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The present | womdzsd rel ates to digital beanform ng, and noPETHSIHNTE arl y
to 5 an efficient apparatus for sinultaneous nodul ation and digital
beanform ng for an antenna array. Background of the Disclosure
El ectronical |y steered directive antenna’ arrays according to the known art
use a techni que known as digital beanformng. In digital beanform ng,
a plurality of 10 signal waveforms N, which are to betransmtted are

represented by sequerﬁ T APPA S FO LTA LATI

AND DIGITAL BEAMFORMING FOR AN ANTENNA ARRAY

Field of the Disclosure
The present invention relates to digital beamforming, and more particularly to
5 an efficient apparatus for simultaneous modulation and digital beamforming for an
antenna array.

Background of the Disclosure
Electronically steered directive antenna arrays according to the known art use a
technique known as digital beamforming. In digital beamforming, a plurality of
10  signal waveforms N, which are to be transmitted, are represented by sequences of
numerical samples, with the aid of Analog-to-Digital (AtoD) convertors, if necessary.
In general the complex number sequences are applied to the inputs of a numerical
processor known as a digital beamforming network. The digital beamforming
network computes a number M of numerical output sequences corresponding to the
15 number of elements in an antenna array that have to be driven.. The general complex
output sequences are converted to analog waveforms with the aid of Digital-to-Analog
(DtoA) convertors for modulating a radio frequenéy carrier using, for example, a
quadrature modulator of a known type. The modulated radio frequency waves are
then amplified for transmission by respective antenna elements. This prior art digital
20  beamforming network effectively performs a multiplication of a complex vector of N
tnputs with an MxN complex matrix of coefficients to form a complex vector of M
outputs, for each time sample of the input signals.
A prior art digital beamforming network is illustrated in Figure 1. Information
signals, which may be analog signals such as speech, are converted to digital signals
25 using AtoD convertors 10. The output signals from the AtoD converter 10 may, for
example, be PCM signals of 8 kilosamples per second of 16-bit digitized samples.
The total bit rate of 128Kilobits/sec is usually considered excessive for transmission
of digital speech over radio links. As a result, an encoder 11, which may be a
Residually Excited Linear Predictive encoder (RELP) or one of the other known
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10 on whether the data bit being transmitted is a binary ’1’ or a *0’. The abrupt
inversion of the phase gives rise to spectral spreading of the radio signal and potential
interference with other radio channels. Thus, the prior art modulation comprises
filtering of the digital waveform to round-off the transitions between *1° (+1) and 0"
(-1). In extreme cases known as partial response signalling, over-filtering is used to

15  reduce the amount of spectrum used by a signal for its transmission. Filtering is used
to obtain desired characteristics in the spectral domain, but can be achieved either
with spectral domain filters such as may be constructed with resistors, inductors and
capacitors or may be achieved by processing in the time domain using time samples.
An archetypical time-domain filter is known as the transversal filter or Finite Impulse

20  Response (FIR) filter. Other prior art time domain filters are known as Infinite
Impulse Response filters (IIR).

An FIR filter comprises one or more delay stages for delaying the signal to be
filtered forming a tapped delay line. When signals are already in the form of
sequential numerical waveform values, such a tapped delay line may be formed by

25  storing samples sequentially in a digital memory device. Samples delayed by different
amounts are then weighted and added to form the filtering characteristic. Such a
filter, when employed to filter digital waveforms, generally produces several output
values per input data bit so as to correctly represent the shape of the 1-O transitions
which are important in controlling the spectrum to the desired shape. These values

30 are no longer +1 or -1, but any value in between. Thus, premodulation filtering has

the effect of changing single-bit information values to a plurality of multi-digit values.
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modulator (or quadrature modulator) which impresses the complex modulation on a

desired radio carrier frequency. The DtoA conversions anti-aliasing filtering and 1,Q

modulator are represented by blocks 14 of Figure 1.
The prior art beamformer thus forms M combinations of the N input signals’
15 samples by means of an MxN matrix multiplication with a matrix of combining
coefficients. For example, suppose N=320 and N=640; then for each input signal
sample period, 204800 complex multiply-accumulate operations have to be performed.
A typical coded digital speech signal may be represented by a modulation waveform
" of 10KHz bandwidth, which, if sampled at 8 samples per cycle of bandwidth in order
20 to accurately represent 1-0 transitions, leads to 80k complex samples per second from
each modulation waveform generator 12. Thus the number of complex operations per
second that digital beamformer 13 must execute is 80000 x 204800 =
16,384,000,000.
Instruction execution speeds of digital signal processing devices are measured
25  in Mega-Instructions Per Second or MIPS. Thus, 16384 MIPS of processing are
required. A complex multiply-accumulate consists however of 4 real multiply-
accumulates in which DSP power is normally measured. Thus, the number of real
MIPS required is thus 65536, or with allowance for overhead, > 100,000.
A state of the art digital signal processor such as the Texas Instruments
30 TMS320C56 executes about 40MIPS. Thus, 2500 devices are needed for the
postulated 320-input, 640-output beamformer. This may also be expressed as 8 DSP’s
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5 1t is therefore an objective of the invention to provide digital beamforming and
spectrally controlled modulated output signals at a reduced cost per voice channel,
which may be achieved by practicing the invention according to the following
description and drawings. The present invention relates to a beamforming network
which is adapted for transmitting N digital information streams using M antenna

10  elements. The N digital information streams are represented by binary 1°s and 0's, or
in arithmeﬁc units, by +1 or -1. These unfiltered digits form the inputs to the
inventive beamformer, which no longer have to perform multiplication. Furthermore,
precomputed sums and differences may be stored in look-up tables addressed by
groups of bits of the information streams, in order to save computational effort.

15  Since the beamforming network performs a linear operation, filtering of the digital
information waveforms in order to delimit the transmitted spectrum can be performed
on the output signals rather than the input signals, thus pérmitting the simplification of
the beamforming process.

According to one embodiment of the present invention, a digital beamforming

20 network for transmitting a first number of digital information signal using a second
number of antenna array elements is disclosed. | Assembling means are used for
assembling one information bit selected from each of the information signals into a bit
vector. Digital processing means have an input for the bit vector and a number of
outputs equal to the second number of antenna elements and process the bit vector.

25  Finally, modulation waveform generation means coupled to each of the second
number of outputs generate a signal for transmission by each antenna element.

According to another embodiment of the present invention, a digital
beamformer for transmitting a first number of digital information streams using a
second number of antenna array elements is disclosed. The beamformer has selection

30 means for selecting one information bit at a time from each of the information streams
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Brief Descripti the Drawings

15 These and other features and advantages of the present invention will be more
readily understood upon reading the following detailed description in conjunction with
the drawings, in which:

Figure 1 illustrates a prior art multiple beamforming network;
Figure 2 illustrates a beamforming network according to one embodiment of

20  the present invention;

Figure 3 illustrates generating filtered PSK according to a known method;

Figure 4 illustrates a numerical generation of filtered modulated waveforms;

Figure 5 illustrated an implementation of the waveform generator illustrated in
Figure 2; _

25 Figure 6 illustrates beamforming using precomj)uted Idok-up tables;

Figure 7 illustrates the use of 16 megabit DRAMs for beamforming according
to one embodiment of the present invention;

Figure 8 illustrates a DRAM for forming staggered interstitial beams between
different channels;



Mega- I nstructions Per Second or MPS. Thus, 16384 M PS of processing are
required. A conplex multiply-accunul ate consi sts however of 4 real

mul ti ply-accunul ates in which DSP power is nornally measured. Thus, the
nunber of real MPS required is thus 65536, or with all owance for overhead,
> 100, 000. state of the art digital signal proce s the
Texas | nstr JNBAVE? 320C56 executes about 40M PS. Thus, 2?@%@%&?@3@ are
needed for the postul ated 320-i nput, 640-output beanforner. This may al so
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per voice channel. As state of the art DSPg-are expensive, the use of 8
DSPs per voi ce channel raises the cost of providing conmunications

i nfrastructure whi dfigure 9 illustratesatimesharingnthe énvestivef beaodormee ibeiwesn diffexehtvoi ce
channel . frequency channels;
Figure 10 illustrates a beamformer used in conjunction with digital frequency
division multiplexing;
5 Figure 11 illustrates the generation of offset QPSK modulation waveforms;
Figure 12 illustrates an arrangement for offset QPSK beamforming according
to one embodiment of the present invention;
Figure 13 illustrates the use of the inventive beamformer for reception with
hardlimiting channels; and
10 Figure 14 illustrates the use of the inventive beamformer for receive

processing of multi-bit quantities.

Detailed Description
The inventive beamformer is illustrated in Figure 2. The Analog to Digital
conversion (Fig.1 (10)), voice coding and error correction coding (Fig. 1 (11)) have

15  been abbreviated to the source coding block 20 of Figure 2. Source coding comprises
reducing analog voice, pictures, documents for faxing or any other form of
information to a digital bitstream for transmission, and may comprise AtoD
conversion, data compression to remove redundancy and error correction and/or
detection coding to improve transmission reliability.

20 The output of the source coding may be represented arithmetically as a
sequence of +1 or -1’s at the rate of one such number per information bit. This is a
much simpler sequence than is produced by the modulation waveform generator 12 of
Figure 1. Typically, the latter produces 8 multi-bit complex numbers per data bit,
because it filters the digital data waveform for transmission to constrain the spectral

25 occupancy. The present invention relies on the principle that the beamforming
network performs a linear operation, and that the modulation waveform generation is
a linear operation, and thus their order can be reversed. According to the present
invention, modulation waveform generation is performed after beamforming, thus
avoiding an expansion from one single bit value per information bit to several multi-

30  bit values ahead of the beamformer. Thus, the beamformer has to perform operations
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saving factor of 16. This translates into a cost per voice channel reduced from 8

15 DSPs to 0.5 DSPS, which is affordable.

| Before continuing to explain how even greater saving may be achieved by the

use of precomputed look-up tables, the function of the modulation waveform generator
22 which is now placed after the beamformer will be explained. When linear
modulation is used, data bit waveforms are filtered to contain spectral occupancy and

20 then modulated on to a radio frequency carrier using for example AM, PSK, QPSK,
DQPSK, OQPSK, etc. Linear modulations give rise to a varying radio frequency
amplitude as well as a varying phase, whereas non-linear modulations such as FM,
PM, FSK, MSK, GMSK, CPFSK and the like are used when it is desired to maintain
a constant amplitude signal that is modulated only in phase. The latter may be

25  preferable for transmitting a single information stream, such as in a digital mobile
phone, because constant envelope transmitters can operate at greater efficiency. In an
active phase array transmifting a multiplicity of signals, the composite signals
transmitted by each element are inevitably of varying amplitude and phase, and it is
thus no disadvantage, to use the more spectrally efficient linear modulation methods

30  which require varying the amplitude.
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a stream radio carrier wave with the filtered bitstream. Figure 3a shows the waveforms used
for generating filtered PSK with a known balanced modulator 30a. An unfiltered data
5  waveform 32a is applied to a bandwidth-restricting, low-pass filter 31a producing
filtered waveform 33a. The filtered waveform multiplies the radio frequency carrier
34 in balanced modulator 30a to produce modulated waveform 35a. In the modulated
waveform, the RF carrier wave has been inverted 180 degrees in phase for periods
when the filtered waveform is negative, corresponding to binary *0's in the original
10  data stream. A curréntly more fashionable approach to modulation is shown in Figure
3b. The data bit waveform is regarded as a series of impulses 32b of + or - sign
instead of a flat-topped square wave 32a. These impulses are applied to shock-excite
a filter 31b that rings in response to each impulse in a characteristic way known as the
impulse response. Since the filter is linear, the output waveform 33b is the linear
15  superposition (addition or subtraction according to the sign of the data bit) of the
impulse responses produced by each data impulse. This waveform then modulates RF
carrier 34 as before using balanced modulator 30b to produce modulated radio wave
35b. Waveforms 33b and 33a are similar, as are waveforms 35a and 35b. The
systems of Figures 3a and 3b are in fact identical when the filter frequency responses
20  H({w) and H'(jw) are related by:
H'(w) = H(Gw).SIN(wT) where T is the data bit period.
wT
Modern theory contends that impulse responses H’(jw) that are not constrained
to contain a Sin(wT)/wT factor can be made more desirable. The advantages are a
25  Dbetter spectral containment without reducing communications efficiency through
overfiltering, and better demodulation algorithms are possible through being better
able mathematically to model the transmission process as the impulse response of a
transmit filter, propagation channel and receive filter combined. Furthermore, if this
combined channel has the Nyquist property, which means that its combined impulse
30  response has zero-crossings at multiples of the data bit period away from the peak,

then the received signal, when sampled at the correct instants, will reproduce the data
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illustrates a Tor Tormng Staggered i1nterstitial beans between
di f f erent channetransmitter filter may be made root Nyquist, but there is in practice less control over

the receiver IF filters. Nevertheless, the deviation from root-Nyquist at the receiver
is simply modelled as a linear imperfection introduced by the propagation channel and

10  can be compensated by an equalizer of known type.

Advantageous means exist for numerically generating modulation waveforms of
data impulses filtered by a root-Nyquist filter or indeed any filter. The design process
is'as follows. Once the-desired Nygquist filter response is chosen, the square root of
its frequency response is calculated. Then, the impulse response of the root-Nyquist

15  filter may be caléulated by Fourier transforming its frequency response. The impulse
response is in general a continuous waveform, but it can be represented adequately by
a number of sample values greater than twice the maximum frequency at which its
frequency response is non-zero and still significant. In practice, the sample rate used
is expressed as a multiple of the data bitrate and is chosen to make the smoothing

20 filter needed to smooth the samples waveform as simple as possible. It is desirable
that this filter, which must be a continuous time filter constructed with analog
components, be of bfoader bandwidth than the desired root-Nyquist response so that
tolerances in its cut-off frequency do not affect the overall response, which should be
dominated by the accurate digitally generated root-Nyquist characteristic.

