbined with the new si gnal sanple and 10 co VB#RLéEEWR¥¥>5“EET

he next signal.
IB&EN: addrzasjipdIdiat

paral | f;;k:f?rmllmlllllﬂﬂmnm SRR T e

-

mani pul ations W thint a*ufkfer nmenory irjcl ude@EPIAQEDe dilgi tal signal
processi ng bl ock. 15 A typi cal propagat+en—pafdh mobI [ e
radi o t el ephones and a base station recd ver consistgq not only _of A
shortest, |ine-of-sight path but also a nunber of delayed paths or
echoes due to reflection from mountains tall buildipgs, etc, In many
dense urban enVFPBRARFAES %@c?h%°$PBB%ﬁ§t?%ﬁ15%tﬁnn%@s% ted criswRdisuch

echoes. Anyagidrect path, if present, may be too difficult to
first means for transmitting a remaining
portion of said composite signal to a next extraction
stage.

26. The system according to claim 25, wherein
said extracting means includes:

means for determining a transformation
component having a greatest magnitude as a decoded
signal; |

means for removing said decoded signal;

first means for inversely transforming
remaining transformation components; and

first means for rescrambling said inversely
transformed signals to generate said remaining composite
signal using said associated scrambling cogde.

27. The system according to claim 26, wherein
said elimination stage includes:

second means for descrambling said remaining
composite signal using a previous scrambling code
associated with a coded signal previously extracted in a
prior "extf¥action stage;

second means for transforming said descrambled
signal received from said second descrambling means based
on said codewords and generating a plurality of second
transformation components,

means for setting to zero any second
transformation component signal corresponding to a
codeword associated with said previously extracted
signal;

is Sheet Has Been Replaced
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I dentify.

If the total delay between propagati on paths s small

conpared to the reciprocal bandw dth of the signal, fading results
because of the multiple paths 25 addi ng sonetinmes constructively and

soneti nes

o destructively'”kbmever, the signal may be $u g STEMENY SHEET
denodul at ed by assun1n only a simfge—wave ' ‘_E£L41£b4ﬁ4ﬁak
hand, a sig

eI ays that TS SHEETIM&;BEEN)

afed with th
reci procal wi dth 30 }i n heRERDAJFDSt be ttr gat24 éﬂ'—ﬁgw n*}
primary and Secon ary waves. It it 4, |however, to

express the
del ayed by nultiples of the bit period. Each path may be

total signal as the sum ot gof i-nite nunbgqr of paths

second means for inversely transforming
remaining transformation components;

second means for rescrambling signals received
from said second inverse transform means to generate said
remaining composite signal; and '

means for transmitting said rescrambled
composite signal to a next signal extraction stage.

28. The system according to claim 27, wherein
said scrambling codes are selected based on a signal
strength of the associated coded signal relative to
signal strengths of all coded signals in said composite
signal. '

29. The system according to claim 28, wherein
said scrambling code associated with a previously decoded
signal having a greatest signal strength is selected by
said second descrambling means.

30. The system according to claim 23, wherein
each signal ektraction stage sequentially extracts coded
signals in an order based on relative signal strength
such that a first extraction stage extracts a strongest

coded ws#gnal.

31. A method for decoding a composite signal
having overlapped, coded'signals and time-~delayed echoes
of at least some of said coded signals, comprising:

(a) correlating a series of codewords with a

. plurality of time-shifted versions of said composite

signal and generating a set of correlations for each

time-shifted composite signal;
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affected by i ndependent anplitude fading and phase

rotation due to fractional bit-period del ays. To conpensate

for this situation, the present i nvention enploys a tyYpg.~of
decoder known 5 as a RAKE receiver to integr tE!Eﬁr‘ﬁchﬁHTiSﬂfET

RN B | s o o

signal sanple$ dél ayed by ome bit per)od, tHEPLACED

conventi onal -

frommultipl
t he despread

- 581 -

(b) combining all of said sets of correlations

for said time-shifted composite signals to produce a
combined set of correlations;

(c) determining a codeword corresponding to a

greatest correlation in said combined set; and

(d) subtracting said determined codeword from

at least one of said time-shifted composite signals.

32. A method according to claim 31, wherein
said combining step (b) includes adding squared

magnitudes of corresponding values from each correlation

set.

33. A method according to claim 31, wherein
said combining step (b) includes weighting and adding
corresponding values from each correlation set using a
complex weighting factor associated with each time-
shifted composite signal.

34. A method according to claim 31, wherein
said correlating step (a) is performed using Walsh-
Hadamard Transformations.

‘35. A method according to claim 34, wherein
said subtracting step (d) includes setting to zero a
component of said Walsh-Hadamard Transformation and

further includes performing an inverse Walsh-Hadamard
Transformation.

