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CDMA SUBTRACTIVE DEMODULATION

FIELD OF THE INVENTION
The present invention relates to the use of Code
5 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 in

signal strength order.
10
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
15 has far exceeded expectations and is outstripping system -

capacity. If this trend continues, the effects of rapid

growth will soon reach even the smallest marketé. Innovative

solutions are required to meet these increasing capacity needs

as well as maintain high quality service and avoid rising
20 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

25 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 carried comfortably and used to make or receive calls
in the home, office, street, car, etc.), Would be provided by

30 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.
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Currently, channel access 1is 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

5 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

10 the available frequencies as well as by limitations imposed by
channel reuse.

In TDMA systems, as shown in Fig. 1(b), 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

15 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 other synchronization element that only
passes signal energy received at the proper time. Thus, the
problenm of' interference from different relative signal

20 strength levels is reduced.

Capacity in a TDMA system is increased by
compressing the transmission signal into a shorter time slot.
As a result, the information must be transmitted at a
correspondingly faster burst rate which increases the amount

25 of occupied spectrum proportionally.

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 Access (CDMA)

30 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
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generation digital cellular systeminfrastructure and Thissh I
frequenci es. Theé key feature denmanded in these new systi r‘mﬂ ‘ad
traffic capacity. - Currently, channel access is  a

Frequency Division Miltiple. Access (FDVA) and Tine ‘Division Miltiple Access

(TDMA) methods. As illustrated in Fig._1{a),

each other. In principal, the informational data stream to be

transmitted is impressed upon a much higher bit rate data

stream generated by a pseudo-random code generator. The

informational data stream and the high bit rate data stream

5 are combined by multiplying the two bit streams together.

This combination of the higher bit rate signal with the lower

bit rate data stream is called coding or spreading the

informational data stream signal. Each informational data

stream or channel is allocated a unique spreading code. A

10 plurality of coded information signals are transmitted on

radio frequency carrier waves and jointly received as a

composite signal 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. By correlating

15 the composite signal with one of the unique codes, the
corresponding information signal is isolated and decoded.

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 twenty times

20 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 spectrum in every cell. CDMA is

virtually immune to multi-path interference, and eliminates

25 fading and static to enhance performance in urban areas. CDMA

transmission of voice by a high bit rate decoder insures

superior, 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

30 completely eliminates cross talk and makes it very difficult

and costly to eavesdrop or track calls, insuring greater

privacy for callers and greater immunity from air time fraud.



ih FDMA, a conmunication channel is a single radio frequency 5 band into
which a signal's transm ssion power is concentrated.—lnterference with

adj acent channels is |limted by the use of band pas iigters whi ch only
pass signal .energy within the specified frequency ba heet en gedeach
channel being assigned a different frequency, system mted by
10 the available frequencies as well as by limtatio channe
reuse. In TDVA systens, as shown in Fig. 1(b), a channel consists of a tine
slot in a periodic train of time interval,s _over the same frequency. Each
period of time slots is called 15 a framd. A given signal's energy is
confined to one of these tine slots. Adjacent channel interference is

limted by the Despite the numerous 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

5 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

10 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.

15 SUMMARY OF THE INVENTION -

The present invention resolves the above-mentioned
' problems using a subtractive CDMA demodulation technique. 1In
order to optimally decode a coded information signal embedded
in many other overlapping signals making up a received
20 compoéite signal, a radio receiﬁer correlates a unique code
corresponding to the signal to be decoded with the composite
signal. After each information signal is decoded, it is
recoded and removed from the composite signal. As a result,
subsequent correlations of other information signals in the
25 received composite signal can be performed with 1less

interference and, therefore, with greater accuracy.

The subtractive demodulation technique is enhanced
by decoding the composite signal in an order of the
information signals from strongest to weakest signal strength.

30 In other words, the strongest signal is correlated and removed
first. 1Interference caused by the presence of the strongest
information signal in the composite signal during the
decoding/correlation of weaker signals is thefeby removed.



dse of a time gate or other synchronization el enent that only passes signal
energy received at the proper tine. Thus, the problemof interference from
different relative signal 20 strength levels is reducé‘_"fﬁpacrfy— Th— a
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shorter tinme slot. As a result, the information nus at a
correspondi ngly faster burst rate whi ch increases the w m CCUpI ed
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systens, the goal is to insure that two potentlally interfering
signal s do not occupy the same frequency %at™the same tinme. In contrast,

Code Division Miltiple Access (CDWVA)

‘Thus, the chances of accurately decoding even the weakest
signal is greatly improved.
In a preferred embodiment of the invention, the
encoding of the individual information signals is carried out
5 by assigning each signal a unique, block-error correction code
which may be readily correlated wusing a Fast Walsh
Transformation circuit. Correlated signals are recoded by
repeating the Fast Walsh Transformation a second time so they
may be removed from the composite signal.
10
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 illustrated in
15 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;
20 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;
Fig. 6 1is a functional schematic of a CDMA
25 transmitter and receiver; ’
Fig. 7 1is a functional schematic of a CDMA
subtractive demodulator according to the present invention:;
Fig 8 is a functional schematic of the signal
strength processor illustrated in Fig. 7;
30 Fig. 9 is a graph comparing the signal-to-noise
ratio of conventional CDMA with that of subtractive CDMA
according to the present invention; and
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30 al | ows signals to overlap in both time and frequency, as illustrated in
Fig. 1(c). Thus, all CDMA signals share the sane frequency spectrum__In

either the frequency or the tinme domain, the nulti pTTesma%‘ssBegAE F S appear

to be on tqp of -3- each other. In prlnC|paI t he at a
streamto be transnitted is | mpressed upon a much hi ng ata
stream generated by a pseudo-random code gener at or onal

data streamand the high bit rate data stream 5 are conbi ned by nultiplying

the two bit streanms together. -6 -

Fig. 10 is a functional schematic of a further
embodiment of the CDMA subtractive demodulator according to
the present invention;

5 DETAILED DESCRIPTION OF THE PREFE D EMBODIMENTS
While the following description is in the context of

cellular communications systems involving portable or mobile
radio telephones and/or personal communication networks, it
will be understood' by those skilled in the art that the
10 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

15 processes involved in traditional CDMA systems. Using these
same wave form 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

20 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, the term "bit" refers to one digit

25 of the information signal. The term "bit period" refers to
the time period between the start and the finish of the bit
signal. The term "chip" refers to one digit of the high rate
coding signal. Accordingly, the chip period refers to the
time period between the start and the finish of the chip

30 signal. Naturally, the bit periéd 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
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Thi s conbination of the higher bit rate signal with the lower bit rate data
streamis called coding or spreading the informational data stream signal
Each informati onal data streamor channel is allocated a unique spreading
code. A 1Q plurality of coded information signal %'hlmetﬁlaahswké e on radio

frequency carrier waves and jointly received as a j | at a
receiver. Each of the coded signals overlaps all ded

signals, as well as noise- related signals, in both frequency and tinme. By
correlating 15 the conposite signal w thyope of the unique codes, the
correspondi ng information signal is isolated and decoded. There are a
nunber of advantages associated with CDMA conmuni cation techniques. The

capacity | o# t éwef SPlAry waveforms is essentially an exclusive-OR

operation. A similar series of operations is carried out for

signal 2 as shown in signal graphs (d)-(f). In practice, of

course, many more than two, coded information signals are

5 spread across the frequency spectrum available for cellular
telephone 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

10 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

15 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

20 (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
"0") of each information bit period of the signal.

' These decisions may be made by taking an average or

25 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 +0.66 which readily indicates a 'bit polarity +1.

30 Similarly, during the subsequent bit period,. the average chip
value is -1.33. As a result, the bit polarity was most likely
a -1. However, in the third bit period, the average is zero,
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acceptable polarity value.
In ambiquous situations, a "soft decision" making
process must be used to determine the bit polarity. For
5 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.

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

Theofetically, this decoding scheme can be used to

15 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

20 certain number of orthogonal codes exist for a finite word
length. Another problem is that orthogonality can be
maintained only when the relative time alignment between two
signals is strictly maintained. In communications
environments where portable radio units are moving constantly,

25 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

30 telephone. 1In comparison with the originally coded signal
energies, however, the energy of the noise signals is usually
small. The term "processing gain" is often used to compare
relative signal energies. Processing gain is defined as the
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ratio of the spreading or coding bit rate to the underlying
information bit rate. Thus, the processing gain is
essentially the spreading ratio. 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
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 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
context of the present invention, noise includes both hostile
and friendly signals. In 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 10:1 is required, and the
processing gain is 1000:1, conventional CDMA systems have the
capacity to allow up to 101 signals to share the same channel.
During decoding, 100 of the 101 signals are suppressed to
1/1000th of their original interfering power. The total
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
interference energy, 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

te
i t ed

C s% Because
© edt he



ot her overl apping signals as well as background noise. The 10 problemto
be solved, therefore, is howto increase system capaci | e
to maintain a reasonabl e signal-to- noise ratio so that &g can
be carried out efficiently and accurately. 15 §wgqg53gﬁﬁ Y

OF THE | NVENTI ON The present invention resol ves the aboﬂ“\m“%tﬂ

probl ems using a subtractive CDVA denmpdul ation techniqu

optimally decode a coded information signal enbedded in nany other

over | appi ng signals making up a received § conposite signal, a radio
receiver correlates a unique code corres& nding to the signal to be decoded

with the conposite signal. After each information signal is decoded, it

IS 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

5 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

10 received, composite signal are not unknown jamming signals or

environmental noise that cannot be correlated. Insteaa, 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

15 corresponding codes, is used in the present invention to

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

20 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 already decoded signals do not interfere with

25 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 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

30 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 is significant that while the conventional CDMA

decoding method was unable to determine whether the polarity
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recoded and renoved fromthe conposite signal . As a result, subsequent
correlations of other information signals in the 25——Leee+¥ed~—eenpes+%e
signal can be perforned with |I|ess interference d, ref or

greater accuracy. The subtractive denpdul ation techn?ﬂ hﬁpﬁ” 1&

decodi ng t he conposite signal in an order of the infor from
strongest to weakest signal strength. 30 " In other mor es
signal is correlated and renoved first. Interference caused by the presence
of the strongest information signal in_th etconposite signal during the
decodlng/correlatlon of weaker signals isS thereby renoved. '

of the information bit in the third bit period of signal 1 was

a +1 or a -1 in the signal graph (£) of Fig. 3, the decoding

method of the present invention effectively resolves that

ambiguity simply by removing signal 2 from the composite
5 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. The
coded signal is used to modulate an RF carrier in a mixer 22.

10 The modulated carrier is transmitted over the air interface
via a transmitting antenna 24. Other digital information from
other transmitters (2...N) may be transmitted in a similar
fashion. A receiving antenna 26 of a radio receiver 25
receives a composite, RF signal and demodulates the composite

15 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 with the composite signal. 1In theory,
only the appropriate signal is correlated and reconstructed in

20 a decoder 34.

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

25 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

30 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 afbitrarily, in

.
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I nproved. In a preferred enbodi nent of the invention, the encoding of the

i ndividual information signals is carried out 5 by*assrgﬁTﬁ@’ééE%—ETbnal a -
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Fast Walsh Transformation circuit. Correlated signal

repeati ng the Fast Wal sh Transfornati on a 'second tine

renoved fromthe conposite signal. 10 BRI EF DESCRI PTI

present invention will now be describedifarnwe
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"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
5 signal. In the context of cellular systems, if 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 processor 29.

10 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 of the signal strength processor

15 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 implemented using a suitably'
programmed microprocessor. The total composite signal
received by the antenna 26 is squared in multiplier 100, and

20 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.

25 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

30 correlated output 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.
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‘détail with reference to preferred enbodi nents of the invention, given only
by way of exanple, and illustrated in 15 the acconpanying dravm ngs, in

which: Figs. 1(a)-1(c) are plots of access channel s using dirfferent—-—

mul ti pl e acgess techniques; Fig. 2 shows a series of Ths38pRsHdsBLd t| ng
how CDMA si gnal s are generated; 20 Fi gs. 3

series of graphs for illustrating how CDVA signals w&m g. 5
shows a series of graphs illustrating CDVA subtractlve

according to the present invention; Fig. @ is a functional schematic of a
CDMA 25 transmtter and receiver;

3, the average or integrated voltage value over the integrated
time petiod 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
5 - insures that the sign of the integrator 108 output signal,
delayed by a delay 112, is always positive. The absolute
value device 114 may be, for example, an inverter controlled
by the bit polarity decision device 110.

The absolute value of the average correlation signal
10 (B) is divided in a divider 116 by the square root of the RMS
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 total composite strength of the signal
15 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 decoded signal. Due to multipath fading of the signal,
the actual number of bit periods should probably be on the
20 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 associated average
strength value. A sorter 122 compares each of these average
signal strength values and sorts them from strongest to
25 weakest. At that point, the sorter 122 transmits the local
spreading code of the strongest signal to the local code
generator 104 so that the strongest signal 1is always
demodulated and extracted at the next data bit period. Lesser
strength signals are demodulated in order of signal strength
30 as determined by the sorter 122. The sorter 122 functions may
be readily implemented by a microprocessor using a softwére

sorting program. .



Fi g. "7 is a functional schematic of a CDVA subtractive denodul at or

according to the present invention; Fig 8 is a functional sechematic of the

signal strength processorlllustrated in Fig. 7; 30 s BedilF@pla®di s a
graph conparing the signal-to-noise ratio of convent i i é‘ t hat of
subtractive CDVA according to the present invention; M“

Is a functional schematic of a further enbodi nent of th actlve
denodul at or according to

- 14 -

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 strength priority. 1In

5 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 a weighted sum of previous values with the

10 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 effectively
without having to actually perform another sequence of signal
decoding and measurements. '

15 _ If the signal strength processor 29 determines that
the actual results of the decoding of the composite 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

20 sequence to reflect the actual signal strength order.
Subsequently, the demodulation process 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

25 data or interruption in traffic because the composite signal
is 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. '

30 By correlating the output signal of the first 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



3

t'he bresent I nvention; 5 DETAI LED DESCRI PTI ON OF THE PREFERRED
EMBODI MENTS While the follow ng descriptionis in the context of cellular
communi cati ons systens invol ving portable or nobile radio tel ephones and/ or

per sonal communi cation networks, it will be understoodhjgh eenReplecedh - |,
the art that the 10 present invention-may be applied t ﬂ u
comuni cations applications. The present invention wl|l

conjunction with the signal graphs shown in Figs. 2-4 which set forth
exanpl e wavefornms in the coding and decoding 15 processes involved in
traditional CDMA systems. Using these sdP wave form exanples from Fi gs.
2-4, the inproved :

bed in

signal is filteréd in a low pass filter 42 in order to reject

interference generated by noise and unrelated signals.