25 The scheme for numerically generating filtered modulation waveforms is
illustrated in Figure 4. Data bits are clocked into shift register cells 40...45 and bits
delayed by 1,2,3,4,5 or 6 bit periods are made available from taps on the shift
register to digital calculator 46. For each shift, the digital calculator computes:

EQUATION SET 2

30 SO = bl-F(-3T) + b2-F(-2T) + b3-F(-T) + b4-F(0) + bS-F(T) + b6-F(2T)

S1 = b1-F(-2.9T) + b2-F(-1.9T) + b3-F(-0.9T) + b4-F(0.1T). . .b6-F(2.1T)
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Figure 9 illustrates tinmesharing the inventive beam forner between

di fferent frequency channels; Figure 10 illustrates a
beanf orner u | onjunction wth digital frequency YIRSy

mul ti pl exi ng;W%)CSi”}zﬁ89 Figure 11 illustrates the generat?%wnm%d@g"fa?set
QPSK nodul ati on wavef or ns; Figure 12 illustrates an
arrangenment for offset QPSK beanform ng accordi ng to one enbodi nent
of the present invention; Figure 13 illustrates the use of the
I nventive beanformer for reception with -10- hardlimting channels; and 10
Figure 14 illustrates the use of the inventive beanfornmer for receive

processi ng of T bIF{2.8Dat b2-Feb.8T) + b3-F(-0fd) at b4 (@ayr.i HOiFEH 2T)

S8 = bI-F(-2.2T) + b2-F(-1.2T) + b3-F(-0.2T) + b4-F(0.8T). . .b6-F(2.8T)
5 89 =Db1-F(-2.1T) + b2:F(-1.1T) + b3-F(-0.1T) + b4-F(0.9T). . .b6-F(2.9T)
where F(t) is the impulse response of the desired filter at a time 't’ away from the
peak, T is the bit period, and the above assumes that 10 waveform samples per bit
period are to be computed (i.e. N1 of Figure 4 is equal to 10). If 8 samples per bit
had been desired, then the arguments of F(t) would have been incremented in steps of
10 T/8 instead of O.1T.

Since the impulse response F and the times at which its value is needed to
calculate the above are known in advance, all the 60 F values in the above formulas
may be precomputed and stored in a lodk-up table or read-only memory. Even better,
because the data bits bl...b6 can only jointly take on 64 different combinations, each

15  value SO....S9 can only take on one of 64 possible combinations of the F values, the
combinations of which can then be precomputed and stored in a table of 64 values for
SO, 64 values for S1... and so on, a total of 640 values. This is a relatively small
Read Only Memory (ROM) by today’s standards, so it is possible to obviate
calculation altogether by substituting a ROM table for digital calculator 46 which is
20  addressed by shift register 40...45.

The output from the digital calculator 46 is thus a stream of N1 values per data
bit. This may be applied to a DtoA convertor 47 to generate a corresponding
sequence of analog samples 48, This waveform has discontinuities between samples
that must be smoothed out to avoid spectral spreading of the transmission. The

25  discontinuities occur however at the relatively high frequency of the sample rate
which is N1 times the bitrate. Therefore, they may be filtered out by a continuous
time filter 49 with a frequency response that cuts off at several times the bitrate, and
thus does not affect the frequency response in the region around the bitrate that we
are attempting to accurately define. Any small residual effect that filter 49 may have

30  on the overall root-Nyquist response can be taken into account in precomputing the F-

coefficients defined above. The F-coefficients can for example be computed from the



The inventive beanforner is illustrated inFgure 2. The Analog to Digital
conversion (Fig. 1 (10)), voice coding and error correction coding (Fig. 1

(11)) have 15 been abbrew-g,ﬁ@dmﬂﬂa&?‘%ﬂe codi ng bl ock 20 of Figure 2.
g

Source coding conprises voi ce, pictures, docunents
for faxing or vagwreiaker form tion to a digit@cTuseaiT7a8mm
for transm ssion, and may

conver si on, data conpr essi on

to renove redundancy and error correctlon and/ or oding to
i nprove transmission reliability. 20 The out pytTHiS SHEET $M& BEEN
coding may be represented arithnmetically as a segg@ence REPL*A%EBr EEL 3

at the rate of one such nunber per informatibkl bit. Thi s—s—=a

S TPl e SequUence L hAl b SaRieosHhe desti iR AL @n#'iﬁﬁe*{ﬁ%?”"?ﬂi‘s%%% ot

U

nunbers per dat afikirt49. because it fil ters t he di g| tal data waveform
for transm ssion to constrain the spectral occup }és The rl

i nvention relies on t%ae\famwemsaltma@vqmrm Gl n%‘to 3’1?"
perforns a line e Ropl + 687 | Stpafie WaNELAGTOSB0SHE3,1 on s
a linear operat ﬁén@% %hﬁ gpﬁﬁgﬁb‘g,rbger camrllpge rélver\ggg According to the
pr esent 5 i nwhich nambothmambmnwrpometbbnmfergmrat ion is performed after

peartor 1. 1S e Y Y oR e AR Y BRI it P
Thus, the beanf ofirsestageasf matafen fowandsopesminuousswvaveform by filling in extra samples
between the original samples using a digital interpolator 51. This may for example be
a simple linear interpolator that simply draws a straight line between original samples
10  in order to estimate the value of intervening samples. Samples at the interpolated rate
are then applied to a high bitrate Sigma-Delta convertor 52, which represents the
waveform as the proportion of 1’s to 0’s in a much higher bitrate stream. The
inverse of this bit stream is also formed by an invertor 54 and the stream and its
inverse are applied to a balanced (push-pull) continuous-time filter arrangement 53 to
1S  generate the desired continuous waveform. One advantage of alternative arrangement
(51..54) is the elimination of the DtoA convertor 47, and other advantages are
discussed in the aforementioned applications incorporated above.
A modified arrangement similar to Figure 4 can be employed to implement
modulation. The modification is required because the input quantities to the post-
20  beamforming modulator have been transformed into multi-bit complex values by the
combinatorial beamforming operation and are no longer single bit values as in
Figure 4.
Figure 5 illustrates the modified waveform generator. A sample stream
comprising the real parts of the complex number stream from one output of
25  beamformer 21 is delayed in a series of memories (60...61,62) corresponding to the
length of the impulse response of the transmit filtering desired. A convolver 63 forms
N1 output samples per input sample shifted into delay elements 60...62 by computing
equation set 2 substituting for bl...b6 the multi-bit input values from the delay
elements. This now involves full multiplications as bl...b6 are no longer just +/-1.
30 However, the number of multiplications needed to implement the filtering operation is

much less than the number needed to implement beamforming. Therefore, it is
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at typically 1/8th of the rate. Instead of nultpilication, the beanfornmner

gnly_haslto psrforn1N addi tions or subtractions (according as an input
It is +1 or_-1) of an associ at ed predeterm ned beanfo

coefficient. V& n&?ﬂnple, I f the beanfo?ning coefficieﬁ gﬂﬁngg?gna
i's desired transmt direction are cli,c2ic3i....cm, and the bits 5 for

signals i=1,2,3,4 .... nare +1,-1,+ +1 + 1...... +1, then the beanform ng
net wor k nmust cal cul at e: EQUATI ON SET

1 cll-cl2+c13+c14 .... .. 12+cln for array el enent |

c21-c22+c23+c24 ... ... +c2n for array elenment 2 and so on. 10

The +/- sign padvaatgeous b simplify bédneforming iahthei expense of medplatiols filteringhe dat a

bi t polarities .at the input,  If each cik is in ex
nunber, the abﬁ?fgglem%" ?\e‘ﬂngé}gﬂ't@ 'Zﬁflﬁ".iﬁgli‘Piﬂb%%on(‘)'?lvgﬁﬁg'gi@hagsn‘gﬁc ared to
the 4nm mul ti phﬁag’ﬁa?*“ﬂiﬂhif% &@mplex nuritied $tréand frokDareOMpit 6flthe beaneformedly be
perfornmed at typical 1/8th the rate, a tatal saving. factor of 16.

Thi's transl at edhpserskilleddndhe b of digitalddesign il recogpize the Rasgfility tostime phgse a;
0.5 DSPS, Wi clinba @hiGvéathween real and ima%;avﬁéﬂﬁ&@ﬁ?tﬁhﬁﬂ& Sisnpli%icRtigy., ai n

how even greater~saving may be achi eved use of preconputed
| ook-up t abl es The nwltiplicationsrpedformesdebythe sonvalvass 43 aed 66 sregmprep¥grovith fixed 22

o on o BB By Bl SRR 1 i
occupancy and beams are to be dynamically steered by varying the coefficients. Thus, a simpler
piece of digital hardware can be constructed to perform convolving with fixed
10  constants than matrix multiplication with variable quantities.

The output values from convolvers 63 and 66 comprise a complex number
stream at an elevated sample rate of N1 samples per original data bit period. These
samples are converted to ahalog waveforms for modulating the radio wave by the
Interpolation and Sigma-Delta technique described above, using convertors 67 and 68

15 and balanced filters 69 and 70. The balanced 1,Q waveforms are applied to balanced
-1,Q modulators 71, 72 and 73 along with cosine and sine waveforms at the radio
carrier frequency to obtain a signal for transmission by a phased array element (not
shown).

Further simplifications of the beamforming network 21 that are possible when

20  input values are only +1 or -1 (binary 1's and 0’s) will now be explained. The
equation set 1 describes the computations to be performed. 1t is in fact identical to
the equation set 2 when, instead of the determined signs, multiplication by +/-1
according to the data bit polarity is shown as in the equation set 2. Thus, the
expression for array element 1's unfiltered signal becomes:

25 El = bl-cl114+b2-c12-+b3-c13+b4d-cl4....... +bn-cln for array element 1

A subset of these terms, involving, for example, the eight bits bl...b8, can
onty take on, in that example, 256 possible values as the 8 bits can have only 256
different combinations and the coefficients are fixed at least for a large number of
sample computations. Thus all 256 possible values of

30 bl-cl1+b2-c12+b3-c13+bd-c14+b5-c15+b6-c16+b7-c17+b8-c18



20 then nodul ated on to a radio frequency carrier using for exanple AM

PSK, QPSK, DQPSK, OQPSK, -etc. - Linear—mpdul-ations give rise to a
varying radio frequency anpl i tude as vveII as a varying phase, whereas
non-|inear nodul ati ons such as F'MlsSheetHaS d MBK, GVBK, CPFSK and the

li ke are used wbofizks i s desi red " a const antPCA{H117¥He
signal that is nodulated only in er may be 25 preferabl e
for transmtting a single information stream such as in-a_digital nobile
phone, because constant envelope transmitters can operat/eTHi§ SHEENMS BEE
efficiency. In an active phase array transmttingijfa nul hEﬂ.AC@Dty ’¥
signals, the conposite signals transnitred by eacIJ-e4—e-n=e-n-t—ar'-e—___

|nevrtably of var i n Irtueand ha

di sadvant age, %l)’sléeg[’ﬁ‘?‘é %F E‘ge‘?@??ﬁﬂe ?ﬂ P? ngg)r’ nmodu gﬂﬁg can be
met hods 30 \Ahlreﬁ:emnuy wrmrngnmtamawmmer 8-bitl address b1,b2,b3...b8.\\Bing7 653366 4
PCT/ US96/ 17739

word semiconductor memories are single, low-cost components in todéy's te'cﬁﬂology,
even the combination of 16 bits can be precomputed and stored. A very efficient
5  means of precomputing such tables is to explore all 16-bit patterns by changing only
one bit at a time, in so-called Grey-code counting order. Then each successive value
computed is equal to the previous value plus or minus twice the value of the c-
coefficient associated with the changed bit, an effort of only one add/subtract per
computed value. '
10 A similar table may be computed for bits 17....32; 33....48 and so-on.
Finally, with such tables, El is computed from:
~ El = Ti(bl...bl6) + T2(b17....b32) + T3(b33....43) .......
The number of additions required has thus been reduced in this way by a
factor of 16. The addition of the outputs of the tables may be performed by
15 combining them in pairs using a binary tree structure and serial arithmetic adders, as
shown in Figure 6.
A group of 16 data bits bl...b16 is applied as an address to a precomputed
RAM table 80. An 8-bit real and an 8-bit imaginary value are obtained. A similar
precomputed partial sum is obtained from 2 RAM table 81. The real and imaginary
20  values are serialized by parallel-serial convertors 83, 84, 85, and 86 for application of
the vaiues bit serially to serial arithmetic adders 87 and 88. The sum R1+R2, I1+I12
appears as a serial digital value from adders 87,88 and is combined in turn with a
further sum in a tapering adder tree until the final stage 89 and 90 completes the
calculation of E1. The advantage of serial arithmetic for addition of muitiple values
25  is simple implementation using integrated circuit technology, and no throughput delay,
as disclosed for calculating Fast Walsh Transforms in U.S. Patent Application No.
07/735,805 which is hereby incorporated by reference.
Recalling that the data rate per channel originally mentioned for coded speech
was in the neighborhood of 10KB/S, the network illustrated in Figure 6 only needs to
30 calculate an output value every 100uS. This is an extremely slow speed for accessing

memory tables, which are capable of much higher speeds, for example 10 megawords



The sinplest linear nodul ation nethod for digital information is PSK. PSK

S effectively Doubl e Sideband Suppressed Carrier anplitude
nodul ati on (DSBSC) of the radio carrier wave with the filtered
bitstream Figure 3a shows the waveforns used for generating filtered