36. A method according to claim 31, wherein
said subtracting step (d) is performed on each time-
shifted composite signal in an order dependlng on their

respective signal strengths. - i
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srgnal sanpl es del ayed by two bit periods, etc., and 10 conbines the

correlation results before determning the information content of the
si gnal . I n situations where echoes acconpany the g

radi o wave, overlapplng co j es of the conposite signal

and del ayed by o |t periods. 15 .The reorthodohalizatst rogess
of the pres * not onlgy- g :
but al so &%s !\hast echo energy“hﬁ %ﬁc@&fegﬂf canp

An excess nuﬁber of sanpl es greater t han N,y

the buffer 68. For exanple, N may be 20 i28 and dN may) b€
nunber of sanples dNis sel ected s& t3at” dN bit per
anti ci pat ed range of del ayed echoes. The Fast Wl sh Transfornrls

performed for dN shifts th %gg! | h uf rr], and
the resulting transfornr%%npd% é%gﬁ@a éﬁ r%é éiﬁ&m i J aﬁé

sum of - squar essabdi orderx ¥=2 adescendingronfdrr tofe mammme tQﬁe GWheponent
having the | arggsftelation in each of said sets of correlations

corresponding to said codeword determined in step (c).

38. A method according to claim 37, wherein a
set of correlations corresponding to a time-shifted
composite signal exhibiting a lower correlation magnitude:
is recomputed after said subtracting step (di is
completed on a time-shifted composite signal exhibiting a
higher correlation magnitude.

39. A method according to claim 35, wherein
before said correlating step (a) said composite signal is
descrambled with a scrambling code corresponding to a
signal to be decoded.

40. A method according to claim 38, wherein
said inverse transformed signal is rescrambled using said
scrambling code.
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sum of - squares. The appropriate blocking swtch 80 bl ocks the | argest
conponent; the inverse transform 82 and rescranbler 84 are activated;
and the rescranbled 30 output is recirculated to the buf fre+—e8 Fhe

T™rre

buffer 68 contents are shifted backwards. and the su tﬂﬁEtAGHMENTE%kET

denodul ation process is repeated for daxigodHEEN A8 BEEN The controt
and sequence unit 78 determ nes for egch REPLACED 2 4 JUL 1997

- 53 -

CDMA SUBTRACTIVE DEMODULATION

ABSTRACT OF THE DISCLOSURE
Subtractive CDMA demodulation optimally decodes
a coded information signal embedded in many other
overlapping signals making up a received, composite
signal. A radio receiver (25) correlates a unique code
5 corresponding to the desired signal to be decoded with
the composite signal. Moreover, after each information
signal is successfully decoded (processor 40), it is
recoded and removed from the composite signal.
Subtractive CDMA demodulation is enhanced by decoding the
10 composite signal in the order of strongest to weakest
signal strength (signal strength processor 29). The
individual information sighals are spread using block
error correction codes which are correlated with the
composite signal using Fast Walsh transforms (correlator
15 30). Correlated signals identified as the largest
transform component are removed from the composite signal
and the remaining composite signal is reformulated using
an inverted Fast Walsh transfornm. Any residual error or
interference caused during the extraction of a transform
20 component is removed by recorrelating the-composite
signal using the index of that transform component.

Figure 7
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- 40 - shift whether the echo renoval process shoul d be

performed. For exanple, the echo elimnation process my be perforned
only on shifts 1, 3, and 5 because the sequence unit 78 determ nes that
no significant echo 5 energy exists at those shifts. For HT'-% PH-0668S.,—.a
non- -coherent RAKE decoder may be used with the si gnificzBEll;LACEM.EQn‘hQHEET
shifts being identified by the non-zero RAKE taps. [ Wremr———
echoes corresponding to different shifts of the (N + d!#l) buf.er ey
are renoved fromthe 10 conposite signal 143lng reorthogonalfi 1at?én‘,miﬁw
echo signals are renoved preferably in order of signal
That echo having the strongest sigpn rength Is renoyed first with
echoes of decreasing strength beﬂ?ﬂ?)fﬁ’?} - .
mmwf |
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removed subsequently. In this way, the influence of 15 stronger echo
signals is renoved, and weaker information si gnal s which experience
interference fromstrong echoes may be decoded nore readily.

Del ayed versions of the input signal are processed in tREPEMEW'Q&ET
Transform decoder 72, and the 20 Wal sh spectra are added bef ng
the | argest Wal sh conponent. The2Wahsh spectra may be|added eit her
non-coherently, with or without weighting, or coherently v #ndUl, 1997
appropriate relative phase rotation and wei ghting. Injeilther case, Fapt
Wal sh Transfornms are 25 perfornmed on both the real and ijmagi nary vector
conponents of the signal, as described previously, yi }
i magi nary conponents of the Wl sh spectra. In non-coherent addition,
only the magnitudes of correspondi ng conpl ex Wal sh spectral conponents
are 30 added and weijght ed bgforé detgrm ni ng tlhe | arges conponent s.
In coherent addition, prior_Kk edge t he —
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paths is used to
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rel ati ve phase shift between the signal
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addi tion. Phase-al i gnnent is acconplished by neans of a
conplex nmultiplication that can sinultaneously include an 5 anplitude
wei ghting. |f the path phase shift is known by initially transmtting