Instead of the low pass filter 42, a hajority vote circuit or

. an integrate and dump circuit may be used to reduce or

5 despread the bandwidth or bit rate of the correlated signal.

The output signal generated by the low pass filter 42 is

processed further in an error correction decoder 44 which

finally reduces the signal bandwidth or bit rate to the

underlying digital information. The decoded, information

10 signal may 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 waveform of the

signal just decoded. The purpose for reconstructing/recoding

15 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 first decoded signal.

The residual composite signal, from which the first

20 signal has been decoded and subtracted, is passed from the

subtractor 20 to the input of a second digital processing

block 40' similar to the first block 40. The only difference

between the two digital prbcessing blocks 40 and 40' is that

the code generator 32' is programmed to match the code

25 corresponding to a second signal to be demodulated. In the

preferred embodiment of the invention, the second signal to be

demodulated is the signal having the next greatest signal-

strength. Those skilled in the art will recognize that the

second signal processing block 40' may be implemented by

30 recursive use of the first signal processing block 40 in order

to avoid duplicating hardware. The second signal processing

block 40' produces a second, decoded signal from the error

correction decoder 44' and subtracts a reconstructed, second
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performance of the present invention over conventional CDVA is illustrated
in Fig. 5. Two different data streans, shown in Fig. 2 as 20 signal graphs
(a) and (d), represent digitized information to be conmuni cated over two
separ ate copmmuni cati on channels. Signal 1 is nodul ated using a high bit
rate, digital code unique to signal 1 as shown in signal graph (b). For
purposes of the present invention, the term"bit" refers to one digit 25

of the information signal. The term"bit period" refers to the tinme period
between the start and the finish of thgl¥#_§lgnal. The term "chip"” refers
to one digit of the high rate coding signal. Accordingly, the chip period
refers to the tinme period between the start and the finish of the chip

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 processing and so on.
It will be appreciated that a key element of the
5 present invention is that the sequence of demodulation and
extraction of individual information signals is in the order
of highest signal strength to 1lowest signal strength.
Initially, when the composite signal includes many signals,
the signal most likely to be detected accurately is the signal
10 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
15 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
20 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
25 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-to-noise ratio). This limit, however, is
30 considerably more favorable than the conventional limit which
is reached whén the sum of the power of all the stronger
signals exceeds the power of the weakest signal by more than
the available processing gain.



30 signal. Naturally, the bit period is much greater than the chip
period. - The result of this nodulation, which is essentially t he
product of the two signal waveforns, is shown in the stgmat_graptr (T)- ‘Tn
Bool ean notation, the nodulation -7- of two Di nar%lsgﬂ@eyﬁ;scgem la&

essentially an’ exclusive-OR operation. A sinilar serl Im m s S

carried out for signal 2 as shown in signal graphs (d)- | ce,
of course, many nore than two, coded information si gnal
across the frequency spectrum avail able fpr_cellul ar

In estimating the capacity gain, the Rayleigh
distribution is used as a representative signal 1level
distribution in a cellular telephone environment. Assuming
use of feedback power control, the long-term mean strength of

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

P(A)dA = 2A exp(-A%)dA

10 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

15 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

20 1 - etWR
will not be decodable, and a certa:.n number of signals

e(-N/R)
will be decodable. Thus, the maximum number of signals that
can be decoded is

25 N ef-i/R)

When N is chosen to be equal to R, the number of decodable
signals becomes N/e. Thus, the loss due to the signal
strength distribution is a factor e. In practice, it is
doubtful that this capacity could be reached while providing

30 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



t'el ephone communi cations. Each coded signal is used to nodulate a RF
carrier using any one of a nunber of npdul ation techniques, such as
Quadrature Phase Shift Keying (QPSK). Each nodul ated carrier s -
transmtted, over an air interface. At a radio recelverThsﬁthhsBaqumkuM
base station, all of the signals that overlap in the al

bandwi dt h are received together. The individually code

added, as represented in the signal graphs (a)-(c) of Fig , to forma 15
conposite signal waveform After denodul agi en of the recelved signal to the
appropri ate baseband frequency, the decoding of the conposite signal takes

pl ace. Signal 1 nmay be decoded or despread by
decodable 95% of the time, for example, would entail a

substantial loss in capacity. This further loss is the margin

that must be built in to the system capacity to allow for
signal fading.

5 In the case of the present invention, however, each
signal suffers from interference only from those 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
10 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 &%/ (1-(a% +1)exp -A?

15 : I N

Figure 9 is a plot of the function
A% / (1-(A? + 1)e’p -A?
showing that it is never less than 5.8 dB (3.8:1 power
20 ratio), with the minimum occurring at A = 1.79. The S/I
improves for signals having an amplitude larger than 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 smaller than 1.79
25 because fewer unsubtracted, interfering signals remain below
this signal level.
Consequently, all signals are decodable provided

that
R/N > 1/3.8
30 that is
N < 3.8R
Compared to the conventional CDMA demodulator capacity limit

of
N < R/e (without fading margin)



1

rul ti plying the received conposite signal in the signal graph 20 (c) with
the uni que code used originally to nodulate 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 informati disijheet HasBeenRepliced he
signal. These decisions may be nade by taking an averag ity
vote of the chip polarities during one bit period. Such I n"
maki ng processes are acceptable as long as there is no signal anbiguity.
For exanple, during the first bit periadjon-the signal graph (f), the
average chip value is +0.66 which readily indicates a bit polarity +1. 30
Simlarly, during the subsequent bit period, the average chip value is '
-1.33. As athestlihventienbhiaspal aaphyeitys advanthigkeloff 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

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 systems.

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 and

15 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.

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 well known
redundant coding procedure for assigning a confidence value

25 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

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



d -1. However, in the third bit period, the average is zero, - 8- and
the majority vote or averaging test fails to provide an acceptabie pUIdliLy"
val ue. I n anbi guous situations, a "soft decision" naking pm@g@aghgy§5

used to determ ne the bit polarlty For 5 exanple, an andl

proportional to the received signal after despreading may 3

over the nunber of chip periods corresponding to a S|ngle|

The sign or polarity of the net integration result indicates that the

- 20 -

While the principles of -continuous spreading codes
were described initially in conjunction with Figs. 3-5,
superior methods of spreading the spectrum of an information
signal may'be achieved using error correction coding. When
5 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
10 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
15 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
20 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 given by the
bits of the code. Maximum correlation or projection of the
signal is achieved if the end point of the signal vector and
25 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
30 complex, correlation product corresponding to the desired
signal demodulated. The other signals do not contribute to
the resulting magnitude of the correlation product because
they have zero projection on the correlation line I+jQ.



bi t Qalue is a +1 or -1. 10 The decoding of signal 2, simlar to’
that of signal 1, is illustrated in the signal graphs (a)-(d) of Fig. 4.
However, after decoding, there are no anbi guous, bit pd‘hlaSheblﬁasBceu&m

Theoretlcally, this decodi ng scheme can be used to 15

that makes up the conposite signal. Ideally, the contri

interfering signals is mnimzed if the digital spreading codes are
orthogonal to the unwanted signals. Two codes are orthogonal if exactly
one half of their bits are different. _ #ﬁrortunately, only a 20 certain
nunber of orthogonal codes exist for a fifmte word | ength. Anot her
problem is that orthogonality can be

More generally, a sum of randomly coded signals

gnal
t ed,

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
5 any one of these other signals is, by Pythagoras,

al® + a2? + a3%. . . . .where al, a2, a3. . . . 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

10 first signal's code and subtracting a corresponding amount
of the code vector, the residual signal has a zero
projection along the code vector. Esseﬁtially,'the signal
has been projected onto a plane or subspace of R-1
dimensions, with 1/R of its power lying along the code

15 correlation line having disappeared.

This loss of the total poWer along the code
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

20 subtracted from the total or composite signal. If the
signals were all orthogonal, no such loss would occur.
Otherwise, 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

25 prior, demodulated signal. An attempt to demodulate and
extract R or more signals, with 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

30 demodulate. The present invention allows more than R
overlapping signals to be demodulated by reducing the
correlation loss.



mai nt ai ned only when the relative tine alignnment between two signals S
strictly nmaintained. In communi cations environnents where portable
radio units are noving constantly, 25 such as in cellular systens, tine
alignment is difficult to achieve. Wen code orthogonality cannot be
guar ant eed, noi se- based signals may interfere with the actual bit
sequences produced by different code generators, e.g. the nobile 30

t el ephone. In conparison with the originally coded signal energies,
however, the energy of the noise signals_is usually small. The term
"processing gain" is often used to_conﬁa?a relative signal energies.
Processing gain is defined as the

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 ampiitude of the

5 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 and
removed. The present invention estimates the optimum amount
of a decoded signal to be subtracted by employing at least

10 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 signal.

In another preferred embodiment of the present
invention, signals are evaluated using “intelligent

15 spreading" based on orthogonal or bi-orthogonal block coding
of the information to be transmitted. In orthogonal block
coding, a number M of bits to be transmitted are converted
to one of 2" available 2"-bit orthogonal codewords. A set
of codewords can be constructed as follows:

20 The trivial case M=1 produces two, 2-bit words
WO = oo
Wl = 01

25 which is regarded as a 2x2 bit matrix

M1 = 00
01
30
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
35 M1 M1
M(i+1) = | Mi Mi |
Mi Mi



-9- ratio of the spreading or coding bit rate to the under+y+ﬂg~LnLQLn§LL9n

bit rate. Thus, the processing gain is essential % ﬁh eadi ng
ratio. The higher the coding bit rate, the wi der the |n e € @ad
and the greater the 5 spreading ratio. For exanpl e,: a

second information rate used to nodul ate a one nmegabi t p

si gnal has processing-gain of 1000:1. Large processing gains reduce the
chance of decodi ng noi se signals nodul ated using uncorrel ated codes.
For 10 exanple, processing gain is used ipp military contexts to

These matrices are known as Walsh-Hadamard
matrices.
Decoding these orthogonal codes involves
" correlation with all members of the set of code words. The
5 binary index of the codeword giving the highest correlation
~ yields the desired information. For example, 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
10 binary word 1010 (10 in binarY). Such a code is also termed
a [16,4] orthogonal block code and has a spreading ratio R
equal to 16/4 = 4.
If the Walsh-Hadamard matrices are augmented using
the complementary code words, (all 16 bits are inverted),
15 one further bit of information may be conveyed per codeword.
Thus, 5 bits of information are conveyed by transmitting one
of 16 code words or one of their 16 complements, providing a
total choice of 32. This type of coding is known as
bi-orthogonal coding. For higher spreading ratios, a
20 ([128,8] bi-orthogonal block code may be used, having a 16:1
spreading ratio. 1Indeed, t256 91, [512,10], ......
[32768,16]... etc. bi-orthogonal block codes may be used.
Using modulo-two addition, a scrambling code may
be added to the block code to insure that the coding is
25 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 field, to applying
an axis rotation. The scrambling code may be descrambled by
modulo-2 adding the correct scrambling code .a second time at
30 the receiver to align the axes once more with the codewords
of the Walsh-Hadamard matrix.
A significant feature of the present invention is
that simultaneous correlation with all the orthogonal block



neasure the suppression of hostile janming signals. In other environnents,
such as cellular systens, processing gain refers to suppressing other,
friendly signals that are present on the sane conmuni cations channel -with
an uncorrel ated code. In the 15 context of the present invention, noise

i ncl udes both hostile and friendly signals. In fact, noise is defined as
any other signals other than the signal of interest, i.e., the signal to be
decoded. Expandi ng the exanpl e descri bed above, if a
signal-to-interference ratio of 10:1 ig_gﬁﬂqued, and the 20 processing
gain is 1000: 1, conventional CDVA systens have the capacity to allow up to
101 signals to share the same channel. During decoding, 100 of the 101

iihgnglotsaﬁr € cHRP RIS i al/sH0 MY He i forMdd)idid i d i Ty € o f
the Fast Walsh Transform. In the case of a [128,7] code for -
example, 128 input signal samples are transformed into a
128-point Walsh spectrum in which each point represents the

5 wvalue of the correlation of the composite signal with one
codeword. Such a transform process will now be described.
With reference to Fig. 10, a serial signal sample collector
60 takes a number of samples in series from the receiver
equal to the number of bits in the cbded word, e.g., 128,

10 and stores them in an internal, buffer memory, and converts.
thenm to parallei format. A descrambler 62 removes a
scrambling code by either inverting a signal sample or not
according to the corresponding bit polarity of the
scrambling code. The samples are transferred in parallel to

15 the Fast Walsh Transform Block Decoder 64 which generates
the Walsh spectrum. In other words, a number of values are
generated representing the degree of correlation between the
composite signal received and each of the orthogonal code
words. The signal whose axes were correctly aligned in the

20 Galois field by the descrambling operation yields one
dominant component in the Walsh spectrum whose index and
sign convey 7 bits of information. Other components of the
spectrum are caused by noise and differently scrambled
signals.

25 A comparison processor 66 determines which
correlation has the largest magnitude and sets that signal
to zero by opening the corresponding switch 67. In this
manner, the demodulated signal is subtracted effectively
from the composite signal. The remaining spectrum with one

30 component removed is processed in an inverse Fast Walsh

' Transform Block Recoding Circuit 68 and re~scrambled with
the same scrambling code in a rescrambler 70 to reconstruct
the original 128 signal samples minus the just-decoded



interference energy is thus 100/1000 or 1/10 as conpared to 25 the
desired information energy of one (1). Wth the |nfornat|on
signal energy ten tinmes greater than the interfer
i nformati on:signal may be correl ated accurately. Toget her '

signal -to-interference 30 ratio, the processing gain det

of allowed overlapping signals in the sane channel. That this 1s stil

conventional view of the capacity linmts of CDVA systems may be gleaned by
readi ng, for exanple, "On the Capacity_obga_

|red

signal. The magnitude of the correlated signal is
representative of signal strength and is stored in a sorting
processor 69 along with its corresponding scrambling code.
The processor 69 orders the scrambling codes from greatest

5 to weakest correlated signal magnitudes. The code with the
greatest magnitude is then transmitted to the descrambler 62
for the next signal demodulation.

The residual, composite signal, with a first

decoded signal removed according to the subtractive

10 principle of the invention, is descrambled again using the
descrambling code of a second signal to be decoded and
submitted to a second Fast Walsh Transform operation for
decoding, and so on. As described previously, the order in
which signals are decoded and subtracted by the above means

15 1is governed by the order of use of the descrambling codes,
which in the preferred embodiment are in descending order of
the predicted strengths of their corresponding information
signals. This process is repeated a number of times to
decode a number of signals. _

20 While only one fast Walsh Transform block decoder
64 has been shown, two fast Walsh Transform block dechers
are in fact used in parallel to process the real and
imaginary correlation magnitudes of the descrambled signal.
Accordingly, the comparison processor 66 detects 128 real

25 and 128 imaginary correlations and determines 128 complex
correlation magnitudes by calculating the square root of the
sum of the squares of the real and imaginary components.