PSK with a kpoug,hglanced modul ator 30a. An unfiltered data pcgyigyphey M 32a
Is applied to a"bandw dth-restricting, |ow pass filter 31la producing
filtered waveform 33a. The filtered waveformnultiplies the radi o frequency

carrier 34 in bal anced nodul ator 30a to produce nodul ated wavef orm
35a. In the nodul at ed waveform the RF carrier wave has been inverted
180 degrees in phase for periods whernldthe filtered waveformis

negative, corresponding to binary '0O's in the original 10 data stream A
currently norepémssieprcthaline mgtindoafcdapitalisingam the iexeess speachavailabla istogusedFigure
3b. The data bigt M. . rd 5!1 Baoell] ey r
sign i nst%fgié‘@élﬁil%@"%}’g@p{ @g‘g@gﬁ alﬁlgli?%l%\/ Bg’.gt hes%ﬁ%ﬁnp:ﬁ%?xggfpée:&g&’
appl i ed to shoditedOMB/8 bitstreamsa Thusi ¢he Bibiber bfisignalnte network dpmdiesds t1624N.ch

i mpul se in a characteri stic kpown as the . I qpul se..r i nce
the firter s R hepotrciat B bre BE somS Jon S5py timesior, MTeaiS paf BT 1D
super posi ti9n (sprlstare® fadiitedintthé saihé Su1 of @rectidng fortall firesloid. g OtiRY stri@ueat a
bit) of the i mpul se responses produc each data irlrﬁul se. This

| ed by e )
wavef orm t hen Wil Peatisclospgtthat can vary the %‘Fecgﬂ“sa‘é‘%/bgf'@?l%"%Pﬁﬁs Pasisced
modul ator 30b to pregdyeRammela QS@Qeas@@ys&nwaMﬁg 51|_2hghas§i5ﬂ1aw§l¥rﬁérﬁ£% g3b and

33a are simlar, as are waveforns 35a ‘and 35 systens of Fiqgures
3a and 3b are iconstmetediageording4p Fignse, 6tusingrsixteen; 63kveard sneaories Sprdfierming zac

H(jw and H (] "X},gﬂeﬁeéﬁezlg 'gﬁ%r ?X%t%lr?folcﬁxsu = 8192 memory chipé.] Wotendvbevip et Blis

(wT) where T7i
wT 10  calhamdle 256 signals doedch rof S 024 timeslogs wif scTDMApframe,sthis (he)capdeity
are not constrai

oL 108 SO 68 vy SR T o S S0 o ©
reduci ng conmuni/3Aidi sMSRAM chipgiee yoice ehangl. This indicates the economic possibility to
| construct very large phased array communications systems for very high capacity
communications systems.

15 A different way of utilizing the excess memory speed available in Figure 6 is
shown in Figure 7. Dynamic RAM chip sizes become ever larger driven by
commercial competition in the computer market. The 16 megabit DRAM is now on
the verge of commercial production. It is assumed in Figure 7 that 16 megabit
DRAM:s will be available organized as 2%° 16-bit words, having thus 20 address pins

20  and 16 data pins. A DRAM 100 is used to hold precomputed combinations of signals
bl...b16 for 16 array elements. The precomputed values are stored as serial values
occupying one bit, for example the least significant bit, of 8 consecutive words to
represent an 8-bit real part and the next eight consecutive words for an 8-bit
imaginary part. . Another bit of those same words (for example the 2nd least

25  significant bit) stores similar information for array element 2, and so-on. Each 16-bit
word thus contains one bit of a real or imaginary value for 16 array elements. A bit
of an 8-bit real value is addressed by the three "bit-address” lines while the real or
imaginary part is selected by the R/l address line. By using these address lines, the 8
bit real value can be serially output followed by the 8-bit imaginary value. Serial

30  values are obtained in this way without the use of the parallel to serial convertors 83

to 86 of Figure 6, and for 16 array elements simultancously. The DRAMs 100,101



overfiltering, and better denodul ati on al gorithns are possible through

bei ng better able mathematically to nodel the transm ssion process as
t he i mpul se response of a transmt filter, propagation channel and
receive filter conbined. Furthernore, if this conbi ned channel has

t he Nyqui st pr ewesit2sanwhi ch neans that - its conbined inpul se 3@cTusssprmIse
has zero-crossings at nmultiples of the data bit period away fromthe peak,
then the received signal, when sanpled at the correct instants, wll
reproduce the data WO 97/ 21284
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bit polarities w thout corruption due to snedfing of neighboring val ues,

i.e., wthout Intersymbol, Lnterference (LSl), Ac esi gn

Lechni que s 1o RIS L6 e e B35 Sher, o, gy BF 1 58 i podes
channel , the confieagifibitiaiy s aronf@ NENERWOdsVsee. tThi is Riill walldvithin thersPeaiofe
filters is Nyquist. An arbitrarily equal allocation of the overal Nyqui st

5 response is DiAMs$rade to the transnit and receive filters respectively,

fsfegﬁg Ecir reesponsgssﬁgéénfe&dﬂai‘bﬁ paltrSBHA1z8d PRkl ffms!i0 GoRekttactbd from! ffirs B
5 DRAMs, for exampie 100 and 101, and combined in a serial adder 102. The serial
output of the adder 102 is further combined with a similar output in an adder 103 and
so-on through the binary tree to the final output from an adder 104.
When all 8 bits of the real values have been added, the inputs to the adding
trec 102,103...104 are frozen at the last bit polarities, which are the signs of the
10  values, and clocks continue to be applied to the adder tree to clock through carry
propagation, which forms the most significant bits of the sum output. During this
time, the irriaginary values are clocked out of the DRAMs 100,101 and are added in a
second adding tree (not shown) for the imaginary' parts.
A system of 256 signal inputs and 512 array elements constructed according to
15  Figure 7 uses 16 DRAM chips plus a serial adder tree to form signals for 16 array
elements, thus 32 such structures are required for all 512 elements, a total of 512
DRAM chips. This represents a complexity of 2 DRAM chips per voice channel, but
they are not at all used at full speed. The addressing speed may be increased by a
factor of 64 from 160 kilohertz to 10 megahertz, thus allowing re-use of the structure
20 for 64 timeslots, giving a capacity of 64 x 256 voice channels and a complexity of
1/32nd of a DRAM per voice channel, as before. The RAM chips are however much
bigger, i.e., 16 megabit chips compared with the 1 megabit chips of Figure 6. This
permits the elimination of the parallel-serial convertors of Figure 6, but this may or
may not be an economic trade-off. Many factors influence this trade-off such as the
25 number and total area of printed circuit board for mounting 8192 chips as in Figure 6
with the equivalent packaging cost of 512 chips for figure 7. The trade-off also
depends on whether a wideband, 1024-timeslot TDMA system is desired, or a
narrower band TDMA system with fewer slots is desired. It is of course also possible
by one skilled in the art of digital design to adapt the present invention to time share
30 the beamforming hardware for forming beams on different carrier frequencies instead

of different timeslots, thus taking advantage of the excess speed available with Figure



transmtter filter may be nmade root Nyquist, but there is in practice |ess
control over the receiver IF filters. Neverthel ess, the deviation from
root - Nyqui st at the receiver is sinply nodelled as a |inear

i nperfection introduced by the propagati on channel and 10 can be
conpensat ed ual i zer of known type. Adv ans
exi st for nu%?’&ﬁ y generating nodul ati on wavef orns of @%ﬁ%g‘?*g;”ne

i mpul ses filtered by a root-Nyquist filter or indeed any filter. The design
process is as follows. Once the desired Nyquist filter response is
chosen, the square root of Its frequency response is cal cul at ed.

Then, the inpul se response of the root-Nygyest 15 filter may be

cal cul ated by Fourier transformng its frequency response. The inpul se
response is i négeeethal needeabiut handieessingle edt @f Pkilnbit voicectignalse Ingthatecass tthel

adequately by a number qf s | e val r W
maxi mum f reque%ffgmlﬁfngﬁmf gorme%rrﬂpe ﬁ%‘%ﬁgﬁ’z# F %%%gﬁ%é@gle%%ﬁgg?%?%ﬁd
stil : si Igni f}Cﬁfﬂwgieoa@g&?tmontag&immﬁdammswemh Itcanilmﬁxarmmefk as
a multiple of the data bitrate_and is chosen . itp make the sno i ng. 20
filter needed Hesirabigdp fosm,sets of beams 'Bt"hf‘ﬁ%"‘gﬁt hﬁ?‘ﬁ“’ﬁ% §‘ffd§£{?r81"et.’m?sa°'? s
desirable _ or Ediibr Frédnienties.! The ubChcRfiérstRf] BesidisI destibed in UBS.f Pdtdrer
constructed w th anal og conponents, be of broader bandw dth than the
desired root - Npplication dn O8LITIAI3t which is hereby igrerparatsd by Fefarence dudts gntirety.
frequency do nﬁi o B&fidwd Qx% R%6h %k tne! iiVEAR0E fo foffd! dﬁﬁ'ﬁ?’ﬂpé&sdo m directions_ .
2 |pg| tally ! q

dom nated by t ccurate generated root - urst characteristic.
25 The differente"chemnelsli nwherezd ¢hanngd may deei nfedueneys acimestiudma | on

ohi Tt regi st er CBEPPALOG AT, E8 peit i B 6'equiViity B RAMSE iCHERESEapB
peri ods ar &0 mafipure 8] hsitivwillfbembvicap o one dkilkedshitlie art how the aipptatien ntay bei gi t al

cal cul ator 46. For .each shift, the digital cal culator conputes:
EQUATI ON SET 2 cafgieddo cOmpleon.aTy + p2 F(-2T) + b3. F(-T) + b4. F(0) + b5.F(T)

+ b6. F(2T) S1 A=1 eghord. 016-bit DIRANI( 1. dAtains parialGuifls foF)16+dakwibits
F(O.1T)..... b6. F6(32. 17T . . ) _ A S
(16384 combinations) and for 16 different communications channels. The channel is

selected by the remaining 4 address lines. The rest of the structure can be as in
15 Figure 6. In a 16-slot TDMA system, the first bits of all signals for transmission ina
particular timeslot is applied to inputs b1...bl6 and to any other RAMs, while timeslot
0 (binary 0000) is applied to the other four address bits of cvery RAM. Successive
data bits are then applied holding the channei select bits at 0000 until the end of the
timestot. Then the first data bits to be transmitted in the second timelsot are applied
20  while the channel select bits are changed to 0001, and so on to channel 1111 at which
point the sequence repeats. For a 256-beam, 512-clement array, 8192 DRAM chips
are used and timeshared by 16 timeslots. The complexity has thus increased to 2
DRAM chips per voice channel for the privilege of varying the beam directions from
timeslot to timeslot. The available speed is however still under-utilized when only 16
25 timeslots are employed. If the number of timeslots is increased to better utilize the
RAM speed capability, either it is necessary also to increase the RAM size above 16
megabits or to accept that some timeslots must use the same set of beam directions, as
only 16 different sets of beam directions are available. This is however sufficient to
achieve the objectives of U.S. Patent Application No. 08/179,953 of only using each
30 beam for communicating with stations located out to 25% of the beam -4dB radius

from beam center.
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S2 = bl.F(-2.8T) + b2.F(-1.8T) + b3.F(-0.8T) + b4.F(0.2T). . .b6F(2.2T)

S8 = bl.F(-2.2T) + b2.F(-1.2T) + b3.F(-0.2T) + b4.F(0.8T). . .b6.F(2.8T) 5

S9 = bl. F(-2. | WooizssF(-1.1T) + b3.F(-0.1T) + b4.F(0.97). ... pofiusdeA78)

where F(t) is the inpulse response of the desired filter at atinme 't' away
~fromthe peak, T is the bit period, and the above assunes that 10

wavef orm sanpl es per bit period are to be conputed (i.e. Nl of Figure

4 is equal to 10). If 8 sanples per bit had been desired, then the

argunents of F(t) woul d have been increnented?in steps of
Figure 9 illustrates how the inventive beamforming arrangement can be
timeshared between different frequency channels, i.e., for an FDMA system. A
beamformer 120 receives successively signal data bits 121 (b1,b2....bn) for
transmission in a set of beams formed on radio channel frequency 1, determined by
5  setting the channel number address bits to 120 to channel 1. The antenna element
signals in digital form are output from the beam former into a set of Jatches for
channel 1 and control unit 127 toggles a strobe signal to cause the latches to register
these values. Figure 9 shows only the latch 125 for element | of channel 1. There
are also latches (not shown) for element 2, 3, 4 etc all for channel 1 signals. The
10 control unit then sets the channel number to 2 and a second set of bits 122 for
transmission in a second set of beam directions on channel 2 is presented to
beamformer 120. The outputs for channel 2 are latched in a second set of latches for
channel 2, of which only the latch 124 for element | is shown. After cycling through
all channel frequencies in this way, the control unit returns to calculate the next
15 samples for channel 1, and so on. This latch 125 becomes set to successive channel 1
values, that then must be subjected to filtering using a modulation waveform generator
125 such as illustrated in Figure 5. The filtered 1,Q modulating values are then DtoA
converted in converter 128 and modulated on to radio channel frequency 1 using an
I,Q or quadrature modulator 129. A second filtered waveform generator 126 and
20  DtoA converter 131 and modulator 132 deal with channel 2 signal for element 1. The
outputs of 129,132, etc. for successive channel frequencies are then added to form a
composite signal for transmission from element 1, and similar set s of equipment form
corresponding signals for elements 2...M.
It is desirable ina pure FDMA system with large numbers of channels and
25  antenna elements to reduce the number of modulation waveform generators
(125,126...) which would otherwise be equal to the product of the number of
frequency channels and the number of antenna elements. Since in a pure FDMA
system the bandwidth and therefore the bit and sample rate of each channel is much
lower than a digital circuit, such as in Figure 5, can handle, it is also possible to
30  consider time-sharing the modulation waveform generators between channels. It is at

least possible to time share the convolvers 63 of Figure 5, which form FIR filters, by