a known signal, for exanple, that phase shift may be used to rotate
correspondi ng Wal sh conponents until they align on a qi MPEAMQBP g,[ﬂ:et
t he Wal sh conponent having the |largest value on this gxigs—ts—L T HEET
determined. This technique reduces thetéllect of non- doher ent
interference signals by 3dB, on average, giVing a 2:1 et rddcddbc®?y | |
i ncrease. Moreover, because only t hat conponent (real jorl_Lpmgi nary) o f
the conpl ex Wal sh spectrum ascribed to the decoded siqnal i s renoved -
after 15 decoding, the correlative [oss experienced by otheriw.i.signals..
is also reduced. For exanple, the absol ute phase shi fit of the signal
pat hs may be tracked by processing t he actualophage ghifts of the Wl sh
conponents ascri bed to the desbred-s{gnal in di gi t 4l SFBase tracking
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20 In the same way that energy arising on di fferent signal
paths may be utilized by conbining the results of multiple despreading
correlations, the signals arriving on different antennas may be _
conbined to forma di versity receiving system |If an_aLlﬁwuém—aﬁ%Eﬂqas‘
is 25 connected to an array of correlating receivers thrioRgpLACEMENT SHE
beam fornfing network, preference nmay be given in a baf-tTeutar
receiver to signals arising froma particul ar range bf diégcjd ORgy7 Hor
exanpl e, in one of a bank of receidvdrls, a signal S1 {rom4Q™nor herlyl
direction may 30 have the greatest signal strength becauge

beam fornmed to that receiver points north. In a receiver associ at ed

with a southerly pointing beam the strength of the S+ghat—SI T3S
reduced and a second signal S2
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-42- appears greatest. Consequently, the order of denodul ation and

extraction of signals may differ in two or nore receivers and the sane
signal may be denodul ated at a different point in the signal-strength
prioritized sequence and with different renaining i nterference signals

present. It is clear that the results of such multiple diversity-5

denodul ati ons can be conbined in a variety of ways that REPDEENﬁﬂ5r$ﬂ¥Wt
t hose skilled in the art in orderG}flobtain furt her {adveantages.
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-43- WHAT | S ‘CLAIMED I S: 1. A method for decoding a conposite

si gnal having overlappi ng, coded signals, conprising:

(a)

iteratively correlating said conposite signal with a series of codewords
and generating for each correlation a plurality of correlation SI gnal S;
(b) extracting a coded signal corresponding to a greatest gorret '
signal from said conposite signal, said greatest correlati )nRﬁ%{-\ﬁﬁﬁ@CMﬁ SHEET

addr ess associ ated wi th one of sai d corrﬁllted code words;
g

portion of sai d cOMEPi Jf. Jegma

wi th said codewords; and (d) elimnating any{cérrelation
signal corresponding to said associ ated address of at | east one-codewnworo-——

(c) periodically recorrelating a renaini

previ ously correl atedd:p\ step (a) from said renai Qng
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conposite signal. 2. The nethod according to claim1l, wherein said

corirel ating step includes a Wal sh-Hadamard transformation. 3. The
met.hod according to claim1l, wherein said correlating step includes a
Fourier transformation. 4. The nmethod according to claim1l

wherein said correlating step includes an orthogonal transformation- —

5. The nethod according to claim1, wherein said coded §i gLﬁCEMENTcﬁﬂﬁﬁkn
vectors having real and imagi nary conponents, said real fa ' '
conponents both being correlated in sai 8/ddrrel ating step
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6.:The met hod according to claim1l, wherein said coded signals are
extracted based on their relative signal strengths. 7. The
met hod according to claim1l, wherein said at | east one codeword corresponds
to the coded signal initially extracted in step (b).
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8. _A system for decoding a conposite signal having overlapping, coded

signal s, conprising:

means for
transfornmati ons on said conposite signal

generating for each transformation a plurality of transfg~aaiion

conponent s,

each transformati on conmponent being associ at g

and an i ndex;

means for

iteratively extracting thg
corresponding to a greatest conponent from said conpositg¢ 4

means for periodically performng at

means for el
associ at ed

according t¢
Wl sh- Hadamaf

a remaining portion of said conposite signal with said c¢edéewords; and
i i i ~pnnding to said
ndex of at |east one previous codeword b s S\LS nr‘rJ

claim 8, wherein said orthogonal transformations are
d transformations. a 2 <
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10.~ The system according to claim8, wherein said orthogonal

transformati ons are Fourier transfornmations.

11. The system

according to claim8, wherein said extracting means extracts sai d coded

signals in an order based on their relative signal strengthF:
The system according to claim1l1l, wherein said at | east onej

first extracted byf
13. A nmethod for decoding a conposite'signd

codeword corresponds to the coded signa
nmeans.

12.
previous.
sai d extracting

having: i war | |
over | appi ng, coded signal s, corrprisingl:ll11 L; L wor
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sai d conposite signal with a plurality of codeword and Tg.an.er.at_i..ng—t-g-;—@aeh
RERUACEMENT SHEET

trdnsformation a plurality of transfor nat.i on .conpenent s
transf ormati on conmponent having an assogi.at ed: zédeword hng—rmdex
(b) iteratively extracting a coded signal ﬁ\orrespondl ngjt azgrﬁﬁqﬁe
transfornation conponent from said conposl ! c)
periodically performng at |east one orthggonal t‘rafnsf o] tion on-a
remai ning portion of said conposite si gnal .using said c¢dewords; and
(d) elimnat
associ ated i

10

15

20

30

) ) : ) ) ChtemTH HZY
(a) iteratively perform ng orthogonal transformations on

&)'signag

ﬁé@uﬁ’tﬂy tcﬁzéf}s [ TEDMA i§ AN innfie t& atiointerferetice, and
é ex of n east one prlgw ous?y ext ract ed coded signal .
climinates fading and static to enhance performance in urban areas. CDMA
transmission of voice by:a high bit rate decoder insures superior, reahstlc voice
quahty CDMA also provides for variable data rates allowing many different gtades

of voice quality to be offered. The scrambled signal format of CDMA completely

' elumnates cross talk and makes it very dxt'ﬁcult and costly. to eavesdrop or track calls,

insuring greater privacy for callers and greater immunity from air time fraud.