The comparison processor 66 then determines which complex
correlation has the greatest magnitude. The real and

30 imaginary components of the selected correlation are
analyzed in the complex plane to determine if the phase is
changed, e.g. a phase difference of 180° from the previous
time that signal was decoded. Two phase possibilities, for



-10- Cellular CDVA System" by G | housen, Jacobs, Viterbi, Waver and
Wheat | ey, Trans. | EEE on Vehicul ar Technol ogy, hbvenEgL_lQQQ___n_conLLas

to the conventional view an inportant 5 aspect of the present i nven S
the recognition that the suppression of friendly CDVA B a“
limted by the proce55|ng gain of the spread spectrun1d ii ‘s the
case with the suppression of mlitary type janmm ng S|gn

percentage of the other signals included in a 10 received, conposite
signal are not unknown janm ng signals orenvironnental noise that cannot
be correlated. Instead, nost of the noise, as defined above, is known and

Is used to
example 0° and 180°, allow for one additional bit of

information to be transmitted with each 128 code, e.g. in-
phase corresponding to a "1" and 180° out-of-phase
corresponding to a "0", By taking advantage of this phase

5 difference, biorthogonal coding [128, 8] is achieved. As
will be recognized by those skilled in the art, additional
information bits may be transmitted by taking advantage of
smaller phase differences, e.g. 90°, 45°, etc. As described
earlier, a Kalman filtering algorithm may be used to track

10 the real and imaginary components of each correlated signal
to extract phase information.

The correlative loss involved in the above-
described process is as follows. At each stage, the Walsh
spectrum component having the greatest correlation, as

15 determined by the comparator 66, is set to zero, effectively
removing the signal just decoded. Thus, on average 1/128 of
the power is removed from the composite signal. It is
recalled that the spreading ratio is 128/8 = 16. Therefore,
the correlative loss is only 1/128 of the total power

20 (0.04dB) per decoded signal, compared to 1/16 of the total
power for "dumb spreading" of the same spreading ratip. By
the use of block coding or a similar form of intelligent
spreading, the subtractive demodulation according to the
present invention may be employed to decode and extract from

25 a composite signal a number of information-bearing signals
that exceed the bandwidth expansion ratio of the code,
without encountering excessive correlative loss.

~ In the context of mobile radio telephones in
cellular systems, different signals originate from different

30 transmission mobile stations or portable radio telephones
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



f'acilitate decoding the signal of interest. The fact that nost of these

noise signals are known, as are their 15 corré*bnndrﬁg—egdes+\L§_
used in the present invention to inprove system capaciThi saity iccuracy

of the signal decoding process. Rather than sinply. dec gi on
si gnal fromthe ‘conposite signal, the present inventio uwa!

each information signal fromthe conposite signal after
decoded. Those signals that remain are decoded only fromthe residual of

t he conposite signal. Consequently, £ exi stence of signal transm ssions
in the comruni cati ons channel fromthe already decoded signals do not
interfere with 25 the decodi ng of other signals. For exanple, in

Fig. 5 if gisparity 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

5 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.

10 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

15 propagation path may consist only of such echoes. Any
direct pafh, 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, fading
results because of the multiple paths adding sometimes

20 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 (1/bandwidth in hertz) must be treated as having

25 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 effected by independent amplitude fading and
phase rotation due to fractional bit-period delays. In

30 this situation, the present invention employs a type of a
conventional decoder known as a RAKE receiver to integrate
information from bit-period delayed paths. The RAKE
receiver correlates the despreading code with the current



si-gnal 2 has al ready been decoded as shown in the signal graph (a), the
coded formof signal 2 can be reconstructed as shown in the signal graphs
(b) and (c) and subtracted fromthe conposite signal in the signal graph
(d) to leave coded signal 30 1 in the signal graph (e). Signal 1 is
recaptured ea5|ly by nultiplying the coded signal 1 with code 1 to
reconstruct signal 1. It is significant that while the conventional CDVA
decodi ng nmet hod was unable to determ ne whether the polarity - 11 - of
the information bit in the third bit perigd of signal 1 was

signal sampies as well as the signal samples delayed by one
bit period, the signal samples delayed by two bit periods,
etc., and combines the correlation results before
determining the information content of the signal.

5 Delayed versions of the ihput signal are processed
in the Fast Walsh Transform decoder 64 and the 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

10 relative phase rotation and weighting. In either case, Fast
Walsh Transforms are 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 magnitude

15 of corresponding complex Walsh spectral components are 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 phase-align
corresponding Walsh components before addition.

20 Phase-alignment is accomplished by means of a
complex multiplication that can simultaneously include an
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

25 components until they align on a single axis, and the Walsh
component having the largest value on this axis is
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

30 component (real or imaginary) of the complex Walsh spectrum
ascribed to the decoded signal is removed after decoding,
the correlative loss experienced by other signals is also
reduced. For example, the absolute phase shift of the



a-+1 or a -1in the signal graph (f) of Fig. 3, the decoding nethod of the
present invention effectively resolves that anmbiguity S|nply by renDV|n

signal 2 fromthe conposite 5 signal. Fig. 6 illustratd¥is
CDVA system Digital information 1 to be transmtte E
comuni cati ons channel is coded in a CDVA encoder 20.° |s
used to nodul ate an RF carrier in a mxer 22. 10 The nndulated carrler
transmtted over the air interface via a transntting antenna 24. CIher
digital information fromother transmt+ezs £2...N) may be transmtted in a
simlar fashion. A receiving antenna 26 of a radio receiver 25 receives a

conposite, RF signal and denodul ates the conposite
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.
In the same way that energy arising on different
5 .signal paths may be utilized by combining the results of
multiple despreading correlations, the signals arriving on
different antennas may be combined to form a diversity
receiving system. If an array of antennas is connected to

an array of correlating receivers through a beam-forming

10 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 have the greatest signal strength
because the antenna beam formed to that receiver points

15 north. In a receiver associated with a southerly pointing
beam, the strength of the signal S1 is reduced and a second
signal S2 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

20 different point in the signal-strength priofitized séquence
and with different remainihg 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

25 further advantages.

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.

30 The present application contemplates any and all
modifications that fall within the spirit and scope of the
underlying invention disclosed and claimed herein.



15 signal u5|ng——aﬁe%he+—ﬁ+*e+-28 The desired signal 1is extracted

fromthe conposi po[a%c1 Rgﬁ|tl lying the correspondi ng code used to
originally code ?Tlﬂi in the CDVA encoder 20 with the

conposi te signal y t he appropriate signal is correlated and
reconstructed in A detail ed enbodi nent of the decoder 34
w Il now be described in conjunctlon wth Fig. 7. Amultiplicity of coded
signal s overlapping in the sanme communi cations channel—is—+eecei-ved—at—the

antenna 26 as a conposite, RF signal. Thgg2s denndula he
received RF signal to a convenient frequency for proc ‘@@n[ﬂ%m%ﬂm '
conveni ent frequency may, for exanple, lie around zer s , and
t he conposi CBAIMS: :

1. A multiple access, spread spectrum
communications system for communicating information signals
5 Dbetween plural stations using code division spread spectrunm
communications signals, each station comprising:
transmission means for spreading an
information signal with a corresponding spreading code and
for transmitting a spread-coded signal, and

10 receiving means for receiving a composite
signal of plural, overlapping spread-coded signals,
including:

code ordering means for ordering
individual spreading codes in an order according to the

15 relative signal strengths of said information signals;

'decoding means for recursively decoding
said composite signal with a first ordered spreading code
received from said code ordering means to generate a series
of decoded signals;

20 recodlng means for successively recoding
said decoded signals using corresponding spreading codes to
generate a series of recoded signals;

signal removal means for successively
removing said recoded signals from said composite signal;

25 and

, code selection means for successively
selecting a next, ordered code from said code ordering
means.

30 2. The system according to claim 1, wherein said |
order of relative signal strength is from greatest to
weakest strength. '



si gnal may consi st of ctonptex—facter—eonponents having real and inmagi nary
or | and Q conponent $his Sheet Has Been RébIdckd 8t di gital 30 processing bl ock 40

i ncludes a first code et 'to match the code of the first
signal to be denodul at mmmgnﬁﬂt specific code to W
generator 32 in the fi ; ssing block 40 may be sel ecte
arbitrarily, in -12- the preferred enbodi ment of theZ”M‘ﬂMﬂm N,
c L M S MﬂA

the order in which the codes are generated is based on
signal strength processor 29 nonitors thgjrel ative signal

3. The system according to claim 1, wherein said
order of information signals is varied depending on changing
system conditions.

5 4. The sysfem according to claim 3, wherein said
| decoding means repeatedly decodes said composite signal for
‘each variation in said order to determine an actual signal
strength order and wherein said decoding means finally
decodes said composite signal based on said actual signal
10 strength order. '

5. The system according to claim 1, wherein said
receiving means includes a memory for storing said composite
signal received by.said receiver, and said signal removal

15 means includes a subtractor for subtracting said decoded
signal from said composite signal stored in said memory.

6. The system according to claim 5, wherein said
code ordering means includes:

20 signal strength detecting means for detecting
an actual signal strength of each of said information
signals,

reordering means for reordering said _
spreading codes based on said detected signal strengths, and

25 wherein said decoding means retrospectively
decodes said composite signal stored in said memory based on
an order of spreading codes received from said reordering
means.

30 7. A system according to claim 1, wherein said
transmission means includes modulation means for modulating
a radio frequency carrier wave with said spread coded
information signal and said receiving means includes



streﬁgths of each of—the4s%gna%s—fhaf—ﬁake up the conposite 5 signal In
the context of cell ulfjis shys & Breen Réplaced MODI | € switching center (MSC) or the

base stations (BS) non bl e or actual signal strengths of each
nobi | e tel ephone com*rumaﬂ”mmlﬂﬂgg the MSC or the Bsiau]glri%;mthe
tasks of the signal st 29. 10 [t w

appreci ated that signal strength can be detected by the s?ﬂlﬂ”ﬂ

processor 29, or it can be predicted based upon hi stori cal ﬂunﬂ" &gﬁ
strength. A function bl ock di agram depi<t3izg-a hardware i npl efrent atn ons
perform ng the functions of the signal strength processor 15 29 will now

be described in conjunction with Fig. 8 It wll be appreciated by those
skilled i n Gemodul atlizn mesgws for demodulating said composite signal

and transmitting a demodulated, composite signal to said

decoding means.

5 8. A multiple access, spread spectrum
communications system for communicating information signals
between plural stations using code division spread spectrum
communications signals, each station comprising:

_ a transmitter including:
10 ' means for spreading an information
signal with a corresponding, spreading code;
a scrambling means for adding a
scrambling bit sequence to said spread information; and
means for transmitting said scrambled,
1% spread-coded information signal; and
receiving means for receiving a comp051te
signal of overlapping, transmitted signals including:
descrambling means for descrambling said
composite signal using a scrambling bit sequence; and
20 decoding means for recursively decoding
said composite signal by correlating spreading codes to
generate a series of decoded signals.

25 ' 9. The system according to claim 8, said
receiving means further comprising:
recoding means for successively recoding said
decoded signals using corresponding spreading codes to
generate a series of recoded signals;
30 rescrambling means for rescrambllng sald
recoded signals using said scrambling bit sequence:;



m cr opr ocessor. Tiggh&g Laﬂ? qg site signal received by the antenna 26
s squared in nultl iintegrated in an integrator 106 over

t he nunber of pth t period. A bit clack_signal deternines
the integration int root circuit 107 detéermn

mean square (RVD) vaI ue of the corrp05| te signal over. tm’t][l
At the same time, the residual signal is received in ‘ww

The residual signal conprises the taotal-csapesite si gnal “m husk flﬂgm i or
decoded si gnal s. The residual signal is multiplied by a spreadi ng code

generated by a | ocal code generator 104 of the signal to be decoded. The
signal removal means for successively

removing said rescrambled signals from said composite
signal; and
code selection means for successively
5 selecting a next spreading code. '

10. The system according to claim 9, wherein said
scrambling means and rescrambling means include a modulo-2
adder for adding a scrambling bit sequence to said spread

10 information.

11. The system according to claim 10, wherein
said descrambling means adds said modulo-2 scrambling bit
sequence to said composite signal to perform said

15 descrambling.

12. A multiple access, spread spectrum
communications system for communicating information signals
between plural stations using code division spread spectrum

20 communications signals, each station comprising:
a transmitter including:
coding means for coding blocks of bit
sequences of an information signal, and
means for transmitting said block-coded
25 information signal; and
' receiving means for receiving a composite
signal of overlapping, transmitted signals, including:
correlation means for recursively
correlating said composite signal with block codes
30 corresponding to said information signals;
comparison means for determining a block
code that generates a greatest correlation and for producing
a correlated signal; '



30 correl ated output signal fromthe nultiplier 102 is also integrated over

the sane bit period in an integrator

108, as controlled by the bit clock

si gnal . As described, for exanple, with respect to the signal graphs (e)
and (f) in Fig, -13- 3, the average or integrated voltage val ue over the
integrated tinme "period may have a positive or a neggLLyg_pQLaLLLy-——Ihus a

bi-t polarity decision device 110 detects the signal- polarlhﬁr ﬂ h 1ﬂﬁ
I ,f,
a signa _ M i nsu \m“H “I'!Hs ||.* 0

10

15

20

25

30

to an absol ute val ue device 114 which 5
the integrator 108 output signal,

signal removal means for successively
removing said correlated signal from said composite signal;
and

inverse correlation means for recoding a
residual portion of said correlated, composite signal using
said corresponding block codes to generate a series of
recoded signals.

13. The system according to claim 12, wherein
said block codes are formed using Walsh-Hadamard matrices.

14. The system according to claim 12, wherein
said block codes are orthogonal block codes.

15. The system according to claim 12,. wherein
said block codes are bi-orthogonal block codes.

16. The system according to claim 12, wherein
said transmitter further includes:
scrambling means for adding a scrambling bit
sequence to said block-coded information; and
said receiving means further includes:
descrambling means for descrambling said
composite signal using a selected scrambling code
corresponding to one of said information signals; and
rescrambling means for rescrambling said
residual portion of said composite signal using said
selected scrambling code.
17. The system according to claim 16, further .
comprising:
code selection means for ordering individual
scrambling codes according to the relative sighal strengths



he ___________;—————~
del ayed by a delay 112, is al ways p05|t|ve The absol ute val ue device 114
8 by the bit polarity decision

may be, for exanple, an irfhe

device 110. The absol ute va iﬁl rage correl atd si gnal (B) is
divided in g diyvider 116 by t of the RNéLsgrﬁE‘Gf‘thesLoLa_
conposite S|gnal “squared (A2) for the same bit period t

normal i zed value. In other words, the correlation stne g} ﬂwbd
signal B is normalized by d|V|d|ng it by the total conp05|fe Stren

the signal 15 for that bit period. Thessiormal i zed correl ation of t he
decoded signal is accumulated in a signal averager 118 over a nunber of bit
periods to generate a relative nean strength for that decoded signal. Due
to nul tipat loff adiip Mfoheatsigmadignals and selecting a scrambling code

having a greatest signal strength.