10 T/8 instead of O 1T. Since the inmpul se response F and the

tinmes at which its value is needed to cal cul ate the above are known

i n advance, all the 60 F values in the above formnul as may be
preconputed and stored in a | ook-up table or read-only nmenory. Even better,
because the ¢adsyRbdss PL ... b6 can only jointly take on 64 pgirhisedBe

conbi nati ons, each 15 value SO ... S9 can only take on one of 64 possible
conbi nati ons of the F values, the conbi nati ons of which can then be
preconputed and stored in a table of 64 values for SO, 64 val ues for
S1... and so on, a total of 640 values. This is a relatively snmall

Read Only Memory (ROM) by today's standarddg$-so it is possible to obviate

cal cul ation altogether by substituting a ROMtable for digital cal cul ator
46 which is 20Providing  sefamie set of |f?&13t?'éé§%t £¢) angl (64..£3) for ekch Ghannel. Thene

out put fromth éH]EZStl@'m km&'ﬁ&sp; Ogéﬁ(saana BUfolasu%ﬁ'bSﬁBieQ #&eﬁ%ﬂaﬁmr

dat a 'S may e appli1edto a DtoA convertor to generate a
cor r espondi ng 19 elemestbuwhilelatch 12065 the firahel 2 bankoof repistersviav chasneh 2, &hus by

di scontinuities_between voi d
spectral spr ea 89 “&ﬁE‘Iﬁ%glf"%ﬁgﬁt}‘?sé’s"#&?hépﬁ'e‘%@ﬁ&ﬁﬁ‘}gn'%'?‘ﬁ‘ui‘é).g%%&?é?{'ﬁ
however at $§ helatdicﬁhésuahud lemt‘mfenmqnmhayxmﬁtsttheommsa& and66, it is postiblehoi s
N1 times the bitrate. ref y‘ﬁ t ered out a.continuous
N i ter 40 tecopyaus mevor Smes” Hfmelsr GEE th Atey SLuBidHE 1S e ¢ he
bitrate, and required,d/PerSREskiled indthé &% twill Récolhias URAD & Ranash QLesss Merhi§

regi on around the bitrate that we are attenpting to accurately
define. Any snghip capsepresgnt 2 syitable implgmontationr 49 npmy have 30  on the
overall root-Nyquis éﬁg- ing the
F- coeffi ci entrs‘IE EE'P I ne IS@?)V%%VE eglﬁzhdcoe fl?[gﬁgﬂ{ls}sa](%&a%@;%rﬁ exdnpl e be

conput ed fAQ@m uigital techniques. It is desirable to avoid a multiplicity of such analog circuits which
are not so suitable for bulk integration on to integrated circuit chips.
The function of the modulators is to convert each channel signal to its own
radio frequency and to add signals on different frequencies in summers 130. This
Frequency Division Multiplexing may also be performed using high speed digital

15  techniques. The task is to compute a sufficient number of samples per second of a

sum such as:
So + Sl-exp(jdW-t) + S2-exp(j2dW-t) + S3-exp(j3dW-t} ....... +Sn-exp(jndW-t)
This expression can be alternatively written as:
So + exp(jdW-t) [S1 + exp(jdW-t) [S2 + exp(GdW-t) [S3 + exp ........ ])...1

20  where dW is the channel spacing in radians/sec, and n is one less than the number of
frequency channels. The sequence of frequencies O,dW,2dW...ndW may
alternatively be centralized instead between -ndW/2 and +ndW/2 by forming:

S exp(-jLdW-t) + S, ,, - exp(-j(L-1)dW-1) .... + S,-exp(-jdW-1) +
Sy + S,-exp(jJdW-t)

25 ereenens + S, -exp(jLdW-t) where L = n/2 and n is assumed even.
L

This latter expression can also be written:



i mpul se response of the desired root-Nyquist filter times an approxi mate

I nverse of the filter 49. An advant ageous al ternative techni que
shown by blocks (51...54) is disclosed in U S. Patent Application

07/ 967,027 and U.S. Patent Application 08/ 305, 702. The N1 sanpl es
per bit produceddmeisdae digital calculator 46 is subjected toreu/isosar?ast age
of nutation towards a continuous waveformby filling in extra sanples

bet ween the original sanples using a digital interpolator 51. This may for
exanple be a sinple linear interpolator that sinply draws a straight |ine
bet ween original sanples in order to esti matigthe val ue of intervening
sanples. Sanples at the interpolated rate are”then applied to a high

bitrate Sigma-Delta co tor Lch repre e t he
proportion of 1's to Orassei{sﬁ +as')rﬁ3%'r‘f’\e¢:‘? gHidee Blsf &‘F > %‘?'ga'\r,r\wﬂg‘% m@%se of
this bit streamis also fornmed by an invert®se %4 and the streamand its
inverse are applied to gobpéarcadabRispwuld),) Gﬂﬂ.hbcﬂﬂ&uizs L & FRacdvidjt €1
arrangement 53 to generate the desired continuous waveform One advantage
of alternative arrangenent (51..54) is the elimnation of the DtoA

convertor 47, and ot hmusaﬁu%%@m aﬁe&bﬁcw&ﬁﬁn tdtheah&iubdi@A(-oned
appl i cations incorporated above dified arrangenent simlar to

Figure 4 can e sagelaton) from theenefim mqmmmmgnqiﬁ@n%dmﬁwwnn i(Q-
required because wﬁaﬁ&ﬁﬁonﬂw {llﬁtf%lee{t C%ﬁ%e?%i/&ﬁ@@iﬁ{tﬁé%&}%%&?tﬂis

have been transfo ex valu
technique, known as Independent Sideband Modulation (ISB) places one signal on a

frequency negatively offset from center and another signal on the same frequency but
positively offset from center. Such techniques generally resuit in imperfect isolation
10  between channels due to hardware imperfections in modulators, such as carrier
imbalance, imperfect quadrature between cosine and sine signals, and so-on. These
- techniques perform much better in a multi-element array context however, as the
imperfections are not correlated from one antenna element channel to another, while
the wanted signal components are. The unwanted signals thus tend to be radiated in
15  random directions and a proportion of such imperfection energy is, in a satellite
system for example, harmlessly radiated into space, missing the earth altogether.
The arguments of the complex exponentials such as LdW-t are computed at
successively increasing values of t, and reduced modulo-2Pi. The increments of 't’
must comprise at least the Nyquist sampling of the carrier frequency LdW involved.
20  This sampling rate can be greater than the sampling rate for the signals $1,82, etc
produced by convolvers 63 and 66, and so further upsampling of the channel signals
must take place in the FDM process.
The above expressions may be recognized as a Fourier Transform. There are
many ways to perform Fourier transforms numerically, such as the Discrete Fourier
25  Transform and the Fast Fourier Transform. It is beyond the scope of this disclosure
to describe all methods for digitally performing a frequency division multiplex, and it
suffices to envision a digital FDM unit with a2 number of numerical input sequences at
a first sample rate per channel comprising signals to be Frequency Division
Multiplexed, and producing an output numerical sequence at a second, higher sample

30 rate representing the multiplexed signal. The first, lower sample rate is that produced



conbi nat ori al beanform ng operation and are no |onger single bit values as
in Figure 4. Figure 5 illustrates the nodified waveform generator.

A sanpl e stream conprising the real parts of the conpl ex nunber stream from
one output of beanforner 21 is delayed in a series of nenories (60..

.61, 62) correpgensheg to the Iength of the inpul se response ypalddgifiansm t
filtering desired. A convolver 63 fornms Nl output sanples per | nput sanple

shifted into delay elenments 60... 62 by conputing equation set 2
substituting for bl....b6 the nmulti-bit input values fromthe del ay

el ements. This now involves full multiplications as bl...b6 are no | onger
just +/-1. However, the nunber of nultipli-@8ions needed to inplenent the
filtering operation is nmuch |ess than the nunber needed to inpl ement

beanf or mi ng. TR Pefehagnel; modulation waveform geperators suchgas the upsampling convolvers

PCT/ US96/ 1773963 and 66 of Figure 5, and the second, higher sampling rate is at least equalltd the
Nyquist rate for the highest frequency present in the FDM output.
The numerical FDM output, consisting of a stream of complex numbers for

5  each array element, is then DtoA converted in I and Q DtoA convertors and applied
to a single quadrature modulator per array element. The arrangement showing use of
a digital FDM unit is given in Figure 10. A timing and control unit 127 controls the
successive presentation of bit vectors (bl ... bn); (b(n+1) .... b2n) and so forth to
timeshared beamformer 120 which can function in accordance with foregoing

10 principles. Each bit in the bit vectors represents one bit from a communications
channel, such as a voice channel, which are to be simultaneously transmitted using
different directive beams and frequency channels. For example, if each of n
frequency channels can be re-used for a different conversation in each of N different
directions, a total of nN voice channels can be communicated simultaneously. The

15  aforementioned bit vectors are formed by selecting one bit from each of said voice
channels. _ |

The beamformer combines N of the bits from first N channels to be
transmitted on frequency 1 to obtain M array element output samples. Each sample is
fed to an associated digital FDM unit 140. Only the FDM unit 140 for the first array

20  element is shown in Figure 10. The control unit 127 then causes the second bit
vector to be presented to the beamformer 120 and simultaneously connects the channel
number of frequency 2 to the channel address inputs of the beamformer 120. This
causes generation of a set of element signals that will result in the second set of bits
being radiated on a second frequency using a second set of beam directions.

25  Successive presentation of bit vectors to the beamformer 120 along with appropriate
channel numbers thus results, for each antenna array element, in a successive stream
of corresponding complex output samples representing signals to be transmitted on
different radio center frequencies. After one complete cycle of computation using all
channel numbers once, the digital FDM unit will have stored the samples for each

30  channel number and will calculate a corresponding FDM output sequence representing

said samples translated to respective relative channel frequencies. By relative channel



advant ageous to sinplify beanform ng at the expense of nodulation filtering
conplexity. A convolver 66 is identical to the convolver 63 and deals with
t he i magi nary part of the conpl ex nunmber stream from an out put of the
beanf or mer 21. Those skilled in the art of digital design wll
recogni ze thewipgsydayl ity to tine share a 5 si ngl e convol vect/ossenesn real
and i magi nary operations for further sinplification. The

mul tiplications perforned by the convolvers 63 and 66 are noreover with
fixed constants unlike the nultiplications perfornmed by the beanforner
21, assum ng the beans are to be dynanmically steered by varying the
coefficients. Thus, a sinpler pi ece ofzhigital har dwar e can be
constructed to per

form convol vi ng with fixed constants than.matrix
ol £ bl cati on SRR FDFER e fopaule chiinet healedE SHUT 3R if Bl seberpl
convol vers 63 aGiaktzGangy, ha® bénGempyv&@Xandh® aimerical sérhple atieani represeits virt ed
sanple rate of N1 sanples per original data bit period. These sanpl es

are converted teompesitersiznedarqund grenter fraguency of 750+ o loyy frequeaci-campatifle

I nt | at i | ' : Kb FIM ' t

67 and 68 15 anih PP i nf s WpfpRnaR st Hhe BTMSarif il A0 MRD 01 ©

are applied5t o toa gk speed DtoA| coverted UHA whese the samplesirgamy 3s eonyereddotlandddi ne
d s : ; : ; . . : |

and sine wavefoy g@}ﬁgmp\gag,geogﬂg%m mogpf/dnh thd BAHER Td &me@ghey.nxta@.ﬁ igna

) . m
for transm ssion rray el enent

Further sinpl i féobidel fastsbeofotutated onnd arsuitable inermediite Fiequéney whiech jsabei bl e
when 20 input val ues are

only + 1 or, -1 (binary 1's and 0.s) will now be
expl ai ned. The convertedeta@aﬁlaé,ﬁyegvéqncyi using ap iﬁ‘B%%""F%ér' c@%ﬁﬂ&?ﬁl% 1§ 4 BaE af
perforned. It igesigh chofet ahdl @i hot Fandamhental to thé Presemy imiention. S The modblard, final-
i nstead of the determ ned_sign

) s, multiplication by +/-1 according to
the data bil0 pofreguessy signal maythensbe amplifieddg M wansmit popyey; devel ?Ré{ Ped to
expression for 5%, Ntrpk ks BLE i PRpoRERATBS ted with thel =
bl cll+b2 cl 2+b%{c +§Eﬁc 4mp%wépmfg%ﬁécrleﬁra?or array el elr%ﬁg?al W
A subset of theddennaamay elamesl.vi ng, for exanple, the eight bits bl...b8,

can The inventive beamformer described herein switches the usual order of the

operations of "modulation waveform generation" and "beamforming" in order to

15  simplify the latter. The simplification arises due to the sample rate and word length
expansion that normally take place in 2 modulation waveform generator. Avoiding
this expansion until after beamforming calculations are performed significantly
reduces beamforming calculation complexity and allows the use of precomputed
memory tables. The advantage of avoiding sample rate expansion before

20 beamforming becomes even more evident when the invention is applied to a CDMA
system. In a CDMA system, different signals are communicated not by allocating
them different frequencies or different timeslots on the same frequency, but by
allocating them different spreading sequences. A spreading sequence of a high bitrate
is combined with an information stream of a low bitrate to deliberately spread its