Despite the fumerous advantages afforded by CDMA, the capacity of
conventional CDMA systems is limited by the decoding process. Because so many
different user communications overlap in time and frequency, the task of correlating
the correct. information signal with the appropriate user is complex. In practical
implementations of CDMA, capacity is limited by the signal-to-noise ratio (S/N),
which is essentially a measure of the interference caused by other overlapping signals
as well as background noise. The problem to be solved, therefore, is how to increase
system capacity and still be able to maintain a reasonable signal-to-noise ratio so that
signal decoding can be carried out efficiently and accurately.

European Patent Application No. 0 491 668 describes a spread
spectrum communications system, wherein a receiver decodes more than one signal of
interest. Stronger signals are subtracted as they are decoded to prevent interference
upon weaker signals. U.S. Patent No. 4,134,071 describes a spread spectrum
communication system, wherein a received signal.is correlated, modulated, and
subtracted from a total received signal. The difference is then recorrelated. Both of
these systems suffer from the problem of a residual error of subtraction signals that
remains in the composite signal. This residual error may hinder the subsequent
decoding of weaker signals.

SUMMARY OF THE INVENTION

The present invention optimally decodes a coded information signal

embedded in many other overlapping coded signals in a received composite signal by
correlating a unique code cortresponding to the signal to be decoded with the
composite signal. After each coded information signal is decoded, it is removed from

the



14. The method according to claim 13, wherein said performng step (a).
i ncl udes: (e) descranbling said conposite signal using.a_

scranbling code associated with the coded signal to be dﬁﬂ@ﬂ\ﬁm SHEET
AS|

(f) transfornming said signal descranbled in step (e) bps
plurality of codewords and generating said plurality o ransformat i on

conmponent s. 15. The method according to clain1l, /el H?%8ai|
extracting step (b) includes: _42_(g) deterfiping a . :
transfornmati on conponent having the greatest nmagnitude}as the decoded

si gnal ; appears greatest{ "CofiRGRAHIY ttRPrde G AL U ek AR site
si gnal ; ep £ (i) i nvergg?y tr a%lg?rc:)r m'ngﬁégﬁggéenm ﬁg&ﬁﬁﬂ@

conmponent s; may differ in two or foye reseiversrandithe sans sighalweaysbd gerhodulatdaoad
conposite si | _with said scr | i code. used in step (e)..and . .
(k) selecti ngi}ger?fgﬁo‘%[c'fl&_ﬂ%flﬁ W p"‘-’rﬁiz"js"qﬁﬁmﬂﬁ‘g "ﬁ\g‘l fAifterent zemainiag ¢ o
claim15, fuirdt€sreAc8iinald Pldsent. It is clear that the results of such multiple diversity
5  demodulations can be combined in a variety of ways that will be apparent to those
skilled in the art in order to obtain further advantages. |



(1) orderlng sai d scranbllng codes according to a signal strength of each
associ at ed coded signal’;

T
REPLACENENT S erein said selecting stepf(REPUNEMENES SHEE!
syt | TTITTTT lIF“code o8 SHEETtKAS GEBN v

17. The net hod *acéordi my tso el ai wher QEPLAGED Or dgr i sb p (1)s~mr

I ncl udes: (n) predi ct| rg—satt—or-ger—baséd recent

hi story of signal strengths of said -43 -

WHAT IS CLAIMED 1IS:
| 1. A method for decodmg a composite signal having -

overlappmg, coded s1gnals comprising

() iteratively correlating said composite signal
with a series of codewords and generating, for each correlation
a plurality of correlation signals; and |

(b)  extracting a coded signal corresponding to a
greatest correlation signal from said composite signal, said
greatest correlation having an address associated with one of said
correlated codewords, said method characterized by further comprising:

(¢)  periodically recorrelating a remaining portion of
said composite signal with said codewords; and

(d) eliminating any correlation signal corresponding to
said associated address of at least one codeword previously

correlated in step (a) from said remaining composite signal.

2. The method according to claim 1, wherein

said correlating step includes a Walsh-Hadamard transformation.

3. The method according to claim 1, wherein

said correlating step includes a Fourier transformation.

4. The method according to claim 1, wherein

said correlating step includes an orthogonal transformation.

S. The method according to claim 1, wherein
said coded signals are complex vectors having real and
imaginary components, said real and imaginary components both

being correlated in said correlating step (a).

This Sheet Has Been Replaced
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coded signal s. 18." The met hod according to claim15, wherein said
perform ng step -(c)—includes: - _ (o) descranbling Sf'il d

I Fatet—nt
b ovi SLQPyCE mlﬁﬂm@ b"“s'ﬂgﬁ 8! SHEETCRRE BEEN, - R AGEWEWS SHEEH

descranbl ed si usi ng geweratlng a

plurality of transformation conponents. he petdyd q998di g
to claim 18, wherein said elimnating stgqg-(d) incl udes: 264 q
setting to zero any transformation conponent correspondi hg-to—sait _
associ at'ed i ndex; 6. The memddraccomqmedlgxm 1 awhéreimdaiy t he remai ning
transformation corrponent S; rescranbl ng said Tnversely
t ransf or mmmséfglegm%bﬁéﬁmirﬁdﬂ\@pﬂﬁw ai d scranbling

code used in step (o).