18. The system according to claim 12, said
5 receiving means further comprising:
sampling means for generating N saﬁples of
said composite signal. |

19. The system according to claim 18, wherein

10 said correlation means is a Fast Walsh Transformation
circuit for transforming N signal samples into a N-point
Walsh spectrum where each point represents a correlation
value corresponding to a single one of said block codes.

15 | 20. The system according to claim 19, wherein
said signal removal means includes means for setting a point
with a greatest magnitude to zero.

21. The system according to claim 20, wherein
20 each point is a complex number having a real and an
imaginary vector component'and said comparison means
includes means for determining a complex number having a
greatest magnitude.

25 22. The system according to claim 20, wherein
each point is a complex number having a real and an
imaginary vector component and said comparison means
includes means for determining a complex number having a
greatest projection on a line at a particular angle and a

30 sign of said projection relative to a particular direction

- along said line.



»*

tthe actual nunber of bit periods should probably be on the 20 order of
about ten in order to determ ne an accurate average signal strength of the
denodul ated signal. Each |ocal code is stored in a nenory 120 along with
its associ ated average strength value. A sorter 122 conpares each of these
average sighal "strength values and sorts them from strongest to 25 weakest.
At that point, the sorter 122 transmts the |ocal spreading code of the
strongest signal to the |ocal code generator 104 so thaﬂmnﬁumtn

signal is always denodul ated and extractgg at the next ﬁgﬂﬂjﬂ"'
Lesser strength signals are denodul ated in order of signal Strendths30*as
determ ned by the sorter 122. The sorter 122 functions may be readily

i npl enented by a microp(oCeRe0EydEeidadcoPaingl €0 claim 20, wherein

_each point is a complex number having a real and an

imaginary vector component and said comparison means
includes means for determining a point having a correlation

5 with a greatest projection on a line at a particular angle
and a sign of said projection relative to a ‘particular
direction along said line.

24. The system according to claim 20, wherein
10 each point is a complex number having a real and an
imaginary vector component and said comparison means
includes means for determining a point having a correlation
with a greatest real component and a greatest imaginary

component.
15
25. The'system according to claim 12, wherein
said inverse correlation means is a Fast Walsh
Transformation circuit.
20 26. The system according to claim 12, wherein

said correlation means and said inverse correlation means
include identical transformation circuits.

27. A system according to claim 12, wherein said
25 receiving means further comprises:
bit shifting means for generating pit-shifted
versions of said block codes and means for detecting delayed
echos and pre—-echos of said composite signal.

30 28. A communications system according to claim
27, wherein said correlation means correlates said composite
signal correlation with said bit-shifted codes to determine



sortfng pr ogram - 'ac +he signal strengths of the multiple
nobi | e stations iﬂ? : egconstantly varying, a further

enbodi ment of the eﬂ‘ n utilizes linear ictive anal ysis
th priority. In 5:genera a
|gnal strengths is jm nmenmory—and

(LPA) to reorder th%
hi storical Trodél~ of

- used to extrapol ate whi ch Si gnal is nost likely to ha _ qvﬂmﬁ
strength at the next instant in tinme. LPA postulates thaf the d {”l ue
of - 37 - .

a codeword with a greatest probability of having been
transmitted.

29. A system according to claim 28, wherein echos
5 of a previously decoded signal are subtracted from said
composite signal.

30. In a multiple access, spread spectrum
communications system for communicating information signals
10 Dbetween plural stations using code division spread spectrum
communlcatlons signals, a method comprising.
spreading individual 1nformat10n signals from said
stations using a corresponding, pseudo-random spreading
code, wherein different information signals from different
15 stations may have a same spreading code;
scrambling each said spread-coded information
signal using a unique, selected scrambling bit sequence
corresponding to one of said stations;
transmitting said scrambled, spread-coded signals
20 from each station;
receiving a composite signal of overlapping,
transmitted signals;
descrambling said composite signal using one of
said unique scrambling bit sequences to distinguish spread-
25 coded information signals from a selected station from other
signals in said composite signal; and
recursively decoding said composite signals by
correlating selected spreading codes to generate a series of
decoded signals.
30 k |
31. The method of claim 30, further comprising:



a waveformwil|l be a_weighted-sumof—previous values with the 10 weight

coefficients to be determ ned.. The known Kal man filter algorithmmay be
used to inpl ement t hi <he {blas Been lz'i%t i s manner, the stroggest signgl may
be predicted effectivel Elm ng to actually perform anot her
sequence of si*ghal dec rements. 15 , | I
strength processor 29 determ nes that the actual resultll""l“"lualnﬁwuﬁ of
~the conposite signal and.signal strength priority sequenée fs %n "rror*
because of an inaccurate prediction or-I8Bause system conditions have
changed, the signal strength processor 29 reorders the code 20 sequence.

to reflect the actual signal strength order. Subsequently, the
denodul ati on process may Rekegidnep tdgcoded signal having a ggeateSt

‘correlation, said decoded signal corresponding to one of

said individual information signals.

5 32. The method of claim 30, further comprising:
successively recoding said selected decoded
signal using said corresponding spreading codes to generate
a recoded signal;
rescrambling said recoded signal using said
10 selected scrambling bit sequence;
| successively removing said rescrambled signal
from said composite signal; and |
‘selectively selecting a next spreading code.

15 33. The method of claim 32, wherein said
spreading codes are selected in an order from greatest
spread-coded signal strength to weakest spread-coded signal
strength.

20 _ 34. The method of claim 30, wherein said
spreading codes are orthogonal block codes.

35. The method of claim 32, wherein said decoding
corresponds to a Walsh transformation and said recoding
25 corresponds to an inverse Walsh transformation.



~Fnsure that the individually coded signal's of the conposite signal are
decoded in the order of greatest to | eastrhisSksitas Bih®Egic  The repeat ed
process does not result in any |oss of 251 ruption in traffic
because the copposite signal is stored in, I m&kmmt he processing

bl ock 40. Thé Helay 50 may be sinply a ne : nsequently, the
conposite signal may be retrospectively reprocessed once the opti mum order
of decoding is determ ned. 30 By correlating the output signa
of the first code generator.ABSTRACH ¢ BnPHSCIOSE

correlator 30, an I ndsyheiabeslaNehuROALRS8ATEL 0! Sptifall{Shetades! &

extracted fromthe conposite signal. The _corre d )
coded information signal embedded in many other overlapping

signals making up a received, composite signal. A radio

5 receiver correlates a unique code corresponding to the
desired signal to be decoded with the composite signal.
Moreover, after each information signal is successfully
decoded, it is recoded and removed from the composite
signal. As a result, subsequent correlations are performed

10 with greater accuracy. Subtractive CDMA demodulation is
enhanced by decoding the composite signal in the order of
strongest to weakest signal strength. Interference caused
by the presence of the strongest information signal and the
composite signal during the decoding of weaker signals is

15 removed. The individual information signals are assigned a
unique block error correction code which is correlated with
the composite signal using Fast Walsh transforms.
Correlated signalé are recoded using inverted Fast Walsh
transforms and removed from the composite signal.
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|nterference gener at ed by noi se and unrel at ed S|gq
‘pass filtrer—42; 3 myj. yrYOTE gL TCUNt or an:intet
may be uSed. .t fuce or -5'----des rdead tihe bandwi dt i 6raBiE
correl ated, § " The oug)y put §“|“ """"" dener ated by¥ "fi‘p’- :
processed¥f ur n,erréf“@& r§Ct|on decoder; 44 mhuehaflnab%yﬁiéﬂﬁge§1m*
t he signal: dthter bit ‘P &R "o the underlylng digital information. '

The decodéq ln.forrrré'_ "t')n”l(} grglat~mdy umdergo. addisti:onal 5 SLgﬁaj* gitle

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
partlcularly, to an enhanced CDMA demodulation scheme based on
successive signal subtractions of multiple CDMA signals in
signal strength order.

10
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
15 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 capacity needs
as well as maintain high quality service and avoid rising
20 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 generatlon of

25 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 carried comfortably and used to make or receive calls
in the home, office, street, car, etc.), would be provided by

30 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.



reaches |"'t*§ final destination. The error corrected output signal is also

applied to a recoder/renodul ator 46 to-reconstruct P Mﬁﬂ¢r 1l he
signal just decoded. The purpose for reconstruct|r§ﬁ A“F."v ;§H.1£ deco
sighnal is to remove it -fromthe conposite signal infa Qﬁ@&@%g 181 A
delay -menory 50 stores the conposite-signal -for-thejpr tipe}
required to first: decode and then reconstruct theffilrst decoded sigpal.

resi dual. conp05|te signal ; fromwhich the fjrst 2@ 'si gnal has beenjdeco

and subtracted,

i s passed fromthe subtractor 20 tto—t-he—inputof—a-secon

digital processing block 40" simlar to the first block 40. The only -
di fference between the t@wrxinfilyl prhagsli nqadtestsks 49 apadhiilgved s paing
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Frequency Division Multiple Access (FDMA) and Time Division
Multiple Access (TDMA) methods. As 111ustrated 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), 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. Adjaceht channel interference is limited by the
use of a time gate or other synchronization . element that only
passes signal energy received 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
compressing the transmission signal into a shorter time slot.
As a "result, the information must be transmitted at a
correspondingly faster burst rate which increases the amount
of occupied spectrum proportionally.

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 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

ded_

The -
ded
d



t he code generator 32' is programmed to match the code. 25 corresponding to

a second. signal to be denodul ated. In the preferreﬂ ehhgg SBEEThe

i hvention, the second.signal to be denodul ated is [t e—stgral “uvfiz the

next greatest signal strength. Those skilled in tre aéi cognl ze t hat

t he second- signal processing block 40" may beé inple %@ﬁ%¢@é§ -pclrsive - - -
use of the first signal processing: block 40 in orde : I cating

har dware. The .second si gnhal -processing bl ock 40 broduces a second decoded
signal fromthe error correction decoder 44" and Subtraets—a—+econstructed,

second
each qthef. In principal, the informational data stream to be

transmitted is impressed upon a much higher bit rate data

stream generated by a pseudo-random code generator. The

informational data stream and the high bit rate data stream

5 are combined by multiplying the two bit streams together.

This combination of the higher bit rate signal with the lower

bit rate data stream is called coding or spreading ‘the

informational data stream signal. Each informational data

stream or channel is allocated a unique spreading code. A

10 plurality of coded information signals are transmitted on

radio frequency. carrier waves ‘and jointly received as a

composite signal 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. By correlating

15 the cbmposite signal with one of the unique codes, the
corresponding information signal is isolated and decoded.

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 twenty times

20 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 spectrum in every cell. CDMA is

virtually immune to multi-path interfereﬁce, and eliminates

25 fading and static to enhance performance in urban areas. CDMA

transmission of voice by a high bit rate decoder insures

superior, realistic voice quality. CDMA also provides for

variable data rates allowing many different grades of véice

quality to be offered. The scrambled signal format of CDMA

30 completely eliminates cross talk and makes it very difficult

and costly to eavesdrop or track calls, insuring greater

privacy for callers and greater immunity from air time fraud.



- 16 - signa

fromthe del ayed conposite signal in a subtractor 48 The
residual, conposite signal, with two signal's no 9

third stage of signal processing and so on. |t i
keysel'enent - of "the 5 present invention is that the
and extraction.of individual - information signal
signal strength to | owest. .signal strength. .initijal
signal .. i ncl udes many signals, the signal _npst lilké
accurately i's the signal 10 having the greatest S|gnal

sequence of .

s (08 AUG199gde] $f hi ghest
Iy,.mhen the ¢o -

strength

signals are'less Ilkely to interfere with stronger signals. OnCe 1t he
strongest signal is renmpesgiteorhefaunerposi advaniayds dfforded by CDMA,
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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.

SUMMARY  OF THE INVENTION

The present invention resolves the above-mentioned
problems using a subtractive CDMA demodulation technique. 1In
order to optimally decode a coded information signal embedded
in many other overlapping signals making up a received
composite signal, a radio receiver correlates a unique code
corresponding to the signal to be decoded with the composite
signal. After each information signal is decoded, - it is
recoded and removed from the composite signal. As a result,
subsequent correlations of other information signals in the
received composite signal can be performed with 1less
interference and, therefore, with greater accuracy. |

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 presence of the strongest
information signal in the composite signal during the

' decoding/correlation of weaker signals is thereby removed.
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signal is greatly improved. :

In a preferred embodiment of the invention, the
encoding of the individual information signals is carried out
by assigning each signal a unique, block-error correction code
which may be readily correlated using a Fast Walsh
Transformation circuit.  Correlated signals are recoded by
repeating the Fast Walsh Transformation a second time so they.
may be removed from the composite signal.

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 illustrated in
the accompanying drawings, in which:

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

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

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;

Fig. 6 1is 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:;

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
according to the present invention; and
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Fig. 10 is a functional schematic of a further
embodiment of the CDMA subtractive demodulator according to
the present invention:

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 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
processes involved in traditional CDMA systems. Using these
same wave form 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, the 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. The term "chip" refers to one digit of the high rate
coding 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
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of two blnary waveforms is essentially an exclusive-OR
operation. A similar series of operations is carried out for
signal 2 as shown in signal graphs (d)-(f). In practice, of
course, many more than two, coded information signals are
spread across the frequéncy spectrum available for cellular
telephone 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
conmposite 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 to6 modulate signal 1,
as shown in the signal graph (d). The resulting signal is
anélyzed to decide the polarity (high or low, +1 or -1, "1" or
"0") of each information bit pefiod of the signal.