25  spectrum. Several signals using different spreading sequences are transmitted
overlapping in both time and frequency. The receiver despreads a wanted signal
making use of its known spreading code, thus compressing the signal to a narrowband
signal once more. Other signals having different codes do not however become
despread and remain wideband signals that are easily discriminated by means of filters

30 from the narrowband wanted signal. Several different forms of CDMA are known in

the prior art. Signals transmitted in the same cell at the same frequency and time can



only take on, in that exanple, 256 possible values as the 8 bits can have
only 256 different conbinations and the coefficients are fixed at

| east for a |arge nunber of sanpl e conmputations. Thus all 256
possi bl e val ues of 30

bl . c11+b2. c1gdngdsa+b4. c14+b5. c15+b6. c16+b7. c17+b8. c18
REPLACEMENT SHEET may
be preconputed and stored in the table T(bl,b2,b3... b8), fromwhich they
can be retrieved by addressing the table with the 8-bit address bl, b2, b3...
b8. Since 65536-word sem conductor nenories are single, |ow cost conponents
in today's technol ogy, even the comnbinatio@2of 16 bits can be preconputed
and stored. A very efficient means of preco utlng such tables is to

expl ore al | 16eithef uwa?ltﬂaqsﬁsalwyd@hmhﬁgewcﬁ 1y gHows themt to Petsepasated wvithout
so-cal l ed G eyy h ted is
equal to the %rg@ﬁgulg%ltéﬂggg us otrhel}w;f ﬁﬂgﬁfﬁﬁcnéﬂfuﬁﬁ ﬁgdnﬁfacéldg#,%gt?w
c-coefficient aﬂxﬁntmmrtmdualhnmﬁerwtmngmw mcmvars fef hmr-bnlwgomilcden
add/subtract

p al ye. . . _As tabl e .ma C tedfor
b ts 17, 3! akel® SRS IE e Ringring i e jefrendry o oeiotinal ingl] ¥ Bace
conput ed f r50m No. 5,151,919 and U.S. Application No. 07/739,446 which are both hereby

incorporated by reference. Signals transmitted in different cells can re-use the same

PCT/U S96_/ II§3_9

spreading codes, as cell-to-cell discrimination of the antenna system or a
frequency/code re-use pattern prevents interference between them. Sets of beams
formed on a given frequency or timeslot by practicing the current invention can be

10  designed to permit such channel re-use. Thus, the same CDMA spx'eading' code can

- be used across all beams, as the invention discriminates different signals by their
. assigned beam directions.
Considering now the prior art system illustrated in Figure 1 applied to a
CDMA system, modulation waveform generators 12 would spread the signal spectrum

15 by applying a high-rate spreading code to each channel, thus expanding the number of
samples per second necessary to represent it, For example, an original 10
kilobits/second digitally coded voice signal could be combined with a 1 megabit per
second spreading code resulting in 1 megasamples/sec. | Whether only one or several
additively superimposed signals is presented to beamformer 13, it must now operate at

20 1 megasample/sec on each input. Using the current invention however, the
modulation waveform generator 22 is placed after beamforming, and CDMA code
spreading or Code Division Multiplexing (CDM) takes place there. The beamformer
21 therefore operates at a reduced sample rate and uses only single-bit input
quantities.

25 In a CDMA application, bit vectors for transmission using different CDMA
codes and beams may be presented successively to timeshared beamformer 120 of
Figure 10. Digital FDM units 140 are then replaced with CDM units, that apply the
same spreading code to the M outputs of the beamformer 120 that emerge at the same
time, and different spreading codes to outputs that emerge at different times.

30  Successive outputs n from each output of the beamformer 120 are thus combined

using different spreading codes to form a wideband signal that is then DtoA converted



El = T1(bl...bl6) + T2(bl7....b32) + T3(b33.... 48) ....... The
nunber of additions required-has-thus-beer—+educed in this way by a factor
of 16. The addition of the out uts of the ta I s may be perforned by
conbining themin pairs using ucture and serial arithnetic
adders, as showwo9mitssgure 6. f 16 data bits BIT/USIAMGTIP s
applied as an address to a prec le 80. An 8-bit real and an
8-bit imaginary val ue are obtai ned. A SI m I ar preconput ed SFA—-S—
obtained froma RAM table 81. The real and inmaginary val up §H§r§H5€rHA3|BﬁN
by parallel-serial convertors 83, 84, 85, ang 86 for appl{ cati REPbACEDne
values bit serially to serial arithmetic addef’'s 87 and 88 The SUM RL T2,

|1 +12 appears as_a S e i ned
inturn with a f’f:ﬂdt’ﬁg‘f 1%'544 gﬂgﬁé&ﬁ%&igﬁuﬁhﬁB&{%&q b age
89 and 90 conpl e¢des give dﬁb@hﬁnﬂaﬁbn baweén Eitnalﬂ' realiatellvinrapprpaindtely dhié same
arithnmetic for ad_dit_ion of multi Ievlues g{e Iementalon usi ng
i ntegrated cir cudifectigangd| g pe rﬁﬁtt{;% a{l;b aé’émﬁfds?? osed for
~calculating FaStMY}ﬁi'gié} @ &irefent a'ld"u&-h nfo%b@dltsp&%hiﬁédds%llm recognized by

. 07/ 735, 805. ecalling th ata rate per annel OI‘I%I nal |y

menti oned forS cotest skilleddn theart ﬂhPQmm a \¥alsh baasferm, 1ok mhish of @eﬁiéﬁ%r k
hpestrated i n Fghifing esz{; &ﬂ%otr&énﬁpﬁ&uhﬁst EsiRfl 0ERUivYstn R can

-~ 100uS. This is an reme OW spee or accessing nenory t
~are capabl e of mhakbéisiyiper thquemmsgltal Frequencyibivisiod Multiplewerdehich is related to the

Fast Fourier Transforms that need complex multiplications. " A restriction imposed by

the CDM structure just described is that the spreading code set used for different
10  directions is the same. This gives the maximum complexity reduction of the
‘beamformer 21. However, it is possible to construct a hybrid system in which partial
- spreading takes place before the beamformer 21:with final spreading afterwards. For
example, the digitally coded bit streams for different channels can be expanded a
modest amount using different codes for different beams. For example, bl for
15 channel 1 can be expanded to a four-times bit rate stream of bl,-bl,bl,-bl while that
for channel 2 can be expanded to b2,b2,-b2,-b2 and that for b3 to b3,-b3,-b3,b3. -
These will be recognized as orthogonal spreading codes, thus giving signals in
different groups of beams orthogonality. Since a small bitrate expansion of 4:1 can
only create groups of four orthogonal signals, the orthogonality is preferably applied
20  between neighboring beams where directive discrimination is more difficult. Beams
that are separated by greater angular amounts are less liable to interfere with one
another and so do not need to be orthogonal. Even non-orthogonal codes can be
useful for aiding directive discriminating between adjacent beams. The advantage of
non-orthogonal codes is that a greater number of nen-orthogonal codes are available
25  for the same bitrate increase. A suitable code set is described in U.S. Patent
Application No. 07/866,865 and CIP (45-MR-819R) both of which are incorporated
herein by reference. The use of such non-orthogonal codes is that the interference
between different, neighboring beams is averaged over several signals in several
neighboring beams, so that one signal in one beam alone does not represent a

30 dominant interferer.
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per second. One nethod of capitalising on the excess speed available is to
use Figure 6 for a TDVA systemin which perhaps 1024 speech bit
streans are gt i pl exed into 10MB/S bitstreans. T unber
of signals t}]"e netwgrk handl es is 1024N. If the coeffi?ﬁﬁtsMgﬁg{ées are
| the sane for every tinmeslot, it nmeans that the N TDVA 5 signals are

. radiated in the sane set of directions for all tineslots. Qher structures
- Wi ll be disclosed that can vary the directions on a tineslot-by-tinesl| ot

' basi s. For exanple, a 256-bear2¢ystem usi ng 512 phased array
. el enments can be constructed accordi n]%_to Figure 6 using sixteen,
65kwor d menori es f oo fasitha begmfermer and mognlation saveform genegtets described hhveof

16x512 = 8192 E&H%Yti ' v, t h.S:~4 0 e
signals in each of 1 C%Q’!r @m%@sﬁgp&a&mﬁf'}‘%@oﬁ ‘n?}gho@ g’g a@ig’g}gi ({ff/lﬁ%ar
I8i 93 /63,6%24v0i mduih&?n?ng)ea;sdd.t gﬁﬂ dineqﬂtppfdp;npgﬂownﬂm@mélraof_rlg? bdmfgl_'min%

= nd of .a chi r.voi.ce channel . i s.indicates
t he econonic p%'édsﬁnﬁﬁ}‘fl%fv y3yeform 85&8{?2‘?‘?&?63 ng&;rg}\apa eAB H”é@'@ﬂleé’? ey this
. comuni cat i pnspsidple iay bR apphéd/ toQBSK Of [OFeL QPSK will GRWBEIvEE.i ons syst ens.

15 Adifferent way of utilizing the excess nenory speed avail abl e
L in Figure 6 is In P of gis gom.@%mlb“ml%mtﬁE‘PQ‘@%‘%@G%%aever

larger driven Byine radio WA the BMBEA b isRE valefohf, CRIFPBirbe {EP\(‘)eEé\t«ladt EBIPg

- 16 negabit DRAMis now on the verge of comercial productfo
- assunmed in Fi géayingzthatithe repd pagt @f ther complex moglagion\ghall bp bl andathe dipginary arti zed

- as 2[err] 16-bpjr WhlLAGPSRAYIBE o Ptoaicla 24FEE Sehola by
? 10 S1 = bl + jbl’
Symbols from other channels to be transmitted in diffcrent directions can also be
denoted by
S2 = b2 + jb2'
S3 = b3 + jb3’
1S and so-on.

Thus the vector of symbols presented to the beamforming network can be

written
(s1] [b1] [ b1 ]
82 b2 b2!
s3 b3 | b3’
= + f
| SN | | BN | bN'

Due to the lineafity property of the beamformer, the real bit vector and the
imaginary bit vector can be separately passed through thc beamformer and then the

20  results added, giving a weighting ’j° to the imaginary part.
For example, the beamformer in Figure 6 can first be used with the-real bit

vector applied to its inputs to obtain a result Rt + jil1 for element 1, and



20 and 16 data pins. A DRAM 100 is used to hold preconputed conbi nati ons

of signals bl...bl6 for 16 array elenents. The preconputed val ues are
stored as serial val ues occupying one bit, for exanple the |east
significant bit, of 8 consecutive words to represent an 8-bit real
part and the nggomiigdat consecutive words for an 8-bit - PODUBIHAITY9

part. Another bit of those sanme words (for exanple the 2nd | east 25
significant bit) stores simlar information for array elenment 2, and so-on.

Each 16-bit word thus contains one bit of a real or inmaginary value
for 16 array elenments. A bit of an 8-bit real value is addressed by
the three "bit-address” lines while the real2%r | magi nary part is

selected by the R/l address l.ine. sing these address lines., the 8
bit real value cElfrasRondLS roylis fgﬁf’gé’i#’i?@?’ﬂ&mg erh fheipagigany; bit yelaris, appiied
val ue. Serial 30pbainigUeresdlf nggl Avnegnis Bs {obeSw edmthg%d taB@edUdanOprelidas

parallel to serial convertors to 86 of Figure and for 16 array

el enents si nmul t areswiti&e gbtamhe DRAMs 100, 101 WD 9721284
PCT/ US96/ 17739

El = (R1 + jI1) + j(R}'+ jI1') = (R1-I1") + j(RI'+I1}

5 Serial arithmetic adders can be used to form Ri-I1’ and R1'+11 by storing the
" previous results (obtained by applying the real bit vector) in a recirculating shift
register and then serially adding the new result obtained by applying the imaginary bit
vector. Word-Parallel adders can of course altematively be used. The complex result
may then be fed to a waveform generator such as the generator shown in Figure 5.

10 Alternatively, recognizing that the circuit in Figure 5 already performs weighted
addition of successively generated samples from beamformer 21, the addition of
successive samples with weight j obtained by alternately presenting real and imaginary
bit vectors to the beamformer may be realized by feeding real results R for real bit
vectors into the delay element 60 alternating with imaginary parts I’ for imaginary bit

15  vectors with a sign change applied to obtain -I', and feeding imaginary values I to the
delay element 64 alternating with real parts R’. The convolvers 63 and 66 then
operate once for every two complex values (R.I; R',I') shifted in to obtain a set of
QPSK samples out an upsampled rate. The convolver 63 can also apply sign-changed
weights to the I’ input values, so that it is unnecessary to form -I’ values for input to

20  the delay element 60.