7.  The method according to claim 1, wherein said
at least one codeword corresponds to the coded signal initially
extracted in step (b).

8. A system for decoding a composite signal
having overlapping, coded signals, comprising |

means for iteratively performing orthogonal
transformations (72a, 72b) on said composite signal with a
series of codewords and generating for each transformation a
plurality of transformation components, each transformation
component being associated with a codeword and an index; and

means for iteratively extracting (76) a coded
signal corresponding to a greatest component from said
composite signal, said system characterized by further
comprising:

means for periodically performing at least one
orthogonal transformation on a remaining portion of said
composite signal with said codewords; and

means for eliminating any transformation
componeni corresponding to said associated index of at least

one previous codeword.

9. The system according to claim 8, wherein said

orthogonal transformations are Walsh-Hadamard transformations.

10.  The system according to claim 8, wherein said

orthogonal transformations are Fourier transformations. _—

This Sheet Has Been R
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20. The net hod according-to-claim 18, wherein said scranbling code used in

step (o) 'is selected rel ative signal strengths of said coded .
si gnal s. R od accq vrﬁ EET
scranbl i ng c t\“\“\r\ m 1 s t he s¢ rar?dgl eBERNs c| %{E? \A.@@'\q S ‘
coded si gnal hawcng great est signal LACED The net hod :
according to claim15, further conprisi n (1) %IJ%"CW&Q a -
nunber of sanples of said conposite sig# I- u
algebralcally conmbi ni ng sai d sanpl es; .

11.°  The system according to clalm 8, wherein said extracting

means extracts said coded signals in an order based on their relative

" strengths.

12. The system according to claim 11, wherein said at least
one previous codeword corresponds to the coded signal first extracted

by said extracting means.

13. A method for decoding a composite signal having
overlapping, coded signals, comprising |

(@) iteratively performing orthogonal transformations
on said composite signal with a plurality of codewords and -
generating for each transformation a plurality of transformation
compornents, each transformation component having an associated
codeword and index; and

(b) iteratively extracting a coded signal
corresponding to a gfeatest transformation component from said
composite signal, said method characterized by further
comprising:

(c)  periodically performing at least one orthogonal
transformation on a remaining portion of said composite signal
using said codewords; and

(d) eliminating any transformation component
corresponding to said associated index of at least one previously
extracted coded signal.

14. The method according to claim 13, wherein said
performing step (a) includes:

(e) descrambling said composite signal using a
scrambling code associated with the coded signal to be
decoded;

Sheet Has Been Replaced
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REPLACEVENT SHEET  -47- : (v) dividing the conbination
al

resul ting fromstep (u) by thP nunber of sanples conbi ned too—preducea
Ni SHEET

ient; ai i ni i d GEBLAGEME
s S MR e L
A system for decbddihg a dompostte signa i nf]rwg% ) Eﬁ%&l ng cogﬁi‘}gmgrs],s

conpri si ng: plural signal extr eaclp stig
for receiving said conposite signal and48 -series of codeworgds
extracting fromsaid conposite signal a coded signal associpted with one of
said codewords, and (v) dividing ¢lstombinationoresilting ifronm step qu) byage1Tavi ng

means for elimnati froma temginin ortion of said conposite signal a
resi dual sﬁﬁrﬁ!‘n%s‘%%aﬁ‘l’&a Wﬁ’ﬂ"%ﬁ% PS‘?d AfUCYEy 28¢ gnal s previ ously
extracted by said ex{gfict bpgbfRANY combining said quotient with said

samples using the combining process followed in step (u).

23. Asystem .f_or decoding a composite signal having
overlapping, coded signals, comprising:
plural extraction stages (40, 40'), each stage
having meané for receiving said cdmposite signal and a series
of codewords and means for extracting from said composite
signal a coded signal assocfated with one of said codewords;
and
at least one signal elimination stage (29)
having means for eliminating from a remaining portion of said
composite signal a residual signal aSsociated with one of said

coded signals previously extracted by said extracting means.

24.  The system according to claim 23, wherein
said elimix_lation stage includes plural elimination stages,
each elimination stage eliminating residual signals associated
with different ones of said coded signals previously extracted.

25.  The system according to claim 23, wherein
~ each signal extraction stage further comprises:
first means for descrambling (70) said composite
signal using a scrambling code associated with the coded signal
to be decoded;
first means for transforming (72a, 72b) said

descrambled signal and generating a plurality of transformation

This Sheet Has Bee
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stages, egch elimination—st-age elinm NALing .e——

24. The system: accor di niiﬁ claim 23, wherein said elimnation stage

i ncl udes - pI u m

resi dual m ““ with diffdrigh$ SHEET RAS BRENI codnchgpl_gom BT SHEET
previ ousl y cacted® 25. Theg systﬂgp@pcgzgr di ng|to fl prpr23;

wherein each signal extraction stage fiutrther—comprises: %éo‘@ims
for descranbling said conposite signal using a scranbling cepde t

with the coded signal to be decoded; -49- first means fori{t{ansforning

sai d descranbl ed signal and generating a plurality of transformation
conmponent scoaq:dmemsnpmhmmeﬂltdgvm ansassasiisteeodeyipedioand;  and £t

means for transmttl LN _f. [ d.. osite signal to a
next extraction stag1 ¢ theais orrh-a?gmﬂﬁ;% @?&@i"%&ggﬁg to claim 25, '

wher ein salahy saﬁxp&%ls@mmﬂ Bektrdetes stage.