' These decisions may be made by taking an average or
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 +0.66 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 polarity was most likely
a -1. However, in the third bit period, the average is éero,

i
{1 the proceSS|ng gain .
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‘and the majority ‘vote or averaglng 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.
However, 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 6rthogona1 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 the relative time alignment between two
signals 1is strictly waintained. 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 coded signal
energies, however, the energy of the noise signals is usﬁally
small. The term "processing gain" is often used to compare
relative signal energies. Processing gain is defined as the



30 an adequate quality of service in a cellular system as those si gnal s
‘that 'were decodabl e ‘at one instant woul d belong to BT SF Fob+-es
OLGEMENTS

to anot her .set of nobiles at another instant. To en
i nfprmation signal i's - 18- decodabl e 95% of the i

woul d ent ai

TSHEREp | e -f |

, Tor exanpl g,

.a.substantial. loss in capacity. .This.furghosg AUG 9955 th

mar gi-n: t hat. must be built in to the system capacity| tjo all ow for sijgnqal

fading. 5

l0

15

20

25

30

‘I'n"the case of the pregent inventTom— : < gach

ratio of the spreading or coding bit rate to the underlying

information bit rate. =~ Thus, the processihg gain is

essentially the spreading ratio. 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
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 contexts to
measure the suppression of hostile jammihg signals. 1In other
environments, such as cellular systems, processing gain refefs_
to suppressing other, friendly signals that are present on the
same communications channel ‘with an uncorrelated code. In the
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 10:1 is required, and the
processing gain is 1000:1, conventional CDMA systems have the
capacity to allow up to 101 signals to share the same channel.
During decoding, 100 of the 101 signals are suppressed to
1/1000th of their original interfering power. The total
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
interference energy, 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_gieaned by reading, for example, "On the Capacity of a
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been derodulated first and renoved. The 'integral  of +ere up

to an 10 anplitude A‘is-given by [err] The signal-td-i ntééfﬂﬂ @;g r o S/1

after despreading a signal of anplitude A is thus [4grd] ﬁg 9 $ a - -
pl ot of.-the function {err] showing that it-is never |l §ss than 5.8 d 3;8:1

ower. w

Celiular CDMA System," by Gilhousen, Jacoﬁs, Viterbi, Weaver
and Wheatley, Trans. IEEE on Vehicular Technology, November
1990.

In contrast to the conventional view, an important

5 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

10 received, composite signal are not unknown jamming signals or

environmental noise that cannot be correlated. Instéad, 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

15 corresponding codes, is used in the present invention to

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

Rather than 51mp1y decode each information signal

from the comp051te signal, the present invention also removes

20 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 already decoded signals do not interfere with

25 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 reconstructed as shown

in the éignal graphs (b) and (c) and subtracted from the

composite signal in the signal graph (d) to leave coded signal

30 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 is significant that while the conventional CDMA

decoding method was unable to determine whether the polarity
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all signals are decodabl e provided th REAN-=_1/3.8 3D hat

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 éffectively resolves 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. 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 transmitted in a similar
fashion. A receiving antenna 26 of a radio receiver 25
receives a composite, RF signal and demodulates the composite
signal wusing 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 with the composite signal. In theory,
only the appropriate signal is correlated and reconstructed in
a decoder 34. |

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
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the preferfed'embodiment.df"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

5 signal. In the context of cellular systems, if 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 processor 29.

10 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 of the signal.strength processor

15 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 implemented using a suitably
programmed' microprocessor. - The total composite signal
received by the antenna 26 is squared in multiplier 100, and

20 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.

25 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
30 correlated output signal from the multiplier 102 is also
integrated over the same bit period in an integrator 108, as
controlled by the bit elock. signal. As described, for
. example, with respect to the signal graphs (e) and (f) in Fig.
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progcessed may be the weaker- rather than the 'stronger si%?gls.'kbmever, by-
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mul ti pl e- pass denodul ati on procedure may.-be appliefd to the conposSitg -
signal. O course, this procedure woul d onl}? make a-difference if the first
pass denodul ation produced errors in the deched-signals. 20 Accordingly,
redundant codi n:g' 't%epéx?gxeégeb lcyr li%%ggE'gté&'Q)o&%ta%e 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
5 insures that the sign of the integrator 108 output signal, '

. delayed by a delay 112, is always positive. The absolute
value device 114 may be, for'example, an inverter controlled

by the bit polarity decision device 110.
The absolute'value of the average correlation signal
10 (B) is divided in a divider 116 by the square root of the RMS
value of the total composite signal squared (2%) 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 total composite strength of the signal
15 for that bit period. The normalized correlation of the
decoded signal is accumulated in a signal averager 118 over a
number of bit pefiods to generate a relative mean strength for
that decoded signal. Due to multipath fading of the signal,
the actual number of bit periods should probably be on the
20 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 associated -average
strength value. A sorter 122 compares each of. these average
signal strength values and sorts them from strongest to
25 'weakest. At that point, the sorter 122 transmits the local
spreading code of the strongest signal to the local code
generator 104 so that the strongest signal is always
demodulated and extracted at the next data bit period. Lesser
strength signals are demodulated in order of signal strength
30 as determined by the sorter 122. The sorter 122 functions may
be readily implemented by a microprocessor using a software

sorting program. -
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stations in a cell are constantly varying, a further

embodiment of the present invention utilizes linear predictive
-analysis (LPA) to reorder the signal strength priority. 1In

5 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 a weighted sum of previous values with the

10 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 effectively
without having to actually perform another sequence of signal
decoding and measurements.

15 If the signal strength processor 29 determines that
the actual results of the decoding of the composite 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

20 sequence to reflect the actual signal strength order.
Subsequently, the demodulation process 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

25 data or interruptioﬁ in traffic because the composite signal
is 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.

30 By correlating the output signal of the first 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
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SLgnal is flltered in a low pass fllter 42 in order to reject

interference generated by noise and unrelated 51gnals._
Instead of the low pass filter 42, a majority vote circuit or
an integrate and dump circuit may be used to reduce or
5 despread the bandwidth or bit rate of the correlated signal.
The output signal generated by the low pass filter 42 is
processed further in an error correction decoder 44 which
finally reduces the signal bandwidth or bit rate to the
underlying digital information. The decoded, information
10 signal may 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 waveform of the
signal just decoded. The purpose for reconstructing/recoding
15 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 first decoded signal. '
The residual composite signal, from which the first
20 signal has been decoded and subtracted, is passed from the
subtractor 20 to the input of a second digital processing
block 40' similar to the first block 40. The only difference
between the two digital processing blocks 40 and 40' is that
the code generator 32' is programmed to match the code
25 corresponding to a second signal to be demodulated. 1In the
preferred embodiment of the invention, the second signal to be
demodulated is the signal having the next greatest signal
strength. Those skilled in the art will recognize that the
second signal processing block 40' may be implemented by
30 recursive use of the first signal processing block 40 in ofder
to avoid duplicating hardware. The second signal processing
block 40' produces a.second, decoded signal from the error
correction decoder 44' and subtracts a recqnétructed, second
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pioj ecti on on aigyealofrémothd ldelayiedi nonposilh sdigpeilninvhoadtdeeternagls
are given by tBfe residual, composite signal, with two signals now removed,

is passed to a third stage of signal processing and so on.
It will be appreciated that a key element of the
5 present invention is that the sequence of demodulation and
_extraction of individual information 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
10 having the greatest signal strength. Weaker signals are less
likely to-intérfere 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. 1In this
‘15 fashion, even the weakest signal may be accurately decoded.
Because of this enhanced decoding capability, the present
invention performs satisfactori'ly even with a significant
increase in the number of users typically handled in
conventional CDMA systems. Thus, increased capacity is
20 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
25 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—tb-noise ratio). This 1limit, however, is
30 considerably more favorable.thén the conventional limit which
is reached when the sum of the power of all the stronger
signals exceeds the power of the weékest signal by more than
the available processing gain.
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In estimating the capacity gain, the Rayleigh
distribution is wused as a representative signal ' 1level
distribution in a cellular telephone environment. Assumihg
use of feedback power control, the long-term mean strength of
all signals is unity. Consequently, the signal strength power
exhibits the distribution function: '

P(A)dA = 2A exp(-Az)dA

where A is the signai 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/1 = 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 - el"WR)

will not be.decodable, and a certain number of signals
: e("NV/R)
will be decodable. Thus, the maximum number of signals that
can be decoded is

N el /R)
When N is chosen to be equal to R, the number of decodable
signals becomes N/e. Thus, the loss due to the signal
strength distribution is a factor e. 1In 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

.I.vector
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decodable '95% of the time, - for example, would entail a

substantial loss in capacity. This further loss is the margin
that must be bu11t in to the system capacity to allow for
51gna1 fading.

In the case of the present invention, however, each

signal suffers from interference only from those 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-(2A%? +1l)exp -A?
I N
Figure 9 is a plot of the function
A% / (1~(a% + 1)e*p -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 1.79
due 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, interfering signals remain below
this signal level. . |

Consequently, all signals are decodable provided
that

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

Compared to the conventional CDMA demodulator capacity limit
of

N < R/e (without fading margin)
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nore than a tenfold increase. In addltlon, 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 fadiné margin, the capacity increase of the present
invention is approximately 100 times greater than
conventional CDMA systemns.

It should be noted that the system capacity is
limited only because of the possibility that the first
signals being proceésed may be the weaker rather than the
stronger signals. However, by taking advantage of the
storage of the coqposite signal in the delay memory 50 and
thé ability to reprocess the composite signal
retrospectively, a multiple-pass democdulation 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 confidence in a decoded signal result. Based on that
confidence code, the processing block 40 decides whether
further passes will yield an improvement. One well known
redundant coding procedure for assigning a confidence value
to a particular decoding result is the majority vote
technique. For example, if five redundant signals are
compéred 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.



25 prior, denodul ated signal. An attenpt to.dem

nor'e signals, with their respective codes 'spannin nsi ona
space, would result in all: vector conponents in a 6 = g C
removed after extraction of the Rt h ~si ghal.. No"si : ' 1Tdftf to 30
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While the principles of continuous spreading codes
were described initially in conjunction with Figs. 3-5,
superior methods of spreading the spectrum of an information
signal may be achieved using error correction coding. When
5 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
10 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
15 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
20 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 given by the
bits of the code. Maximum correlation or projection of the
signal is achieved if the end point of the signal vector and
25 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
30 complex, correlation product corresponding to the desired
signal demodulated. The other signals do not contribute to
the resulting magnitude of the correlation producﬁ because
they have zero projection on the correlation line I+jQ.
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"intelligent

may include one signal which coincides with a correlation

code, the others havihg random projections on the code
correlation line or vector. If the total length squared of

5 any one of these other signals is, by Pythagoras,

al? + a22 + a3%. . . . .where al, a2, a3. . .

. 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

10 first signal's code and subtracting a corresponding amount

of the code vector, the residual 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

15 correlation line having disappeared.

This loss of the total power along the code

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
20 subtracted from the total or composite signal. If the

signals were all orthogonal, no such

loss would occur.

Otherwise, 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
25 prior, demodulated signal. An attempt to demodulate and
extract R or more signals, with 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
30 demodulate. The present invention allows more than R
overlapping signals to be demodulated by reducing the

correlation loss. .

r ¢vi ous.
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i nf'ormati on"t'o be.transmtted. 1 n-orthogonal bl oc I%%C"ﬂﬂ’@"' M. of
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= - 0125 wich is regarded as a 2x2.bit mtfigk M = - ] 10001
30 The case for- M=2 may be constructed by Lorm ngj a
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.The magnitude of a demodulated signal tb 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

5 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 and
removed. The present invention estimates the optimum amount
of a decoded signal to be subtracted by employing at least

10 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 signal.

In another preferred embodiment of the present

invention, signals are evaluated using "intelligent

15 spreading" based on orthogonal or bi-orthogonal block coding
of the information to be transmitted. In orthogonal block
coding, a number M of bits to be transmitted are converted
to one of 2" available 2"—bit orthogonal codewords. A set
of codewords can be constructed as follows:

20 The trivial case M=1 produces two, 2~bit words
WO = 00

Wl = 01

25 which is regarded as a 2x2 bit matrix

M1 = 00
01
30
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
35 M1 M1

M(i+l) = Mi
: Mi

SFE
[
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23- These matrices .are knomm as Vﬁ n Hadamar.d-. ma cesf
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These matrices are_known'as Walsh-Hadamard
matrices. '

Decoding these orthogonal codes involves
correlation with all members of the set of code words. The
binary index of the codeword giving the highest correlation
yields the desired information. For example, if a
correlation of 16, 16-bit codewords numbered O 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 ratio R
equal to 16/4 = 4.

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

=

Thus, 5 bits of information are conveyed by transmitting one .

of 16 code words or one of their 16 complements, 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]}, [512,10), ...... '
[32768,16])... etc. bi-orthogonal block codes may be used.

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 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.

A significant feature of the present invention is
that simultaneous correlation with all the‘orthogonal block
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15 one further bit of information may be conveyed per codeword. Thus, 5
bits of ‘i nfor majdain varasCanvaysdtbiaf re& B iforigdoeEficiently by means of

the Fast Walsh Transform. In the case of a [128,7] code for
example, 128 input signal samples are transformed into a

128-point Walsh spectrum in which each point represents the

5 wvalue of the correlation of the composite signal with one

codeword. Such a transform process will now be described.

With reference to Fig. 10, a serial signal sample collector

60 takes a number of samples in series from the receiver

equal to the number of bits in the coded word, e.qg.,
10 and stores them in an internal, buffer memory,

them to parallel format. A descrambler 62 removes a

128,
and converts

scrambling code by either inverting a signal sample or not
according to the corresponding bit polarity of the

scrambling code. The samples are transferred in parallel to
15 the Fast Walsh Transform Block Decoder 64 which generates
the Walsh spectrum. In other words, a number of values are

generated representing the degree of correlation between the
composite signal received and each of the orthogonal code
words. The signal whose axes were correctly aligned in the
20 Galois field by the descrambling operation yields'one
dominant component in the Walsh spectrum whose index and

sign convey 7 bits of information.

signals.

25 A comparison processor 66

Other components of the
spectrum are caused by noise and differently scrambled

determines which

correlation has the largest magnitude and sets that signal
to zero by opening the corresponding switch 67. In this
manner, the demodulated signal is subtracted effectively
from the composite signal. The remaining spectrum with one
30 component removed is processed in an inverse Fast Walsh
Transform Block Recoding Circuit 68 and re-scrambled with
the same scrambling code in a rescrambler 70 to reconstruct
the original 128 signal samples minus the just-decoded
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The processor 69 orders the scrambling codes from greatest

to weakest correlated signal magnitudes. The code with the

greatest magnitude is then transmitted to the descrambler 62

for the next signal demodulation.

The residual, composite signal, with a first

decoded signal removed according to the subtractive

principle of the invention, is descrambled again using the

descrambling code of a second signal to be decoded and

'submitted to a second Fast Walsh Transform operation for

decoding, and so on. As described previously, the order in

‘which signals are decoded and subtracted by the above means

is governed by the order of use of the descranmbling codes,

which in the preferred embodiment are in descending order of

the predicted strengths of their corresponding information

signals. This process is repeated a number of times to

decode a number of signals.

While only one fast Walsh Transform block decoder

64 has been shown, two fast Walsh Transform block decoders

are in fact used in parallel to process the real and

imaginary correlation magnitudes of the descrambled signal.

Accordingly, the comparison processor 66 detects 128 real

and 128 imaginary correlations and determines 128 complex

correlation magnitudes by calculating the square root of the

sum of the squares of the real and imaginary components.