The Offset QPSK example is more straightforward. In offset QPSK, even bits
are applied to the Q-channel and odd bits are applied to the I-channel, but the 1-
channel bits change between changes of Q-channel bits, that is with a one bit-period
time shift. When Impulse Excited modulation is considered, real impulses are applied

25 1o the modulation filter for even bits alternating with a application of imaginary

_ impulses for odd bits, as depicted in Figure 11.
According to the principle of interchangeability of the order of modulation
waveform generation, and beamforming, the real and imaginary bit impulses are

instead applied to the input of a beamforming network. As shown before, the



- 15- are addressed thus 16 tinmes faster than in Figure 6, nanely at

16 times the coded speech bitrate, or around 160ki| owords/sec. This
is still well within the speed of DRAMS. A corresponding
pair of serialized partial suns is now extracted from pairs of DRAMS,
for exanpl e LA 101, and conbined in a serial adder 102, al

out put g? t he a&%nﬁ4102 Is further conbined with a simlar cﬁgufﬁ?ﬁban
adder 103 and so-on through the binary tree to the final output from
an adder 104. Wien all 8 bits of the real values have been
added, the inputs to the adding tree 102,103... 104 are frozen at the

| ast bit polarities, which are the signs oR6the 10 val ues, and cl ocks
continue to be applied to the adder tree to clock through carry
propagat i on, vanpgbauoomf@numm bit; veptarftp c;@mbeamfommg thWersurthe)mpmt

During this , n | oC t he DRAMs
100, 101 and ar epeméf(?h? fo}%mkszé%en%ﬁ rrgsgﬁ(l%%%# W/%)’m?u ¥ he

i Imagl nary par tart anddthe sign-changed mﬁginampaﬁ ﬁiﬁceﬁ lag el realg;imt SFxgﬁﬁ: @Mw;%r ay

el enment s. const ruct ed. accor ure us 16 DRAM chi ps us a
serial adder t'lE‘Eé"‘Tdbﬁq“BP'?rPgh:ﬁ%é? 2 “FEFP”L‘G‘ "f“?"&?‘phs“ thi. NUEKSES m@‘ﬁ&s’-%:?zdsuch
struct ur es sar ethe deathfopdinigOienddrk lae edeafrealtaﬁd ogerheta@lmeog‘am'élb& and sampleRAM

chi ps. This represents a_.conp IeX|t% hi ps per .voice channel but

they are not afetes | ThesBeditication for cQPsllﬁémlf&EPr '@§§‘F addition-efswitghespio0
i ncreased Dy arpe switchb@&hitch Rl 4l iifag ﬁh@}ﬁ&é 'ttrﬁ%gf fh%ong‘ﬁ td the five ?eal thus

allowing re-use of the structure 20 giving a capacity
of 64 x 256 voinseimaginancswitchnaitputs; dapthesavery bigs but for odd bigopreseoted 40 DRAM per

voi ce channel , be?ﬁnf?ﬂe?rﬁ tthl%al%M H%g,g.ﬁ,a,aﬁf%nggégg&t%mﬁy&ﬁand 2 mvgxq%m ig: o

I.e., 16 negabi I psS “conpare ps of uré
permts thH el appliedito the ishginhey ipputab lfedm therreall ougmny &he complek oEtpgtsrfeoxﬁ thebut

this may of  cuiihiEYed'Sk 126 eSS 2RO Tt l5 vl Fioalliibh LAk genlhrence

22 as before, using for example FIR filters. The filtered and upsampled outputs from

the modulation waveform generator 22 are complex DtoA converted and modulated on
to the selected radio channel frequency in DtoA converter and modulator 23. Thus

15  apart from the addition of the switches 160, the only difference in using Offset QPSK
from the PSK version of Figure 2 is that the upsampling filter bandwidths can be
narrower because of the reduced bandwidth of QPSK modulation for the same data
rate, and thus the upsampled rate may be half as much as in the PSK case. Thus
Offset QPSK offers a reduction in the computations of upsampling filter 22 while

20  requiring no change to the beamforming network 21. It will be realized also that the
switches 160 can be absorbed into the modulation waveform generation units 22 of
Figure 2, and it has been shown above that the latter can be adapted to handle any of
the linear modulations PSK, QPSK and Offset QPSK. Differential modulations such
as DPSK, DQPSK and ODQPSK/DOQPSK can also be handled by first differentially

25  encoding the data in the source coding units 20.

Yet another form of linear modulation known as Pi/4-QPSK or Pi/4-DQPSK

(in its differential variant) has found application in mobile communications, for
example in the U.S. Digital Cellular standard 1S-54. In Pi/4-QPSK, two-bit
(quaternary) symbols comprising an even bit as a real part and an odd bit as an

30  imaginary part are formed. However, successive quaternary symbols are rotated 45

degrees in phase. Thus, even numbered quaternary symbols may appear as one of the



25 nunber and total area of print ed circuit board for mounti ng 8192 chi ps

as in Figure 6 with the equival ent packagi ng cost of 512 chips for
figure 7. The trade-off also depends on whet her a w deband,
1024-timesl ot TDMA systemis desired, or a narrower band TDVA system

with fewer slavgoiszgesired. It is of course al so possi bl e  pcTUSBY103C
skilled in the art of digital design to adapt the present invention to tine
share 30 t he beanform ng hardware for form ng beans on different carrier

frequenci es instead of different tinmeslots, thus taking advantage of
t he excess speed available with Figure WO 97/ 21284

PCT/ US96/ 17739 -27- -16-

6 over that needed to handl l e t of 10 it VIC signals. In
that case, the ‘Ourcomp exd?“"ﬁ’&ﬁ“hf’hl gl f'ghg é’a E?risépﬁ’w as
carrier frequenghesf theifoer Mmintbere gi g{i -Jﬁallbpl : pa&ntaheeiymeemm Ghdy be
tinmeslots of a TDVA system It ca h’vvever be nor e deswabletoform

sets of beams t H@P“ﬁ%?‘hfhaf fhefomplexcerton is alwaysopfJength upity.r@dYiB&t ti nesl ot s

14 14 -1+ =1+
- J L or ! for even symbols
2 V2 2 V2

S and | j -1 or -j for odd symbols.

The even bit values simply represent QPSK as discussed previously. The odd
values represent QPSK muitiplied by the complex number (1+j)//(2). Thus by
using the version of the beamformer described for QPSK, with the addition to the
input of the modulation waveform generator of complex rotation through 45 degrees

10 represented by the multiplication by (1 VR for odd symbols, the invention may
be adapted also to handle Pi/4-QPSK as well as Pi/4-DQPSK.

It has been shown above that a beamforming network for a transmitting
antenna array can be constructed in a simpler fashion by practicing the invention of
interchanging the modulation waveform generation and beamforming operations, such

15 that the beamforming network operates only on single-bit quantities. This has been
shown to be compatible with the use of a wide range of linear modulations including
PSK, QPSK, DQPSK, ODQPSK, ODQPSK, Pi/4-QPSK, Pi/4-DQPSK and orthogonal
and non-orthogonal CDMA waveforms. Other variations in moduiation waveforms
which are compatible with the use of the invention may be discovered by persons

20  skilled in the art and all such uses are deemed to lie within the spirit and scope of the
invention as defined in the claims.

It is also possible to adapt some of the techniques employed in the inventive
beamformer for reception instead of transmission. In reception, a number of
receiving antenna elements receive signal+noise waveforms that are in general multi-

25  bit quantities. However, in a large array that relies on the array gain to raise the
signal to noise ratio to greater than unity, it is often the case that the signal to noise

ratio of individual element signals is less than unity. When signal to noise ratios are



5 or carrier frequencies. The use of such interstitial beans is described

I'n U.S. Patent Application No. 08/179, 953, which is hereby
i ncorporated by reference in its entirety. Figure 8 shows adaptation
of the invention to formdifferent sets of beamdirections for

di fferent "clwanﬁﬁ",, where a channel may be a frequency, a gdriRoéPlrze OF @
conbi nation. Only t%at part of Figure 6 equivalent to RAM 80 is shown
adapted in 10 Figure 8, as it will be obvious to one skilled in the art
how t he adaptation may be carried to conpletion. A
1-megaword x 16-bit DRAM 110 contains partial suns for 16 data bits

(16384 conbi nations) and for 16 different e#muni cati ons channels. The
channel is selected by the remaining 4 address |ines. The rest of the

structure can Bess shaniypitypand il grypy clgments age idgntigals0 thesvinissknomara priors that thet
bits of all f t
oop i od 1o i npoPiRy'sinal COHIRTERS ik of Gl amplindcP R OO toldiRBRt Shplice,

- (binary 0000) unfoapmimdxy using & bardlim@imgfroceivea cliarmekbdhirtdseacl amaye elgmAiVl

- Successi ve a are the l.i ed haql di t.he .channel .sel.ect. bits
oo0000 unti1 e idiingfig pfinret SodysRbBa Griwddriet S 3F PR of i, ting 1o
- transm ttedsi nIf HaplfdoThi§ sighalandy ALeSbORPdtedas Qeingle\wu d@nﬁtb@nﬁzﬁftaﬁhd by
. select bits are chan d to 001 and so on tbgq b nnel 1111 at i ch

-2

point the sequé“ﬁ:@"? qrgier preyioysly deseri ¢ bardiimitipe, Ik signgisgre prAM
. chips ar Wﬂx@%ﬂ%&s&%@@ ¥ir istdnitiRSs qsoﬁnuzb ﬁxt&ﬂ'ﬂ?ﬂ;—ﬁ&btu)/snﬂ?z?

. thus increased’to per voi ce channel for the privilege of
- varying the besamplingfrequsney fhabmgreater than the dapdwidih Qflth%slg'éitl TMele@val | abl e

. speed is homev%}og,hh%hf &Qqﬁraré”lﬂx{sgéﬁqxzwﬁpuﬂglo}‘g#‘%t ¢ 40 the reh &Itkl ouft t he

enpl oyed. If the of tinme S IS Increas etter
RAM speed d@palBveen ifythiscis trélevively coagsenphass guantiziag .sthe noantmmgevase is irwoRtalatedi ze

et of "beam i AL icerdl arfhy SRR ohabls SAFTE ol PERP Sl W8 bortbifed P07

are avail abl e. afigt beantfoiming) the smnﬁlf-uoammizmg)noxse is enlembedeasdls tiiecsiga) ect | ves

cormuni cat 1 ng UPETELBa Bie. | Beecd Wavs fs s oo v el B

the inventive beamformer.

15 An array of antenna elements 200 receives signals plus noise. Each antenna
signal is filtered, amplified, optionally downconverted to a convenient intermediate
frequency, and then hardlimited in receiver channels 201 to produce 2-level sxgnals
202. These signals contain information in the exact ummg of their transitions
between high and low levels. Since digital logic circuits are not generally well

20  adapted to combine logic signals with randomly timed transitions, the transitions are
constrained to occur only at the regular ticks of a sampling clock by flip-flops 203.
The sampling clock frequency is nevertheless high enough to register changes in the
transition timing of a fraction of a cycle. The instantaneous phase of each element
signal is thus captured and quantized into 2-level digital streams 204. These streams

25  can be combined using the beamformer previously described that accepts single-bit
input quantities. Other means of capturing the phase could also be used; for example,
a coarse phase digitizer could classify the phase into the nearest of the four values
+/-45 degrees or +/-135 degrees delivering representative complex numbers +1+j,
which are single bit quantities. A beamforming network that can accept an input

30 consisting of a real vector of +1°s and an imaginary vector of +1’s has already been

described and can be used to process such signals.



from beam center.
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Figure 9 illustrates how the inventive beanformng arrangenent can be
" timeshared between different frequency channels, i.e., for an FDVA system
A beanf orw®k731384 r ecei ves successively signal data bits PrAssr17789

.bn) for

transm ssion in a set of beans forned on radi o channel

- frequency 1, determned by 5 setting the channel nunber [T —bt-s—to6—
. 120 to channel 1. The antenna el enent signals in di %ﬂﬂs W%MS: BEEN

- output fromthe beamforner into a set of Iatches for

chaMmBBLACEDand

“control unit 127 toggles a strobe signal to c®use the latches to reglster

- these values. Figure 9 shows gonly the |atch of channel

' There “are al so I?‘étc?ﬁ'éé“ “?ﬂ d?jiéﬂ%é}?gﬁi{hlél?sgmuﬁh Boeesiing &gt o'

channel 1 signal %edtiE@Q]tu&lQIZIIig:%ﬁWmWhét Yeldpirdé fo hsesuchevane! quantideg ast 0 2
or

and a second set

10

15

20

25

30

of b
hardlimiting receiver channels represent. In such cases the received element signals

would be converted down to the quadrature baseband (1,Q signals) using known
techniques of amplifying, filtering, downconversion and finally quadrature
demodulation and then digitized to an accuracy adequate to reduce quantizing noise to
a desired level. An alternative method of digitizing radio signals to produce complex
numbers is the LOGPOLAR method disclosed in U.S. Patent No. 5,048,059 which is
incorporated herein by reference. The logpolar method provides digitized outputs
related to the logarithm of the instantaneous signal +noise amplitude and to
instantaneous signal+noise phase. These values may be converted to I,Q (Cartesian)
representation by means of antilog and cos/sin look-up tables for processing in a
beamforming network. Although the inventive beamforming network is conceived
principally to take advantage of processing only single-bit quantities, it may: also be
used to process multi-bit Cartesian complex signal representations as will be explained
with reference to Figure 14.

Multi-bit values (b3,b2,b1,b0) (c3,¢2,c1,c0), which may for example represent
the real parts of a set of received signals, are serially presented to the beamforming
network 300 least significant bit first. The beamformer is adapted to combine the
single bit input b0 c0 values to produce multi-bit output values SOi = Cli-bO+.......
+Cni-c0 where Cli are the set of beamforming coefficients for beam/signal number
W, |

Now the next most significant bits bl....cl are presented to the beamformer
and an output

Sli = Cli'bl+....... +Chni-cl is obtained.