26.  The system according to claim 25, ‘wherein
said extracting means includes:

means for determining (76) a transformation component
having a greatest magnitude as a decoded signal;

means for removing (80) said decoded signal;

first means for inverscly transforming (82a, 82b)
remaining transformation components; and

first means for rescrambling (84) said iriV'ersely
tcansformed signﬁxls to generate said remaining composite signal
using said associated scrambling code.

27.  The system according to claim 26, wherein
said elimination stage includes:

second means for desctambling said remaining
composite signal using a previous scrambling code associated
with a coded signal previously extracted in a prior extraction
stage; |

second means for transforming said descrambled
signal received from said second descrambling means based on
said codewords and generating a plurality of second
transformation components;

means for setting to zero any second
transformation component signal corresponding to a
codeword associated with said previously extracted

signal;

This Sheet

i lllefiITd




rreang,‘_f,qr determ ning a transformati on conponent having a greatest

magni t ude as a decoded signal;
- 48- means for renoving said decoded%%?‘rﬁ%}“y REF’I%{(GEMEWBEEE'W
i nversely transform ng remaining transformati o conponentd; an fir St

means for rescranbling said inversely tf#&nsfor rsignalg tlo gener aid
remai ni ng conposite signal using said associ at}ggss{ranbl iing cgﬁe%‘ﬁ’~t o

]

1. A method for decoding a composite signal having overlapping, coded signals,
comprising: ' | :
| (a) iteratively correlating said composite signal with a series of codewords

and generating for each correlation a pluzality of correlation signals; ° |

(b) extracting a coded signal corresponding to a greatest correlation signal
from said composite signal, said greatest correlation having an address associated with one
of said correlated code words;

(c) periodically recorrelating a remaining portion of said composite signal
with said codewords; and

(d) eliminating any correlation signal corresponding to said associated
addreés of at least one codeword previously correlated in step (2) from said remaining
composite signal.

2. The method aocordihg to claim 1, wherein said correlating step includes a
Walsh-Hadamard transformation. - |

3. The method according to claim 1, wherein said correlating step includes a
Fourier transformation.

4. The method according to claim 1, wherein said correlating step includes an
orthogonal transformation.

5. The method according to claim 1, wherein said coded signals are complex vectors
having real and imaginary components, said real and imaginary components both being

correlated in said correlating step (a).

6. The method according to claim 1, wherein said coded signals are extracted based
on their relative signal strengths.

L




27. The systemaccording to claim26, wherein said elimnation stage

I ncl udes: - second neans for descranbling said remaining co
signal using a previous scranbling code associated with a c LﬁbgﬂENT SHEET
previously extracted in a prior extraction stage; se

transformng sai d descranbl ed signal recegyed fromsaid secgn

transformation CoRGGRLE Fangtﬂﬁﬁiﬁlfﬁﬁeréﬁtshﬂ%léégoﬁ%

transformati on conponent SI gna orresponding to ewor d’ .
sai d previ ousdryesporids & the dodsdgigal initially extredamstepéins for i nyersely-———"""
transform ng remai ning transformati on conponents; .. second neans for

rescranbling signals received fromsaid second inverse transform neans to

generate said ren@wkwmmeédm écﬂﬂﬁkucéiﬁﬁlhavmg ovéﬂﬁfym tadedisighaRM tting
sai d rescranbl ed conposite ‘signal to a next si gnal extraction stage.
28. The systeMmpEsg ding to claim 27, wherein said scranbling codes are

sel ect ed based om?%a&f%%ﬁ& o@&oﬁ%ﬁ}ﬁﬁoﬁgﬁgﬁh&ﬂf&éel ative

to signal streng , .
signal with a series of codeword and generating for each transformation a plurality. of

transformation components, each transformation component being associated with-a
codeword and an index; |

means for 1terauvely extracting the coded s1gnal corresponding to a greatest
component from said composite signal;

means for periodically performing at least one orthogonal transformation on a
Temaining portion of said composite signal with said codewords; and

means for eliminating any transformation component corresponding to said
associated index of at least one previous codeword.

9. The system accordmg to claim 8, whcrem said orthogonal transformations are
Walsh-Hadamard transformations.

10. The system according to claim 8, wherein said orthogonal transformations are
Fourier transformations.

11. The system according to claim 8, wherein said extracting means extracts said
coded signals in an order based on their relative signal strengths.

12. The system according to claim 11, wherein said at least one previous codeword
corresponds to the coded signal first extracted by said extracting means.