The comparison processor 66 then determines which complex

correlation has the greatest magnitude. The real and

imaginary components of the seleéted correlation are

analyzed in the complex plane to determine if the phase is

changed, e.g. a phase difference of 180° from the previous

time that signal was decoded. Two phase possibilities, for

i's



30 the receiver.to allgn the axes once nore with the codewords of the

Wat sh- Hadamard matrix. A signhificant feature.of tRenpkAs onis-
that sinultaneous correlation with all the ort ho Eg A y T'QHEEE - code
words in a set nmay be perfornmed efficiently by ngans of t he Fast | sh

Transform

10

15

20

25

30

In the case of ‘a [128,7] code for -exdml €)8AkG 19but si gnal -
sanpl es -are transforned into a 128-point. VAl sh-spedtrumin whichije ich poi nt
represents the 5 value of the correlatlon gg ihel np05|te signal .

example 0° and 180°, allow for one additionmal bit of
information to be transmitted with each 128 code, e.g. in-
phase corresponding to a "1" and 180° out-of-phase
corresponding to a "o". By taking advantage of this phase
difference, biorthogonal coding [128, 8] is achieved. As
will be recognized by those skilled in the art, additional
information bits may be transmitted by taking advantage of -
smaller phase differences, e.g. 90°, 45°, etc. As described
earlier, a Kalman filtering algorithm may be used to track
the real and imaginary components of each correlated signal
to extract phase 1nformatlon.

The correlative loss involved in the above-
described process is as follows. At each stage, the Walsh
spectrum component having the greatest correlation, as
determined by the comparator 66, is set to zero, effectively
removing the signal just decoded. Thus, on average 1/128 of
the power is removed from the composite signal. It is
recalled that the spreading ratio is 128/8 = 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 "dumb spreading" of the same spreading ratio. By
the use of block coding or a similar form of intelligent
spreading, the subtractive 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.

In the context of mobile radio telephones in
cellular systems, different signals originate from different
transmission mobile stations or portable radio telephones
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
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COdgecoding 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

5 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 proceséing block.

10 A typical propagation path between mobile radio
telephoneé and a bése 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

15 propagation path may cbnsist 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 reciprocéi bandwidth of the signal, fading
results because of the multiple paths adding sometimes

20 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 (1/bandwidth in hertz) must be treated as having

25 primary and secondary waves. It is usually possible,
however, to expreés the total signal as the sum of a finite
number of paths delayed by multiples of the bit period. Each
path may be effected by independent amplitude fading and
phase rotation due to fractional bit-period delays. In

30 this situation, the present invention employs a type of a
conventional decoder known as a RAKE receiver to integrate
information from bit-period delayed paths. The RAKE
receiver correlates the despreading code with the current
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etc., and combines the correlation results before
determining the information content of the signal.

5 Delayed versions of the input signal are processed'
in the Fast Walsh Transform decoder 64 and the 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

10 relative phase rotation and weighting. In either case, Fast
Walsh Transforms are 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 magnitude

15 of corresponding complex Walsh spectral components are 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 phase-align
corresponding Walsh components before addition.

20 Phase-alignment is accomplished by means of a
complex multiplication that can simultaneously include an
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

25 components.until they align on a single axis, and the Walsh
component having the largest value on this axis is
determined. This technique reduces the effect of non-
coherent interference signals by 3dB, on avefage, giving a
2:1 extra capacity increase. Moreover, because only that

30 component (real or imaginary) of the complex.Walsh spectrum
ascribed to the decoded signal is removed after decoding,
the correlative loss experienced by other signals is also
reduced. For example, thé absolute phase shift of the
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signal paths may be tracked by procéssing the actual phase
shifts of the Walsh components ascribed to the desired

signal ‘in a digital phase tracking loop.

In the same way that energy arising on dlfferent
signal paths may be utlllzed by combining the results of
multiple despreading correlations, the signals arriving on
different antennas may be combined to form a diversity
receiving system. If an array of antennas is connected 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 have the greatest signal strength
because the antenna beam forméd 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
signal S2 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 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.

' While a partlcular embodlment 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
modifications that fall within the spirit and scope of the
underlying invention disclosed and claimed herein.



The residual, conp
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agai n using .the des
sumtted to a sec
on. As descri-bed-

St a first decoded signal renmpved _
ﬂfﬁgﬁfﬁﬁﬁqﬁsggﬁhC|ple of the invention, is descranbled

crighbl 1 ng code df |a second signal to be decoded and

ndl Fggt AVGhgJe Triarjsf or m operatii on f gl“ﬂﬂﬂjlﬂuulrnm
| r elvi ousl y,- the qr ger i n whi-ch signal

subtracted by the okre—feans—i5—rts-igoverned by ‘'t he order ‘of ‘usé of
descranbli ng codes;{ which in the preflerredsgnbodi ment are in descendlng
order of the predlcted STrengt s of their corresponding information’

signals. This process is repeated a nunber of tinmes to decode a nunber of
signals. 20 CLAIMS: \Wile only one fast Wal sh Transform bl ock decoder

1. A multiple access, spread spectrum
communications system for communicating information signals
5 between plural stations using code division spread spectrun
communications signals, each station comprising:
| transmission means for spreading an
information signal with a corresponding spreading code and
for transmitting a spread-coded signal, and

10 . receiving means for receiving a composite
signal of plural, overlapping spread-coded signals,
including:

code ordering means for ordering

B individual spreading codes in an order'according to the

15 relative signal strengths of said information signals;

_ decoding means for recursively decoding
said composite signal with a first ordered spreading code
received from said code ordering means to generate a series
of decoded signals;

20 recoding means for successively recoding
said decoded signals using corresponding spreading codes to
generate a series of recoded signals;

signal removal means for successively
removing said recoded signals from said composite signal:;

25 and '

code selection means for successively
- selecting a next, ordered code from said code ordering
means.

30 2. . The system according to claim 1, wherein said
order of relative signal strength is from greatest to
weakest strength.

»
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64 has been shown, two fast Wilsh Transforn1b|ock decoders are in fact used

in‘parallel to pr RﬁgﬁA@E@ga@PSHEE@ i maginary correlatlon magni t udes of the

descranbl ed si gnal{. he¢ conparison process
real 25 and 128 i | atfi §ns and deternines 128
correl ati-on magni tjude sggyb"‘gglﬁgvbgl atli ng the square root of Eﬁiﬂ“ﬁm\‘ “HH“‘
squares -of the real jand inmpgipary cqnponents. The conparl' €ssors 66
t hen det ef mi_nes whj ch conplex. correllati oA hns-the greatest nmagnitude. The

real and 30 inmagin t he sel ected correlatlon are: analyzed

in the conplex plane to determine if the phase is chan%%a g ghase
di fference of [err] from+he TheeFYsHem Fﬁ%°¥‘?'|’aﬂg &y edir g - JEBGHEHT

phase possi bi | bkéies, of ocinformation signals is varied depending on changing

system conditions.

5 4. The system according to claim 3, wherein said
decoding means repeatedly decodes said composite signal for
each variation in said order to determine an actual signal
strength order and wherein said decoding means finally
decodes said composite signal based on said actual signal

10 strength order.

5. The system according to claim 1, wherein said
receiving means includes a memory for storing said composite
signal received by said receiver, and said signal removal

'15 means includes a subtractor for subtracting said decoded
signal from said composite signal stored in said memory.

6. The system according to claim 5, wherein said
code ordering means includes:

20 signal strength detecting means for detecting
an actual signal strength of each of said information-
signals,

reordering means for feordering said
spreading codes based on said detected signal strengths, and

25 wherein said decoding means retrospectively

| decodes said composite signal stored in said memory based on
an order of spreading codes received from said reordering
means.

30 7. A system according to claim 1, wherein said
transmission means includes modulation means for modulating
a radio frequency carrier wave with said spread coded
information signal and said receiving means includes

This Sheet Has Been Replaced
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exanple [err] and [err] allow for one additional bit'of |nformat|on to be
transmtted with each 128.c6de—1 i n- . phase corresp

180 out - of - phase CJ—FPEA@EMEXJE’ Shb 110" By .taking adva
5 Jdifference, biorit hegomal COClI ng [ 128, 8] is achi'eved. mg‘ ﬂ{j“l[‘@ m
recogni zed -by thosd klgg etant, -addi-tional: infor

transmtted by takijng a antage of sial | er phase differences, e.qg. [err] .
etc. As-described earlier, —a Kah-Feet fllterBBg al gori t hm may . be used to
track-10 the real @nd |rrag| nary ‘conponent s of each correl at ed si gnal

"I'Jl

W

demodulation means for demédulating said compbsite signal
and transmitting ‘a demodulated, composite signal to said
decoding means.

5 8. A multiple access, spread spectrum
communications system for communicating information signals
between plural stations using code division spread spectrum
communications signals, each station comprising:

. a transmitter including:
10 means for spreading an information
signal with a corresponding, spreading code;
a scrambling means for adding a
scrambling bit sequence to said spread information; and
means for transmitting said scrambled,
15 spread-coded information signai; and
receiving means for receiving a composite
signal of overlapping, transmitted signals including:
descrambling means fof.descrambling said
composite signal using a scrambling bit sequence;'and
20 | decoding means for recursively decoding
said composite signal by correlating spreading codes to
generate a series of decoded signals.

25 9. The system according to claim 8, said
receiving means further comprising:
recoding means for successively recoding said
decoded signals using corresponding spreading codes to
generate a series of recoded signals;
30 - rescrambling means for rescrambling said
- recoded signals using said scrambling bit sequence;

o
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to extract phase i

nfornatlon The correlative l.oss involved in.the above-

descri bed process.
conponent - havi ng t
coprpar ator 66, 'i's
decoded. - Thus, .on
signal. It-is reca}
t-he correl ative Io
decoded signal ,

,m M\S Egl each stage, the V\ﬂ-l—%h——S‘pEt’(—Fmﬂ—_

s T e ertolihvery Torow o IFTIARLI

he power is rermve rem
d-that the s rdadi ng rati-o is 128/8 = 16. Therefore
ssbi-s—omtyI7128 of the a3btal power 20 (0.04dB) per.

t he sane spreadlng

ared to _1/16 af jthe total power . for "dunb spreading" of

rat1o. By the use of bJock co piiar form of
intelligent spreading, the sﬁBEPﬁ&tF?@°¥Einﬂﬁﬁ (¥°ﬁgaccor ?%gé% t he

removing said rescrambled signals from said composite

signal; and

code selection means for successively

. 5 selecting a next spreading code.

10." The system according to claim 9, wherein said

scrambling means and rescrambling means include a modulo-2

adder for adding a scrambling bit sequence to said spread

10 information.

said

11. The system according to claim 10, wherein
descrambling means adds said modulo-2 scrambling bit

sequence to said composite signal to perform said

15 descrambling.

12. A multiple access, spread spectrum.

communications system for communicating information signals

between plural stations using code division spread spectrum

30 communications signals, each station comprising:

a transmitter including:
coding means for coding blocks of bit

sequences of an information signal, and

means for transmitting said block-coded

25 information signal; and

receiving means for receiving a composite

signal of overlapping, transmitted signals, including:

correlation means for recursively

correlating said composite signal with block codes

30 corresponding to said information signals;

comparison means for determining :a block

code that generates a greatest correlation and for producing
a correlated signal;

is Sheet Has Been Replaced




decode and -extract from25 a :
ti on- bearing S|gnMT?1ﬁnﬁ—1ﬁ«H%xLLhe__

; W t hout encounte
| nobile radi o tel eph ﬁM@ﬂ ﬁ@jﬂ"
systens, different e fromdifferent 30 tran

stations or portab : 164 | ocated at different distances froma
base station.. As alresult mul ti pl'e purstszgpf-codewords relating to one
signal are not necéssu...y time-alitghed at the receiver. This

present invention |
conposite signal a
bandw dt h. expansi o
corirel ative | oss.

. T ' signal removal means for successively
removing said correlated signal from said composite signal;
and '

inverse correlation means for recoding a

5 residual portion of said correlated, composite signal using

said corresponding block codes to generate a series of
- recoded signals.

13. The system according to claim 12, wherein
10 said block codes are formed using Walsh-Hadamard matrices. .

14. The system according to claim 12, wherein
said block codes are orthogonal block codes.

15 15. The system according to claim 12, wherein
said block codes are bi-orthogonal block codes.

16. The system according to claim 12, wherein
said transmitter further includes:
20 scrambling means for adding a scrambling bit
sequence to said block-coded information; and '
said receiving means further includes:
descrambling means for descrambling said
composite signal using a selected scrambling code
25 corresponding to one of said information signals; and
‘rescrambling means for rescrambling said
residual portlon of said composite s1gnal using said
selected scrambling code.
30 17. The system according to claim 16, further
comprising: ' ’
code selection means for ordering individual
scrambling codes according to the relative signal strengths
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-27- disparity in time-alignment may be overcone if after each- decod| ng
st dge,. the reésidual “signal's.in.t osite S|gnal are converted back to a-

serial streamof san Fﬁ?L GEA@M¢ESHEE$ essing a new, nexLAy4¥nuﬁ_iim¢___

seri al stream of sa - . pdfwi t h- t he new si “ ‘ H
f -he bl ock  ti-m ng mt
@éﬂ l|l)?(grf('- dentirely by m aﬂjﬁuﬂj

converted into paralljel

next signal. These tdsKs

and data - nanlpulatlo s Wi thin a buff menesy-i ncl uded in the digital

si gnal ~processi ng bl k.-lO ' lA typical propagation path between
nobi | e radi o tel ephonks- I on receiver consists not only of a
shortest, |ineo#f sgngmnmmn signalsnanderebeciyiiqym Ecrambling code

having a greatest signal strengthf

- -

18. The system according to claim 12, said
5 receiving means further comprising:
sampling means for generating N samples of
said composite signal.

19. The systen according to claim 18, wherein

10 said correlation means is a Fast Walsh Transformation
circuit for transforming N signal samples into a N-point
Walsh spectrum where each point represents a correlation
value corresponding to a single one of said block codes.

15 20. The system according to claim 19, wherein
said signal removal means includes means for setting a point
with a greatest magnitude to zero.

21. The system according to claim 20, wherein
20 each point is a complex number having a real and an
. imaginary vector component .and said comparison means
includes means for determining a complex number having a
greatest magnitude.