In a similar way, S2i and S3i obtain sequentially are also S2i =
Cli-b2+....... Cni-c2

and S3i = Cli-b3+........ Cni-c3
Since the relative significance of the bits b3, b2, bl, b0 and ¢3, c2, ci, c0 is in the

ratio 8:4:2:1 it is only necessary to combine the partial results S3i, S2i, Sli, S0i in

This Sheet Has Been Re laced

L




transm ssion in a second set of beamdirections on channel 2 is presented

to beanf ornmer 120. The outputs for channel 2 are latched in a second
set of latches for channel 2, of which only the latch 124 for el ement
1 is showmn. After cycling through all channel frequencies in this

way, the con t returns to calculate the next 15
channel 3&%8@% This latch 125 becones set to succesg’%&hgéﬂ;ﬁ#el
val ues, that t hen must be subjected to filtering using a nodul ation

wavef or m gener at or 125 such as illustrated in Figure 5. The filtered
|, Q nodul ati ng val ues are then DtoA converted in converter 128 and
nodul ated on to radi o channel frequency |.-3gsing an |, Q or quadrature

nodul at or 129. A second filtered waveform generator 126 and 20 Dt 0A
converter 131 these ratindud abtain ths Aesieed| resultt ¢f thé heansforming ioperatiorf on thel reultibit 1.

The out pu 4.8t c. for successive channel frequencies are
P%‘Fﬁﬁ%? _gg&_g{b‘?} 4

then added to oélte signal for transm ssion from el enent
1, and siml ar set S =08-S344 pENY- BSIE A SOi is the Qesired pesalli ng si gnal s for

el enents 2. | s desirabl ure FDVA systemw th

| arge numbers of CH%\WHW%@C‘Q@OPQM%W&IMPE tPuts, it dpoRl¥ neeRssaY fder of

modul ati on Wa\(ﬁég %ﬁﬁrﬁ’ﬁlﬁtor to accu&éh%é tﬂlg?ucceshv%b ? hﬁepéﬁlgﬁ&ﬂséﬁ be
uct ~ of hannel s

equal to the pro requency an

nunber of ant &lin$2b| Bhewith 2 left Shl@ quhearepkmgl impginary accumulgtor afien ¢ach bandwi dt h
and therefore f @ﬁ{]’ o I | ower
than a digi tala%hm"ﬁmotn%suc ag&ldr&@bﬁm&r ganlﬁmg ‘mm“‘% o)

possi bl e to 3®eamformer ﬂmproaemmghnglelbg viahes wardbd astedmmalsa‘pﬂ:foessrmglﬂbm ators

bet ween channe%f.e It is at | east possible to tine share the
convol vers 63 Y8*Figure 5, which formFIR filters, by
10 When the inputs are complex numbers, either iwo beam formers can be used

whose complex outputs are added, or the same beamformer can be used alternately 1o
process.reai and imaginary input bit vectors. For example, the vector of least
significant bits (real) is first presented to the beamformer and an output SOi = ROij +
10i is obtained and accumulated in real and imaginary accumuiators respectively.

15 Then the vector of imaginary LSB’s is presented, obtaining R0i’ and I0i’. This must
be weighted by j before accumulating, which means that R0i’ is accumulated into the
imaginary accumulator and I0i' is subtracted from the real accumulator. Both
accumulators are the left shifted one place and the process continues with the vector
of second least significant bits (real) followed by the vector of 2nd LSBs (imaginary)

20 and so forth until the final result is obtained. Even with modest array sizes, having
modest directive gain after beamforming, the number of significant bits of the real and -
imaginary inputs does not have to be great and 4 significant bits would in most cases
be sufficient. Thus, because of the short input word length, the inventive beamformer
avoids NxM complex multiplies and reduce§ even the number of remaining additions

25  substantially by judicious use of precomputed Iobk—up tables, and can be very
advantageous in reducing cost and complexity. The beamformer shown in Figure 6
may be time shared between different timeslots or channel frequencies, processing
speed permitting, and may be used as may the modification in Figure 8 to vary the
beam directions from frequency to frequency or timeslot to timeslot. All such

30  vanations are deemed to fall within the scop.e of the claims relating to beamforming

for the purposes of reception.
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provi ding a separate set of registers (60...62) and (64...65) for each
channel . The latch 123 is in fact the first stage (64 and 60) of such
conpl ex regi st @o7keise channel 19 element 1, while | atch g&CBuswsntie
first of a bank of registers for channel 2. Thus by provi ding an array

of latches/registers for each channel plus neans to select all the 5

| at ches associated with one channel as inputs to convolvers 63 and 66, it
is possible to share the convol vers between channels. Wenever such an
array of registers is required, aperso?\ skilled in the art wll

recogni ze that a Ran cess an_r sent _a.suitable

i mpl ement at i on. g iy am@mﬁ%érm?ﬁ 5‘9@8‘)3\?'1:@’ ‘ﬁglrtge BFFBCW%'E‘{?FE?'@%@
may al so be redugeembodiddin otkbr&pécific fRH9 m:%ﬁﬁdephﬁmg Froe tHel spitit@riegsentindi d a
mul tiplicity of such analog circuits whic re not so suitable for

bul k i nt egr at i oncharactes thfﬁ gr Bhedesently. QISFI"?Q‘M erggbodxments are therefongcongidered iign
of the nodul at or r}géﬂ., NedNPle dcBpd HBheWvention is’ @di O
frequency and toaa |gna slﬂg%mga??%fgﬁt cetqtﬁ'enmees ;l)n surrme*rt‘ns'l “iHSIS. Thi s

Frequency Di\§ si ndicatetl by sheappegdedeslaisis satherethpre thedoregaing siesegiptipry rand pdle d
digital 15 -t echl A& ynidt Sohe mirnk SaeiRiE 4he rihgs Wt blyfibaHrs BH¥FEBP hreThtended

sanpl es per seco
to be embraced herein.



So + Sl.exp(jdWt) + S2.exp(j2dWt) + S3.exp(j3dWt) .......
+Sn. exp(j ndWt) . This expression can be alternatively witten
as: So + exp(jdWt) [S1 + exp(jdWt) [S2 + exp(jdWt) [S3 + exp
o es]st]h 20th V\heggr“d‘\'/v‘lﬁ' t he :egann‘eolemspaci ng in radians/sec, and nis
“than e _nunber,. as B cy channels. The f
frequenci esWQHRIZAw . . trﬁl e I te%lnat ively be cen?reglﬂlgéz%ggm?nst ead
bet ween -ndW 2 and +ndW 2 &\\\! S[err].exp(-jLdW) +
S[err] exp(-j(L-1)dWt) rr].exp(-jdwt) + p

S[err] +S[err].exp(th)””25 ............ + S[err].e 9 SHEE -
where L = n/2 and n is assumed even. -32- [ ] ﬂ-{” REPPAgéADS' PEEN
This | atter expression can also be witten:

PCT/ US96/ 1773 Claims:

1. A digital beamforming network for transmitting a first number of
digital information signals using a second number of antenna array elements,
comprising:
5 means for assembling one information bit selected from each of said
information signals into a bit vector;
digital processing means having an input for said bit vector and a number of ©
outputs equal to said second number of antenna elements for processing said bit
vector; and
10 modulation waveform generation means, coupled to each of said second

number of outputs, for generating a signal for transmission by each antenna element.

2. The beamforming network according to claim 1, wherein said
modulation generation means includes FIR filtering means using a set of FIR

coefficients.

15 3. The beamforming network according to claim 2, wherein said
coefficients form the square root of a Nyquist filter to said information signals data

rate.

4, The beamforming network according to claim 1, wherein said
modulation waveform generation means generates CDMA signals using a spreading
20  code.

5. The beamforming network according to claim 1, wherein said

modulation waveform generation means forms a filtered PSK signal.

6. The beamforming network according to claim 1, wherein said

modulation waveform generation means forms a filtered QPSK signal.

P

L




-19- [err] Thus using the latter expression, by formng a
cosine nodul ation (I1- 5 ._nmodulation) fromthe sumof a pair of channel
signals and a sine nodulation (Q m)dul ation) fromthe difference, the

nunber of 1/Q nodul ators mi?ISQece t echni que, known as
| ndependent Si d¥8&HE2R/bdul at Wq(; one signal on a PCTUSME 3 ency
negatively offset from cente signal on the sane frequency but
positively offset fromcenter. Such technl gues generally B E HAS B

i nperfect isolation 10 bet ween channel s due to hardwar e {i npe Sgg[ tﬁ'?s FErN
nmodul ators, such as carrier i mbal ance, iqgerfect quadratur

cosi ne and sine signals, and so-on. These t echni ques perform chh
better in a nulti-el ement Ehébh‘ar@iﬁﬂhﬁ?tnehﬂim‘t&fordxﬁ?tdﬁﬂml whérBRagigect i ons
are not correlated fromone anténna el enent channe to another, while

the wanted si gnamdyiabien svveforn genertion megnsdarmssa Glered Offset-QPSK signdl. be
radiated in 15 random di rections and a proportion of such inperfection
energy is, in a satellite system for exanple, harm essly radiated into
space, mssing the ea®th aﬂbggamfermmg network accordm‘gm claigu hepwhereinfsaidhe

et oasi g var uSuspath bedStont] behordich AR DA Lhueret EVEREIURSK dgna

must conprise at | east the Nyqui st sanpling of the carrier frequency LdW

i nvol ved. 20 . This sgnpli ate, can be greater .than the sanplin rate for
the signals Si,S2, et? H i’ EH‘“S%%%RWBF‘K%‘PQB 53"@1‘?11168”8'

further upsanpli Wfatibﬂ@va@éﬁﬂﬁ%bn&hﬁmﬁﬂnéans forms a filtered DPSK signal.

10.  The beamforming network according to claim 1, wherein said

modulation waveform generation means forms a filtered DQPSK signal.

11.  The beamforming network according to claim 1, wherein said

10 modulation waveform generation means forms a filtered Offset DQPSK signal.

12.  The beamforming network according to claim 1, wherein said

modulation waveform generation means forms a filtered Pi/4-shifted DQPSK signal.

13.  The béamforming network according to claim 1, wherein said

modulation waveform generation means comprises Digital to Analog conversion.

15 14.  The beamforming network according to claim 13, wherein said

modulation waveform generation means comprises Quadrature Modulation.

15.  The beamforming network according to claim 13, wherein said Digital-
to-Analog converston comprises high-bitrate Sigma-Delta Modulation.

16.  The beamforming network according to claim 1, wherein said digital
20  processing means comprises memory means to store precomputed look-up tables of
partial sums of predetermined coefficients with arithmetic signs determined by bits of
said input bit vector.

L O DA




nmust take place in the FDM process. The above expressi ons may
‘be recogni zed as a Fouri-er—Fansf-orm—Tthere are many ways to perform
Fourier transforms nunerically, such_as the Discrete Fourier 25 Transform

and the Fast Fourier Tra Ha ¥ nd the scope of this disclosure
to descri bayglohssyel hods f
mul tiplex, and It suf

rform ng a frequengrasioyhfiPn

lon a digital FDMunit with a
nunber of numerical input sequences at a first sanple—ate.per channel
conprising signals to be Frequency Division Mul ti p| EMSAISHERTAHAS BEENI Ing
an output nunerical sequence at a second, higher sanplej 30 RERLACED
representing the nultiplexed signal. The-34-rst, |ower s 1

pr oduced WD 97/ 21284, , ) .. .
PCT/ US96/ 17739 17.  The beamforming network according to claim 16, wherein said partje}.

by per - channglyms HRdpteabhARed B SOl FCARH LM Binsitntbf 32id RS of 58 BRY Vedlr.

convol vers

18.  The beamforming network according to claim 16, wherein digital
adders combine the outputs of more than one of said look-up tablcs.

5 19.  The beamforming network according to claim 18, wherein digital
adders are serial digital adders.

20.  The beamforming network according to claim 19, wherein said look-up
table values are stored with bits of increasing significance in successive memory word

addresses, and different bits of said words represent bits, of like significance from

ey

10  several of said precomputed values.

21.  The beamforming network according to claim 16, wherein said memory

means further stores values computed for more than one set of said coefficients.

22. The beamforming network according to claim 21, wherein values
corresponding to a desired set of coefficients are selected from said memory by

15  applying a channel address to said memory address inputs.

23.  The beamforming network according to claim 22, wherein said channel

address represents a timeslot of a TDMA frame.

24.  The beamforming network according to claim 22, wherein said channel

address represents a frequency channel.

20 25.  The beamforming network according to claim 1, wherein said digital

processing means has a further input for receiving a channel indicating signal.