13. A method for decoding a composite signal having overlapping, coded signals,
comprising:

[

g



coded si,gnals in said conposite signal. 29. The system acc
to claim 28, wherein said scranbling code associated with a ‘
decoded signal having a greatest signal strength is selecte
descranbl i ng neans. - 49- - 30.
according to claim 23, wherein each signal extraction stage
extracts coded signals in an order base®on rel ative si gnal -

that a first extraction stage extracts a strongest coded si
(a) iteratively performing orthogonal transformations on sai

signal with a plurality of codeword and generating for each transformation a plurality of
transformation éompon,cnts, each transformation component having an associated codeword
and index; | _ _

(5) iteratively extracting a coded signal corresponding to a greatest
transformation .ccsmponent' from said composite signal; | |

(¢) periodically performing at least onc orthogonal transformation on 2
remaining portion of said composite signal using said codewords; and
. @ eluumatmg any transformation component corresponding to said
associated index of at least one previously extracted coded signal. )

14. The method according to claim 13, wherein said performing step (a) includes:
(e) descrambling said composite signal using a scrambling code associated
with the coded signal to be decoded;
(f) transforming said signal descrambled in step (¢) based on said plurality of
codewords and generating said plurality of transformation components.

15. The method according to claim 14, wherein said extracting step (b) includes:

(g) determining a transformation component having the greatest magnitude as
the decoded signal;

(h) removing said decoded sxgnal from said composite signal,

(i) inversely transforming said remaining componeants;

(§) rescrambling said inversely transformed compasite signal with said
scrambling code used in step (¢); and

(k) selecting a next scrambling code.

16. The method according to claim 15, further comprising:

(D) ordering said scrambling codes according to a signal strength of each
associated coded signal;

Ly



31. A nethod for decoding a conposite signal having overl apped, coded

sighal s and time-del ayed echoes of at |east some of said c ;
conpri si ng: (a) correlating a series of coﬁ%%%ﬁ-gé%ﬁ SHIEET
plurality of time-shifted versions of said conposite signa nd gener at | ngl

a set of correlations for each tine-shifted conposite signal| 20 A5 1599
(b) combining all of said sets of correﬁgfions for said ti

shifted
conposite signals to produce a co af correlatio

e
ored : |
(c) determi ni ng“hereiaibsclectiag rtegﬁ%?w&?fe Falc Pl £C1 i‘éﬂ%’f‘?%“"f‘ﬁnsai d

conbi ned sef 1336k order. (d) subtracting said determ ned codeword
fromat |east one-of said tinme-shifted conposite signals. 32. A
met hod according to claim 31, wherein said conbining step (b) includes

17. The mettiod according to claim 16, wherein said ordering step (1) includes:
(n) predicting said order based on a recent history of signal strengths of said
coded signals. -

18. The method according to claim 15, wherein said performing step (¢) includes:
(o) descrambling said remammg composite signal using a scrambling code
associated with a previously extracted coded signal,
and .
(p) transforming said descrambled signal in step (o) using said codewords
and generating a plurality of transformation components. |

19. The method according to claim 18, wherein said eliminating step (d) includes:
(q) setting to zero any transformation component corresponding to said
associated index; - o | '
() inversely transforming the remammg transformation components;
(s) rescrambling said inversely transformed composite signal generated in
step (r) with sajd scrambling code used in step (o).

20. The method according to claim 18, wherein said scrambling code used in step
(o) is selected based on relative signal strengths of said coded signals.

21. The method according to claim 20, wherein said scrambling code in step (o) is
the scrambling code associated with the coded sigunal having greatest signal strength.

22. The method according to claim 15, further comprising:

(1) collecting 2 number of samples of said composite signal;
(u) algebraically combining said samples;

L



addi ng squared nagnitudes of correspondi ng val ues from each correl ation .
set: 33. A nethod according to claim3 1, wherei | Wl

step (b) includes weighting and adding correspondi ng val UeREPLACEMEIFH SHEET
correlation set using a conplex weighting factor associ ated-w-th—each
time-shifted conposite signal. 34. A nethod accoyd ng{gt O, A %dg ql,
wherein said correlating step (a) is pek?f or med usi ng Wl sh- Haflamar d

Transf or mat i ons. 35. A nethod according to clai n 34——whereh—sai
subtracting step (djv)idividingds combiriation tesulting from steprtplocthe|nbmber0fd

Wal sh- Hadanmard Transformatjon and,further includes perfofks '

Wl sh- Had &#BPIES GomEGdoAERqUGH 2 quotient, an
(w) algebraically combining said quoticnt with said samples using the

combining process followed in step (u)- -

23. A system for decoding a composite signal having overlappiug, coded signals,
comprising: |

plurai signal extraction stages, each stage having means for recejving said composite
signal and a series of codewords and means far extracting from said composite signal a .
coded signal associated with one of said codewords, and

at least one signal elimination stage having means for eliminating from a remaining
portion of said composite signal a residual signal associated with one of said coded signals
previously extracted by said extracting means;

24. The system according to claim 23, wherein said elimination stage includes plural
climination stages, each elimination stage eliminating residual signals associated with
different ones of said coded signals previously extracted.

25. The system according to claim 23, wherein each signal extraction stage further
comprises:

first means for descrambling said composite signal using a scrambling code
associated with the coded signal to be decoded;

first means for transforming said descrambled signal and generating a plurality of
transformation components each component having an associated codeword; and

first means for transmittinQ a remaining portion of said composite signal to a next
extraction stage.