25 22. The system according to claim 20, wherein
each point is a domplex number having a real and an
imaginary vector component and said comparison means
includes means for determining a complex number having a
greatest projection on a line at a particular angle and a

30 sign of said projection relative to a particular direction
along said line. '
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pathsdor echoes due to reflectionfromnountains, tall bU|Id|ngs etc, In
many dense urban EenRygT ¥ 115 propagatlon pat h ray—censtst—onty—of '
such echoes. Any | M S}4‘115-:1'—?'}‘:)‘fr esent, may beée too dlf
| f the total del et ween propadatli on paths is small

th gfsAHG“Q‘?é fading results becau

‘reci procal bandw
pat hs addi-ng soneji fres 20 construgtj vel y-and ‘soneti nes destructlvely
However, the si gnal Hray—Pbe successf 1y Teifodul at ed. by assumi ng that only a.
singl e wave exi st On_the athes and ‘a signal having path del ays that

are | arge corrpared"”vmththe r 1/ t tz
must be treated as haV| 25 %ﬁ E %%%55Ga%&c§%3gMbg hyhg?gﬁﬁsuélly
possi bl e, each point is a complex number having a real and an

imaginary vector component and said comparison means
includes means for determining a point having a correlation

5 with a greatest projection on a line at a pérticular angle
and a sign of said projection relative to a particular
direction along said line. '

24, The system according to claim 20, wherein
10 each point is a complex number having a real and an
imaginary vector component and said comparison means
includes means for determining a point having a correlation
with a greatest real'component and a greatest imaginary

component.
15
25. The system according to claim 12, wherein
said inverse correlation means- is a Fast Walsh
Transformation circuit.
20 26. The system according to claim 12, wherein

said correlation means and said inverse correlation means
include identical transformation circuits.

27. A system according to claim 12, wherein said
25 receiving means further comprises:
bit shifting means for generating bit-shifted
versions of said block codes and means for detecting delayed
echos and pre-echos of said composite signal.

30 28. A communications system according to claim
27, wherein said correlation means correlates said composite
signal correlation with said bit-shifted codes to determine

r

-

—————————

Sheet Has Been Replaced

\\ll\l\\ M0



however, to express the total signal as the sumof a finite nunber of paths

del‘ayed by nultlpl - : Ttod. Each’ path may be effected by.
i ndependent "anpl.it tA&1Vﬁﬁﬂ;S E % se rotation due to
Tn.30 this si

%ﬁ?ﬂﬁﬂ?ﬂﬂﬂ‘“‘—‘——-—

bi t.- peri od del ays. “gat’i on, the present
type of a conventijonal ank‘éﬁle?zﬁlmc as a RAKE receiver nm \ﬂﬂlﬂm‘ﬂm‘\ :
' d tpat hs. The RAKE recelvercCGrreqaﬁes t he-

- 28 37s¥gnal sanples as wel | as_the,'

despreadlng code
si gnal - sanples deI

a codeword with a greatest probability of having been
transmitted.

29. A system according to claim 28, wherein echos
5 of a previously decoded signal are subtracted from said
composite signal.

30. In a multiple access, spread spectrum
communications system for communicating information signals
10 between plural stations using code division spread spectrum
' communications signals, a method comprising:
spreading individual information signals from said
stations using a corresponding, pseudo-random spreading
code, wherein differ&nt information 51gnals from different
15 stations may have a same spreading code;
scrambling each said spread-coded information
signal usipg a unique, selected scrambling bit sequence
corresponding to one of said stations;
' transmitting said scrambled, spread-coded signals
20 from each station;
. receiving a compos1te signal of overlapplng,
+ transmitted signals;
descrambling said composite signal using one of
said unique scrambling bit sequences to distinguish spread-
25 coded information signals from a selected station from other
signals in said composite signal; and
recursively decoding said composite signals by
correlating selected spreading codes to generate a series of
decoded signals. '
30 '
31. The method of claim 30, further comprising:

This Sheet Has Been R
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bit period, the signal sa ayed by two bit periods, etc., and

conbi nes the cor| ef ore- deterrmining the information content
of the signal. 5|3 versions of the input signal .are
processed i n thelF st val sh’ Tgan fprm decoder 64 and the WAl sh spectra are
added -before det ¢ ar pebt \al sh-conponent . ”mmlﬂwﬁuﬁﬂm& may .-
be- added either -no -coherentlv i {h or-w thout. wei ght

wi'th an appropri dt.e~I0 relative phase r ot-aBiBor and melghtlng In erther
case, Fast Wal sh formed on.both the real and inmaginary
vector conponents of the signal. as descrj bed ﬁrevioui %ﬂY |eId|n real and

i magi nary conponents of the VEPLECEIRE 3 £ecrdefoRieBA nHf IHREeSh

t he magni tude correlation, said decoded signal corresponding to one of

said individual information signals.

5 ' 32. The method of claim 30, further comprising:
" successively recoding said selected decoded
signal using said corresponding spreading codes to generate
a recoded signal;
rescrambling said recoded 51gna1 using said
10 selected scrambling bit sequence;
| successively removing said rescrambled signal
" from sald composite signal; and
selectively selecting a next spreading code.

15 33. The method of claim 32, wherein said
spreading codes are selected in an order from greatest
spread-coded signal strength to weakest spread-coded signal
strength.

20 34. The method of claim 30, wherein said
- spreading codes are orthogonal block codes.

35. The method of claim 32, wherein said decoding

corresponds to a Walsh transformation and said recoding
25 corresponds to an inverse Walsh transformation.
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15 of correspgnm%—emxpl—erx‘m_sh spectral conponents are added and

wet ght ed befor te | argest conponents. In| er +—0f
pri or know.edg lﬁﬁ HiEé phase shift between thg [}I@A(@MEQ hgﬂﬁ
i
d

used to phase al ng Wal sh conponents befprE addition. '
Phase- al i gnnent by nmeans of a conpl ex pujt O Au@togy that '

can S|nultaneously |nclude an anpl i tudg, wei ghting. If fhe path. phase ghijft

is known by initially transmtting a knomm signal, for|eket —t shgse

shift may be used to rotate correspondi ng Wal sh 25 conponents until they
align on a single axis, and the Wil sh conponent having the Targest value on
this axis is determ n@@‘lAT‘WBTRQ%'th%déEM 1QMe effect of non-

ABSTRACT OF THE DISCIOSURE
Subtractive CDMA demodulation optimally decodes a

coded information signal embedded in many other overlapping
signals making up a received, composite signal. A radio

5 receiver correlates a unique code corresponding to the
desired signal to be decoded with the composite signal.
Moreover, after each information signal is successfully
decoded, it is recoded and removed from the composite '
signal. As a result, subsequent correlations are performed

10 with greater accuracy. Subtractive CDMA demodulation is
enhanced by decoding the composite signal in the order of
strongest to weakest signal strength. Interference caused
by the presence of the strongest information signal and the
composite signal during the decoding of weaker signals is

15 removed. The individual information signals are assigned a
unique block error correction code which is correlated with
the composite signal using Fast Walsh transforms.
Correlated signals are recoded using inverted Fast Walsh
transforms and removed from the composite signal.

Figure 7



coherent interference signal s by 3dB, on average,
capaci ty ‘i ncrease.

‘Moreover

i magi nary) of the conpl ex valsh spectrun1ascr|bed to -t
renpved after decodi.ng,
I s -al'so reduced. For exanple, the absol-ute phase shift
paths may -be tracked by processi ng %e act ual

Wal sh conponent s ‘ascribed to the de5|red gnal |n a c

si gnal

| oop.
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In the same way that energy arising on-different 5 signal paths may be.
utklized by conblnlng the results of rultiple despread,
S|gnals arriving on different antennas.may be conbined

regei'ving.system If an array of ‘antennas is connected]t an array ot
correl ating receivers. through a-beamfornng 10 netwofki piReABE e ray ‘be
given in a particular.receiver to-signals arising.frona partlcul rgnge-
of directions. For exanple, in one of a_bank of receier'st—a—signal._S1 firom

a northerly direction may have the grea?é signal strjength begause t he
antenna beam formed to that receiver points 15 north. Tn & Trecervet—
associated with.a southerly pointing beam the strength of the signal Sl is
reduced and a second

L ~L

2

1
1-1 1 1-1-1-1 1-1-1 11 1-1-1 1-1
Fig.
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signal S2 appears greatest. Consequently, the order of denodul ation and
extraction of signals nay differ in tw or nore recei.vers and. the. Qgﬂﬁ
'si.gnal may be denodul ated-at a 20 .different- poi nt |ﬁ7EFpA€Egﬁ@m‘$ﬁEEﬁ
prjoritized sequence and with dlfferent remai ni ng |nt£ Sr-eRee—stgna
present. It is clear that the results.of such: mul tiplie dlvg T%%%
dempdul ations can be conbined in.-a variety of ways t hat A gﬁpa eht to
‘those skilled in the art in order to objpjg 25 furtHher advantages  Wile -a
particul ar enbodi nent of the present" lnventlon has bgen descri bed and '
illustrated; it should be understood that the inventiloni-s—net—t-rited
thereto since nodifications may be made by persons skilled in the art.
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30 ,The present application contenplates any and all nodifications.that
falf. within the spirit ‘and scope of the underlyi.ng invention disclosed and "
clal med herein. - CLAIMS 1. A multiple-access, spread/[Sf S
REPEAGEHEN nshfarar |
h.C

comruni eati ons system for communi cating information sig
stations using code division spread spectrum conmuni catli gns- signals, e
station conprisi-ng: transm ssion nmeans f4f0} os_pr.eadi ng..an i nf(8 whiG 1995si gnal
wi th a ceorrespondi ng spreadi ng code and o]r transmttingla spread-codefl |
signal, and receiving neans for receiving a conposite §i
over | appi ng '
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spr ead- coded signal s, |nclud|ng code ordering neans for ordering

i néli'vi-dual spreading codes in ‘an order accordifg to relative strengths of .
said information. signals; decoding neans for recur5|'°'“

conposite signal with a.first ordered spr eadi ng code CQMEN?O' ?h
code ordering neans.-to generate a series of .decoded A als, recodi nfj preans
for successively recodi ng-sai d decoded si-gnal s usingjc rqygﬂ&ﬁﬁﬂﬂg .
spreadi ng codes to generate a series of 5/d0oded si gndl signal renoyal
means for successively renoving said recoded signals |fr ard—Cconposi fle

signal; and code sel ection neans for successively selgcting'a next rder ed

code fronlsald code ordering neans. 2. The system accbram™g to claim 1,
wherein said order of relative signal strength is
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fron1greatest to weakest strength. REPLACEMENT SHEET

according to claim'l, wherein said order of

dependi ng on changi ng system condi tions. 4.. The syster
3, wherein said.decodi ng nmeans repeatedly decodes said
each variati-on in sai'd order to determ-ne an actual si
and wherein sai'd decodi ng neans flnally decodes sai-d do
on sai.d act ual signal "strength o@§er 5.6 /1 systen1ac

wherei n sai d receiving neans |ngkudes a

RHA

JV
INFO.

A
t
!

31 3. The system

i nformati

PLATHHENE SHEET] m1

AN

30
SPREAD CODE
CENERATOR

)
32
SELECTED
CODE

-
l
L

RADIO CARRIER
ﬁﬂjg;i”r
28

26

Feg. b

Qs
by
=8
IS
S &
<
S¥
W
NS
58
8v §% ’ [} *
S
W

DIGITAL
AMQM?WH%#

RADIO CARRIER

144

CONA
FNCODER
|
20°

. DI6ITAL
AWQM%?N%W



menpry. for storing said conposite S|gnal recei ved by said receiver, and
sai d signal renoval neans i'nclude$ a subtractor for s{ ; [ "
decoded signal from said conposite signal stored in SC?E?Eé EﬂgﬁﬂiSﬂfFT
system according to claimb5,. wherein said code orderirg a lhgﬁ]yde4:

signal -strength detecting neans for detecting an .actus @:J* ¢éngth of
each of said information signals, reordering means for reordeanq sai g

spreading’ codes based on said detected sz?gg strengt s, and wherei n saijd

decodi ng nmeans. retrospectively decodes s conposite ngnastLOLedmpnasald

menory based on an order of spreading codes received fron1sa|d reordering
nmeans.
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7. A system according to claim1, wherein said transnission neans i ncl udes
modul ati on neans for nmodul ati-ng 'a radi o frequency carrTh' '
spread. coded information signal and said receiving ek :
denodul ati on neans for denDduIatlng said conposite sijgnal and’transnl'
a denodul ated, conposite signal to said decodi ng neans.| 80 8AUGNIIEPI €
access, spread spectrum comuni cati ons system.for co tcating infor
S|gnals bet ween plural stations using coglgrgli vi si on spr
conmmruni cati ons signals, each stagt+erconprising: a trpnsmtter including:

neans for spreading an |nfornat|od55|gnal with a corr €spondi ng, spreadi ng
code; a’'scranbling neans foiS i g al-serarbi b-t—seguenrce—to—sat-d

SOOIl ATTUT I IITUTL \quubllbc L4 DSTUAT U

spread infornation; and neans fcr‘ﬁ%rﬂrsn1tt|ng said scranbl ed, spread-doded

i nformation signal; and
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recei ving.means.for receiving a conposite signal of overlapping,
transmtted signals-including: descranbling ngans_far_descranbling said

conposi.te signal using.a scranbling bit sequen®EPL, hﬁﬂgp { ans for
recursively decodi ng sai d conposite signal by {c .{éggting 5’ 'l i ng codes

to generate‘a series of decoded signals. . 33 9. m ac¢ording to .
| g d€2%§¥%@8U91n for
(

>

clairm 8, said receiving neans further conprisi
successi vel y .recodi ng.said decoded.signa§a1¢si
codes to generate a series of recoded-sighals;

_correspondi nf ppreadi ng
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rescranbl i ng means for rescrambling said recoded signals using said
scranbling bit sequence; signal renoval neans for succeSS|ver renDV|ng
sai.d rescranbl ed signals fromsaid conposite signal;

means for successively selecting a next spreading cod Tﬂﬁ%ﬁi@hﬁﬁ@b§ﬁ@§ﬂ
according to-claim9, wherein said scranbling neans arid [rescranbling rfeqns
i nclude a nodul 0-2 adder for adding a ¥bfldnbling bit dJequePB8AUB 199G d
spread information. 11. The system according to clai m|ld, wherein said
~descranbl i ng neans adds $ai d nodul 0-12_ scranbling bit deduerrce—to—sard

"~ conposite signal to perf rn1§f7 dj descranblfing. 12. A nultiple access,
" spread spectrum comuni cati ons sterh for Jcommuni cating I nfor mation S|gnals

bet ween plural stations w& ng—Ccode IVIbIUH spread spectrum
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024533
cormunl cations signals, |l on comnmpdad Si NQ::

B84 coding meanﬂ'ﬂmw'ﬂ)m ks of bit sequence¥ of :an: |nfo
signal, and ne MJ ﬂgl ng said bl ock-coded: lnf ormat'

conposi te signal' of -overl appl T
transmtted signals, including: correl ati®n means for recursi ver'y

reéei ving neans fof rlecei visngs

a t I’ ans;-

.......

correl ating sai dCGBﬁ‘plSsi te signal with block codeg, .COrr.es ‘O.r_’ldl ng to said

i nformati on signals; conparison neans for deteri

23He 2HA1

F-ni ‘g-as

s

v s

generates a great egtm@l@ cceass,cppread spectrum communications system for communicating

information signals between. pIu:a;'staﬁons using code division spread spectfum

communications signals, each station comprising:

transmission means for spreading an information signal with a corresponding

spreading code and for transmitting a spread-coded signal, and

receiving means for receiving a composite signal of plural, overlapping

spread-coded signals, including:

code ordering means for ordering individual spreading codes in-an order according

to relative strengths of said information signals;

decoding means for recursively decoding said composite signal with a first ordered

spreading code received from said code ordering means to generate a series of _déooded

signals;

recoding meaos for successively recoding said decoded signals using corresponding

spreading codes to geperate a series of recoded signals;

signal removal means for successively removing said recoded signals from said

composite signal; and

code selection means for successively selecting a next, ordered code from said code

ordering means.

2. The system according to claim 1, wherein said order of relative signal strength is

from greatest to weakest strength.
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and for produci ngm; si gnal renov REBEA@EMENI‘,SHE]"
successi vely renovi ' ﬂmmlr“% d signal- from sai ¢ ' 3
and inverse correl mﬂ ¥ecodi ng a residual
correl ated, conposite stgral "us’ng sai d correspondi
generat'e a series of recoded signals. 13. 3he syste
wherein said bl codes are forned.using Wl sh- Had
syst em accor di n@cf‘t? %’F‘&Hﬁ%%d%gfgf’ﬂisgﬁffeﬁ‘is&@?r

codes.

-m 12,
The -

trices, J14f -'
SRS bl ock

varied depending on changing system conditions.

4. The system according to claim 3; wherein said decoding .means repeatedly
decodes said composite signal for each variation in said order to determine an actual signal
-strength order and wherein said decoding means finally decodes said composite signal based

on said actual signal strength order.

5. The system according to claim 1, wherein said receiving means includes a
memory for storing said composite signal received by said receiver, and said signal removal
means includes a subtractor for subtracting said decoded signal from said composite signal

stored in said memory.

6. The system according to claim 5, wherein said code ordering means includes:

signal strength dctépting means for detecting an actual signal strength of each of said
information éignals,

reordering means for reordering said Sprcading codes based on said detected signal
strength;, and

wherein said decoding means retrospectively decodes said composite signal stored in

said memory based on an order of spreading codes received from said reordering means.



REPLACEMENT SHEET—t5—The—system-according to cl ai Tc bl ock
| gi m 12,

godes are bi-on | -odes. 16. The syst g

wherein said tr”"ﬂﬂﬂﬂﬂ!"ﬁﬂﬂ[&"@r i ncl udes: scranblj aqdiing a
scranbling bit sequenc "ssalyd bl ock-coded i nfornuat)i on; and sai d|rdceiving
means further includes: descranbling nans for de%[caranbl I ng sard conposite
signal using a selected scranbling code corresponding.to one of said

i nformati on si ghaoh systemdceozdiog tondlaionty, wikezein sfid trangmissiomhieamsginelades r esi dual
portion of said conposite signal using said selected scranbling code. 17.

The syst enmnag@atich MearsFoLnddultif a fatiol ficfoedcy tafrics wale wiBdRidspr@aldoasy means
- for ordering individual scranbling codes aqcordlng to relative

information signal and said receiving means includes demodulation meas for demodulating

said composite signal and transmitting a demodulated, composite signal to said-decoding

means.

8. A multiple access, spread spectrum communications system for communicating
information signals berween plural stations using code division spread spectrum
communications signals. each station com_pri_sing: :

a transmitter including:

meaps for spreading an information signal with a corresponding, spreading code;

a scrambling means for adding a scrambling bit sequence to said spread information;

and
means for transrﬁitting said scrambled, spread-coded information signal; and
recciving means for receiving a composite signal of overlapping, transmitted signals
including:

descrambling means for descrambling said composite signal using a scrambling bit
sequence; and
decoding means for recursively decoding said composite signal by correlating

spreading codes to generate a series of decoded signals.



Si gﬁal strengths of said information signals and sel

8 enra racer o ANHEINANRNIAN <2 oo, Toamt e e

LACENENT, SHEFT).q

em according tofclaim
ener at i ng

N sanpl es of said conpdsite &ighal. 36 19. The sysfem accor.ding {o]|claim

18, wherein said correl ati on neans is3§ Past Walsh T

ranstornatTonm Tl r¢ui t

for transform ng N signal sa es into an N-point WAl sh sgectrum wher ¢ each

|
poi nt represent H‘Wﬁ?@%%ﬁ/‘&l%ﬁ?‘éﬁ%‘ﬂ%&%

EPIERE of sai d

bl ock codes. 20. The system according to claim 19, wherein said signal
renoval neans in¢eddiagsmeans for-successively recoding said decoded signals using corresponding

spreading codes to generate a series of recoded signals;

rescrambling means for rescrambling said recoded signals using said scrambling bit

sequence;

signal removal means foc successively removing said rescrambled signz'ﬂs from said

composite signal;

and

code selecton means for successively sclecting a next spreading code.

10. The system according to claim 9, wherein said scrambling means and

rescrambling means include 2 modulo-2 adder for adding a scrambling bit sequence to said

spread information.

11. The system according to claim 10, wherein said descrambling means adds said

modulo-2 scrambling bit sequence to said composite signal to perform said descrambling.

12. A multiplc access, spread spectrum communications system for communicating

information signals between plural stations using codc division spread spectrum

communications signals, cach station comprising:

a tramsmitter including:



means for setti ng a point with a greatest magnitude

according to claim20, wherein each point is a conp ]EPM@MNT@[{}ET

and an i nagi narrwcmmnd sai d conpari sfor
for determning Hﬂmmaw ng a greatest

system accor di nga}m“ﬂm ein each point is
a real and an imagrnaty wed of cbmponent and said

means for determ ning a conplex nunber Baving a gr
line at a particular angle and a sign of said proj
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receiving means for receiving a composite signal of overlap_ping. transmitted

signals, including:

correlation means for recursively condadng said composite signal with block codes

corresponding to said information signals;

comparison means for determining a block code that generates a greatest correlation

and for producing a corrciated signal;

signal removal means for successively removing said correlated signal from said

composite signal; and

inverse correlation means for recoding a residual portion of said correlated,

composite signal using said corresponding block codes to generate a series of recoded

signals.

13. The system according to claim 12, wheretn said block codes are formed using

Walsh-Hadamard matrices.

14. The system according to claim 12, wherein said block codes are orthogonal

block codes.



37: particul ar ang| | said projection r REPLAGEMENT $HEET Cul ar
direction al ong SBWB m%@m system accordi ngjt{ clarm 20, "wWherpin
: L PAUB 9991 of

eterm ni ng p point

‘#each point is ac ing a real and an]i
conponent and sai d conparison neans includes neans
having a correlation wth a greatest reals conponent |a
| magi nary conponent. 25. The systemaccording to cl
i nver se corr el atisoTheepstan ascotdilgftl clatfl B whesds §4d b1 EJFITA

system according to claim 12, wherein said correlation neans and sai
i nverse copigikadode nmeans include identical transformation circuits.

im1l2, wherein sajd

nalThe

d

16. The system according to claim 12, wherein said transmitter further includes:

scrambling means for adding a scrar_nbling bit sequence to said block-coded
information; and |

said recei.ving ﬁm further includes:

descrambling means for descrambling said composite signal using a selected

scrambling code corresponding to one of said information signals; and

rescrambling means for rescrambling said residual portion of said composite signal

using said selected scrambling code.

17. The system according to claim 16, further comprising:

code selection means for ordering individual scrambling codes according to relative

signal streagths of said information signals and sclecting a scrambling code having a

greatest signal strength.

18. The system according to claim 12, said receiving means further comprising:

sampling mcans for gencrating N samples of said composite signal.



27. "A system according to claim12, wherein said recej mi 1ar

conprises: bit shrfﬁ‘ng—nEaTTs—f‘or—g'éﬁeratl ng bit-shif : Laid Eddi d
bl ock codes and ne del ayed echos and| pfre-echos of sdic

conposi te signal. T“l“ﬂm(lmﬁﬂ"ru‘m | cations system accor 2i1AUG 4939 aijm{27,
wherein said correlation means torrel ates said conposjitie signal corrgl gtion
with said bit-shifted codes to determ ne a codeword t h—agreatest
probability of having been transmtted. 280. A systemjaccording to clairm 28,

wherein echos of a %hew ously decoded signal are subtracted fr.omsald
conposi te si gnal .19. The system according to claim I8, whercmsaldoorrclauonmeansxsaFast

Walsh Transformation circuit for transforming N signal samples into an N-point Walsh
spectrum where each point represents a correlation value corresponding to a single one of

said block codes.

20. The system according to claim 19, wherein said sigoal removal means includes

means for setting a point with a greatest magnitude to zero.

21. The system according to claim 20, wherein each point is a complex number
having a real and an imaginary vector component and said comparison means includes

means for determining a complex number having a greatest-magnitude.

22. The system according to claim 20, wherein each point is a complex number
having a real and an imaginary vector component and said comparison means includes
means for determining a complex number having a greatest projection on a line at a
particular angle and a sign of said projection relative to a particular direction along said

line.

23. The system according to claim 20, wherein each point is a complex number
having a real and an imaginary vector component and said comparison means includes

means for determining a point having a correlation with a greatest projection on a line at a



30. In a nultiple access, spread spectrum comuni cations system for
comuni cating i nformation signals between plural st
di vi si on spread ' ions signals, g mmg}m :

spreadi ng individu | tion signals fromsaid dgtations usingja

cor r espondi ng, pseﬂM‘F’Bﬁ%ﬂ , ing code, wheréin & 1AMGRI% nfof mation
signals fromdifferemt; stars have -a sane sprgadi ng code; s¢ranbling
each sai d spread-coded i nformation signal using a;uni que, Selectet

scranbling bit sequence correspondi ng tongne of saild.stations: tranpmitting
sai d scranbl ed, spread-coded signals fro Gach station; receiving a

COMOST te. Shiifler Qa0 AR L 38I0Pia HEALHIA LiBhcTh A BBl BRCLRRN IR ¢

conposite ng one~of sal que scranblfi-ng bt s
di stingui sh_spread-coded information signals froma selected station from
ot her signal’s-in said conposite signal

24. The system according to claim 20, wherein each point is a complex number
having a real and an imaginary vector component and said comparison meaps includes
means for determining a point having a correlation with a greatest real component and a

greatest imaginary component.

25. The system according to claim 12, wherein said inverse correlation means is a

Fast Walsh Transformation Circuit.

26. The system according to claim 12, wherein said correlation means and said

inverse correlation means include identical transformation circuits.

27. A system according to claim 12, wherein said receiving means further
comprises:
bit shifting means for generating bit-shifted versions of said block codes and means

for detecting delayed echos and pre-echos of said composite signal.



and’ 39 recursively decoding said conposite signals by correlating

sel ected spreading cades to generate a series of decoded
net hod of clai m 30, ?ﬁ??ﬁEF‘CUﬁﬁFFSLﬂg‘\Se|eCtIng ad
greatest correlation, naI .cor r espondi
i ndi vi dual |nformat|o /ﬂ! met hod of clafm|3
1

conpri sing: successi veI y r“ece [

sel ected decodqd sﬁ’gﬂé usi ng gai

correspondi ng spreadi ng codes to generate a recoded sijgnal.
38

28. A communications system according to claim 27, whetein said correlation

means correlates _.séid composite signal correlation with said bit-shifted codes.to determine a

codeword with a greatest probability of having been transmitted.

29. A system according to claim 28, wherein echos of a previously decoded signal

“are subtracted from said composite signél.

30. In a multiple access, spread spectrum communications system for

communicating information signals between plural stations using code division spread

spectrum communications signals, a method comprising:

spreading individual information signals from said stations using a corresponding,

pseudo-random spreading code, wherein different information signals from different

stations may have a same spreading code;

scrambling each said spread-coded information signal using a unique, selected

scrambling bit sequence corresponding to one of said stations;

transmitting said scrambled, spread-coded signals from each station:

receiving a composite signal of overlapping, transmitted signals;

descrambling said composite signal using one of said unique scrambling bit

sequences to distinguish spread-coded information signals from a selected station from

other signals-in said composite signal;

and



rescranbling said recoded signal using said selected scranbling bit

sequence; successively renmpving said rescranbl ed sirgnafTONTSak pposite
signal ; and successively—setecting a next spreadin wﬁwﬁr’gthod of

claim32 wherein s es are selected ifn an order frpm
gr eat est spread-coﬂit‘ﬂmaﬂgm}mﬁlwﬂ h.to weakest spréad ¢@iEd1999gnal
strength. 34. The net alm 30, wherein said srreadl ng codes|ate
ort hogonal bl ock codes. 40 35. The nethod of cl gi m-32—wherein said

decodi ng corresponds to a Wal sh transformati and |sai d recoding
~corresponds to an inverse Wal sh transformation. ' :

recursively deqoding said composite signals by correlating selected spreid.ing codes

to generate a series of decoded sigmals.

31. The method of claim 30, further comprising:
selecting a decoded signal having a greatest cdnelaﬁon, said decoded signal

corresponding to one of said individual information signals.

32. The method of claim 31, further comprising:

successively recoding said selected decoded signal using said corresponding
spreading codes to generate a recoded signal;

rescrambling said recoded signal using said selected scrambling bit sequence;

successively removing said reécfambiéd signal from said composite signal; and

successivciy selecting 2 next spreading code.

33. The method of claim 32, wherein said spreading codes are selected in an order

from greatest spread-coded signal strength to weakest spread-coded signal strength.

34. The method of claim 30, wherein said spreading codes are orthogonal block

codes.
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35. The method of claim 32, wherein said decoding corresponds to a Walsh -

transformation and said recoding corresponds to an inverse Walsh transformation.




10

15

REPLACEMENT SHEET
2 1AUG 1999

41

CDMA SUBTRACTIVE DEMODULATION

ABSTRACT QF 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 correlates a unique code corresponding to the
desired signal to be decoded with the composite signal.
Moreover, after each information signal is successfully
decoded, it is recoded and removed from the composite
signal. As a result, subsequent correlations are performed
with greater accuracy. Subtractive CDMA demodulation is
enhanced by decoding the composite signal in the order of
strongest to weakest signal strength. Interference caused
by the presence of the strongest information signal and the
composite signal during the decoding of weaker signals is
removed. The individual information signals are-assigned'a
unique block error correction code which is correlated with
the composite signal using Fast Walsh transforms.
Correlated signals are recoded using inverted Fast Walsh
transforms and removed from the composite signal.

Figure 7