26. The system according to ¢laim 25, wherein said extracting means includes:

means for determining a transformation component baving a greatest magnitude as a
decoded signal;

UL



36. A nethod according to claim 31, wherein said subtracti ng step (d) IS
perfornmed on each tine-shifted conposite signal in an o L—depetre grf |
Ses \m

their respective signal strengths. 37. A netho WEP(LACEMEBTt

36, wherein said order is a descending order of nagnituge e
cqorrelation in each of said sets of corrgl ations correspo ?;ﬁ po-sart P
codeword determned in step (c). 38. A nethod gcqo ng to claiim:

37, wherein a set of correlations corresponding to
means for removing said decoded signal;

first means for inversely transforming remaining transformation cbmponmts- and
first means for rescrambling said mversely transformed signals to generate said

remaining composite s:gnal using said associated scrambhng code.

27. The system according to claim %. whcrein said elimination stage includes:

second means for descrambling said re_maihi_ng comyositc signal using a previous
scrambling code associated with a coded signal préviously extracted in a prior extraction
stage, ' o

second means for transforming said descrambled signal received from said second
descrambling means based on said codewords and generating a plurality of second
wansformation componeuts, | |

means for setting to zero any sccond transformation component signal corresponding
to a codeword associated with s2id previously extracted signal;

second means for inversely transforming remaining transformation components;

second means for rescrambling signals received from said second inverse transform
means to geperate said rgmaining boxﬁp’osite s1gna1 and

meaus for transmitting said res_aa_mbléd composité signal 10 a next sigpal extraction
stage.

28. The system according to claim 27, wherein said scrambling codes are selected
based on a signal strength of the associated coded signal relative to signal strengths of all
coded signals in said composite signal.

29. The system according to claim 28, wherein said scrambling code associated with

a previously decoded signal having a greatest signal strength is selected by said second
descrambling means.

L.



reconputed after said subtracting step (d) is conpleted TR
conposite signal exhibiting a higher correlation nagnitu eF“ZPL‘I\dﬁ\na\riJ éBEﬁA

met hod according to claim35, wherein before said correl ati stepm(a% S
conposite signal is descranbled with a g9sanbling code c raspdhd'i‘ng’ﬂg a
to be decoded. 40. A nethod according to fl fim39, wherei

a tine-shifted conposite signal exhi bi ti ng a lower correlation magnitude

i d

sai d inverse tr3msfiR sySemSbsiding ¢ claifb23, vHetedtledéh isipsial tomisaigdl | Ng code.

sequentially extracts coded signals in an order based on relative signal s such that a
first extraction stage extracts a strongest coded signal,

31. A method for decoding a composite signal having overlapped, coded signals and
time-delayed echoes of at Jeast some of said coded sigpals, comprising:

(a) correlaring a scries of codewords with a plurality of time-shifted versions
of said composité signal and generating a set of correlations for each time-shifted composite
sigual: . | . :

(b) combining all of said sets of correlations for said time-shifted composite
signals to. produce a combined set of correlations;

'(c) dctcnniniﬁg a.codewdrd- corresponding to a greatest correlation in said
combined set; and . :

(d) subtracting said determined codeword from at least one of said
time-shifted composite signals. |

32. A method according to claim 31, wherein said combining step (b) includes
adding squared magnitdes of corresponding values from each correlation set.

33. A method according to claim 31, wherein said combining step (b) includes

weighting and adding corresponding values from each correlation set using a complex
weighting factor associated with each time-shifted composite signal.

34. A method according to claim 31, wherein said correlating step (a) is performed
using Walsh-Hadamard Transformations.

35. A method according to claim 34, wherein said subtracting step (d) includes

setting 10_zero 2 component of said Walsh-Hadamard Transformation and further includes
performing an inverse Walsh-Hadamard Traosformation.

oLy
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36. A method according 0 claxm 31 whcrem said subtracting step (d) is performed
~on each time-shifted composite sxgnal in an order dcpendmg on their respeciive signal

strengths.

37. A method according to claim 36 wherein said order is a descending order of
magmmde of the correlation in each of said sets of correlations correspondmg to said
codeword detetmmcd in step (c)

38. A method according to claim 37, wherein 2 set of correlations corresponding to
a time-shifted composite signél exhibiting a lower correlation magnitude is recomputed after
said subtracting step (d) is completed ona time-shifted composite signal exhibiting a higher
correlation magnitude. |

39. A method according to claim 35, wherein before said correlating step (a) said
composite signal is descrambled with a scrambling code corresponding to a signal to be

decoded.

40, A method according to claim 39, wherein said inverse transformed signal is
rescrambled using said scrambling code. |

L



10

15

20

REPLACEMENT SHEET

: 51 - 20 AUG 1999

poer

CDMA SUBTRACTIVE DEMODULATION

BS OF THE DISCLOSUR

Subtractive CDMA demodulation optimally decodes
a coded information signal embedded in many other
overlapping signals making up a received, composite
signal. A radio receiver (25) correlates a unique code
corresponding to the desired signal to be decoded with
the composite signal. Moreover, after each information
signal is successfully decoded (processor 40), it is
recoded and removed from the composite signal.
Subtractive CDMA demodulation is enhanced by decoding the
composite signal in the order of strongest to weakest
signal strength (signal strength processor 29). The
individual information signals are spread using block
error correction codes which are correlated with the
composite signal using Fast Walsh transforms (correlator
30). Correlated signals identified as the largest
transform component are removed from the composite signal
and the remaining composite signal is reformulated using
an inverted Fast Walsh transform. Any residual error or
interference caused during the extraction_of a transform
component is removed by recorrelating the composite
signal using the index of that transform component.

Figure 7