* [+ L M S *



63 and 66 of Figure 5, and the second, higher sanpling rate is at | east
equal to the Nyqui st rate for the highest frequency present in the
FDM out put . The nuneri cal FDM out put, consisting of a stream
of conpl ex nunbers for Th@ﬁﬁhmwmu agsdent, is then DtoA converted in |

and 'Q Dt oA conugyérnsssand a a singl e quadrat ur gcivosséliaisor
per array element. The arra use of a digi taI FDM uni t

control unit 127 cont

S glvenln Figure 10. A ti Hf‘ e
successive presentation of bit vect ors (bl ... bn); (b(n+L3ll S SHEHZH)QSaBEEN
so forth to ti meshared beanforner 120 which can funfti on REPLACED
accordance with foregoing 10 principles. Eath bit in the Bt Vecrors

represents one bit fr ni h as .a vqice
channel , which are toag]e s%ﬁ?’é‘i‘f ngy?ei‘“foé]ﬁ§?ﬂ°f‘{}%%‘§?’ﬂby§ Where'ﬂﬁ‘ﬁéﬁ%’ﬂ‘?’
directive beans dmdicdtingGipnaliepreseni® timeslbOsf £TDINA Franief each of n
frequency channels can be re-used for a different conversation in each of N
di fferent directions, a total of nN voice channels can be

communi cat ed si mul t angous! he Bastbfning HeAIRE BB Qi Y5 hiRkein Uifl chiHlP
by sel ecting one bit from each of salﬁ Vol ce

The beanf ormer cadrdiatiag signak representy 2 frequesay thanpel. N channel s to be
transmtted on frequency 1 to obtain Marray el enent output sanples. Each
sanple is fed to an associated digital FDMunit 140. Only the FDM
unit 140 for Bhe fi rs128arra.ydigifal bearhfomnirg rieswerk domntramsmittigg & dirstQimekhEesecond

control unit 127 th second bit. . ,ve 0 be presented to
t he beanf or mer 1?('5 ﬂ#ﬁﬁ?ﬁtl %@Bﬂﬂ"ﬁ‘%ﬁrf@ﬂ'ﬁs“ third “Bﬂ’éﬁh antenna mﬁhﬁ’&@‘r"“'ﬁ
frequency 2 to thedcﬁamemhdaﬁdmexssfwmuﬁrﬁcaﬁbnmﬁnﬁa@m‘oﬁf fibihg:120. Thi s
causes generation of a set of elenent signals_thai w|ll result in the

second set of bits bENeARS fon assembling pneinformatip bif W’Hﬁ%daa first
second set of beagddividdet bP hFormafion sx§h§l§ﬁ§'&i‘aY1§’mﬁ§16§€ﬁ'Bﬁé bpgtu& hd m\! GérOJfS
to the beanf or mer 120 along with appropriate hannel ers

resul ts, for 1@acifommusicationsrehagnets andeastembling said aele@g%bmemma barvpctor. of
cor'respondi ng conpl ex out PUigitiP8FBLeSsing FiRAGTRVns 1 1§ﬂnﬂ'?31l siid Git BEcedd Aas{m tted

on
number of outputs equal to said third number of antenna elements; and

modulation waveform generation means, coupled to each of said third
number of outputs, for generating a signal for transmission by each antenna element

15  on said one of said communications channels.

29.  The beamforming network according to claim 28, wherein said
assembling means successively assembles said bit vectors using information bits for
transmission on successive communications channels and said digital processing means

successively process said bit vectors to produce corresponding successive outputs.

20 30. The beamforming network according to claim 29, wherein said
modulation waveform generation means further successively generates signals for

transmission on successive communications channels using said successive outputs.

31.  The beamforming network according to claim 28, wherein said
communications channels are timeslots of a TDMA frame.

[
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different radio center frequencies. After one conplete cycle of conputation

using all channel --nunbers—onee;—the—digital FDMunit wll have stored
t he sanples for each 30 _ channel nunbeir (fmd wi Il calculate a correspondi ng
FDM out put sequence repr &8 s Been Re d sanples translated to
respect ive Labatiye channdINNHIHIGH] e ror=ive chenbonsssnrs VO
PCT/ US96/ 17739 _ -21-
frequency it is meant that the absol ute channel frequeIcm- Y n
t he several G gahertz range, has been renoved and-th(iaS \#ggé&%%l Bé@{‘rﬂ e
streamrepresents the conposite signge around a ceé _ Q ﬁcv of
zero, or a |low frequency conpatible with the digital FDM unit's

conput ati on speed.32The A Digitahbgaimforsner Jamtransmitting) 2 ffisst rimber of dightalgh speed

Dt oA convertor 141 where the.sanple stream .S conv. e . (o
modul ati on weEHBRHRD atﬁﬁmﬁc'ﬁmgaﬁ nqr@baetr I’i’ﬁ"&'aé‘ ‘r%ga&rea%‘lt'% . rcgg@gg% | t
can of course fi rgfectish fedhs!fof selectifig be mfértiationbit fiont eachrdisaide

frequency which is then )
information streams and assembling them to form a real bit vector and for selecting

5 another information bit from said information streams to form an imaginary bit
vector;
digital processing means for processing said real bit vector to obtain for
each of said second number of antenna elements a first real and a first imaginary
digital output word and to procéss said imaginary bit vector to obtain a corresponding
10 number of second real and second imaginary output words;
combining means for combining for each antenna element its associated
first real and second imaginary output words and to combine its associated first
imaginary and second real output words to obtain a corresponding muiti-bit QPSK
modulation symbol; and
15 modulation waveform generation means for processing for each of said
antenna elements said QPSK modulation symbols to obtain a corresponding QPSK-

modulated radio waveform.

33.  The beamformer according to claim 32, wherein said modulation

generation means includes FIR filtering means using a set of FIR coefficients.

20 34.  The beamformer according to claim 33, wherein said coefficients form
the square root of a Nyquist filter to the symbol rate of said QPSK modulation

symbols.

35. A digital beamformer for transmitting a first number of digital
information streams using a second number of antenna array elements, comprising:
25 selection means for selecting one information bit at a time from each of
said information streams and assembling them to form a real bit vector and for
selecting another information bit from said information streams to form an imaginary

bit vector in a repetitive sequence;
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converted to a final frequency using an upconvertor. These details are a
matt er of desi gn chotece-and-are—not—fundanental to the present :

i nvention. The nodul ated, final- 10 _f uency signal may then be anplified
to a desired transmt power TH t W ""I an array el enent. The
power anplifi ewborziis s pur% | fegrated with the PpcrUusssit7esmna
array el enent.

peant or mer descri bed herein
swi tches the usual order of the operations of "nodu ?tiun -0
“generation” and "beanforning” in order to 15 sinplify thplHS: REET HAS BEEN
sinplification arises due to the sanple ratei}nd word | ength  REPLACED
expansion that nornmally take place in a nodufdfi on wavef orm generator.

Avoi di ng thi s expansiQF il .aft .Jd ul ati.ons .are
perfornmed significantly d&%ﬁéése’@ H‘%ﬁ#@?%&%ﬁg{?ﬁé@“ﬁé’@gﬁ%béiY‘i‘tcgf’fs
and al l ows the usttembtehy withsyidtimaginary bit veewey 10 dbadih €or. eadln of suiy sexbAd) fuiber of
avoi ding sanple rate eélgansi 0 re 20 peant orﬁriig{ltgl becones even nore

bef
evi dent when t he 3PiFI8EFBANt §I¥H§‘§F§@(§I‘dtaoﬁrét mggary SQpéRut worg Felated-ig\gach

system differ entrefitiivilctor Ah@ 16 GEEIH Y &ﬁie@;sbnamg bRt bPeRbAd feal and secdnfde™
different frequencies or different tinmeslots on the sanme frequency, but by

al | ocating t h&m dmpgiBARYRUIRE words reljtoddlq casieispginans it ¥edlotig sequence of a
high bitrate IS Conbkxggéi\iﬂ! %@m@%} .Qﬁ%é@%?‘xg{? Peat \&éut%vclrgél’v%i drhdting ©

to deliberately spread its “spectrum SiI grial's I 'ng eren
spreadi ng sequencéth swidsacorth indginagyioutput wordy &r pragpderaystieamboft realt @QBSKind

frequency. The r | yar ﬂfjﬁ | lbng, use of its-

known spreadi ng gﬁcgieu:l’a%to ﬁ&gﬁ'fg:%%pr egg}t%%&%'ﬁge%%ﬁg&?ng rgmnﬁgﬁ%\ﬁgg’ﬁgwmdfs

si gnal once nor e.aiténhtimg with fastimbginanyutbut vordsito pradhes a daeain of hmagsvey

becone es an mai n Wi depand signals that are easily

di scri m nat ed bymg ng)%u{aﬁm 24333836“‘? fromthe narrowband wanted signal .

Several different forms of nBMiicH RaVekiiginlraiion meahdor Proctisin for cSthOitobay
re

transmtted in the same cell at the sane, uency .and tinme can .
antenna elements said real and imaginary DQPSK modulation values to obtain a

szt Aar m

g

corresponding DQPSK-modulated radio waveform.

36.  The beamformer according to claim 35, wherein said modulation
15  waveform generation means includes FIR filtering means using a set of FIR

coefficients.

37.  The beamformer according to claim 36, wherein said coefficients form

the square root of a Nyquist filter to the symbol rate of said OQPSK modulation

symbols.

20 38.  The beamformer according to claim 32, wherein said modulation
waveform generation means comprises Digital to Analog conversion.

39.  The beamformer according to claim 32, wherein said modulation

waveform generation means comprises Quadrature Modulation.

40.  The beamformer according to claim 38, wherein said Digital-to-Analog
25  conversion comprises high-bitrate Sigma-Delta Modulation.
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WD 97/ 21284
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ei t her use orthogonal fodes*—"‘vml*”ﬁ"_t—heoret ically allows themto be
separated w t hout Bgéﬁtkelslioed ence between them or can use
non- or t hogQRabrA1984€S i‘i exh| bit sone resi dpghnishderier ence.
Speci al receivers for non des can decode signals while
elimnating this residual as described in U S Patent 5 No.

5,151,919 and U.S. Application No 071739 446 whi ch g Bet+-h—herchy
i ncorporated by reference. Signals transnmitted in diff E‘@@HEEJIHASS BEEN

re-use the sane spreadl ng codes, as38ell-to-cell} di scRERLAGED on off the
ant enna system or re uency/code re-use gattern pr EVENts
i nterference betw‘e'en t'ﬁLﬁrhca fmebﬁ“m@%m claim B, wiegein saigd digitab pracessiigency

or timeslot Rxﬁad& g to
permt such c neﬁphe lr}g%ﬁ‘&?hlﬁas%lg %%H%%g |‘£nbgesc°(§g’eﬁ%ggms be
used across aﬂpreti@amnedemefﬂmntmwmandmeﬁbsigns deteemiesd by biteokbsaid sipgnkit s by
their a§§citogned beam di recti ons.

5 42.  The beamformer according to claim 41, wherein said partial sums are
precomputed and stored for every combination of said bits of said bit vector.

43.  The beamformer according to claim 41, further comprising digital -

adders to combine the outputs of more than one of said look-up tables.

44.  The beamformer according to claim 43, wherein said digital adders are
10 serial digital adders. |

45.  The beamformer according to claim 44, wherein said look-up table
values are stored with bits of increasing significance in successive memory word
addresses, and different bits of said words represent bits of like significance from

several of said precomputed values.

15 46.  The beamformer according to claim 41, wherein said memory means

further stores values computed for more than one set of said coefficients.

47.  The beamformer according to claim 46, wherein values corresponding
to a desired set of coefficients are selected from said memory by applying a channel
address to said memory address inputs.

20 48.  The beamformer according to claim 47, wherein said channel address
represents a timeslot of a TDMA frame.

49.  The beamformer according to claim 47, wherein said channel address

represents a frequency channel.
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Consi dering now the prior art systemillustrated in Figure 1 applied to a
‘CDVA system nodul ati on waveformgenerators 12 woul d spread the signal

spectrum 15

by applying a high-rage regcpi ng code to each channel, thus
expandi ng the nunber of This S| D SEREEecond necessary to represent it
For exanpl e, awooriigsmal 10 JI E ﬂ/second digitally cRHERUSHITER

signal could be conbined wt
megasanpl es/ sec. Wiet her only one or seve

resulting in |

per second spreadi ng code

additively superinposed signals is presented to beanfor meﬁhi%,SHEET ASt BERA

operate at 20
however, the

1 megasanpl e/ sec on each inpyt. Using th¢ currBERLACEDenti o

-

nmodul ati on waveform generator 22 is placed after

peanmtor m ng, and COMAsg0dShe heamfgHer toRtfing’to GRREIE Whefdif Saill iitaP brotd:Gile

(CDM takes place there.

or ner r re operates at

reduced sanpl e rmeansdasaferiserdnpuy te resgive aluhannchjndicating signajuantiti es. 25
In a CDVA application, bit vectors for transm ssion using different CDVA
codes and beans nay be presented successively to tineshared beanforner 120

of Figure 10. B¥Wi t ahefiMnfotines accoRiigy © dlAif50, eitleb SaitdichdhnEWUi¢atidgS ,
sanme spreading _cqde to the Moutputs of the beanforner

120 that energe Hgnal Fepressnis a timeslot of 3l DMAGframe.f er ent spreadi ng codes to
outputs that energe at different tinmes. 30 Successi ve outputs n from each
out put of the beanformer 120 are thus conbi ned using different

spreadi ng codes to fo¥2n a Thedepafrtmer aeearding tetclaim 30, avhemin said hanael iadicating

that apply the

10

15

20

signal represents a frequency channel.

53.  The beamformer according to claim 35, wherein said modulation
waveform generation means comprises Digital to Analog conversion.
54. The beamformer accdrding to claim 35, wherein said modulation

waveform generation means comprises Quadrature Modulation.

55.  The beamformer according to claim 53, wherein said Digital-to-Analog

conversion comprises high-bitrate Sigma-Delta Modulation,

56.  The beamformer according to claim 35, wherein said digital processing
means comprises memory means to store precomputed look-up tables of partial sums
of predetermined coefficients with arithmetic signs determined by bits of said input bit

veCtor.

57.  The beamformer according to claim 56, wherein said partial sums are

precomputed and stored for every combination of said bits of said bit vector.

58.  The beamformer according to claim 56, wherein digital adders to

combine the outputs of more than one of said look-up tables.

59.  The beamformer according to claim 58, wherein said digital adders are
serial digital adders.
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-23- - and nodul ated in a DtoA converter and nodul ator 141. The different
spreadi ng codes give discrimnation_between signals radiated in

approxi mately the sane direction, and can be orthogonal codes such as the
WAl sh- Hadamard set. Ml ti pTléxShaEI-Hs'Bécquﬂucedsi gnal s usi ng orthogonal

spr eadi ng Ll be rec e skilled in th

perform ngc‘ggazlf)gﬁl Tr ansf or ficient fast al &)‘?‘Wﬁ?ﬁéﬁé@(i st
that need no nultiplications. Such a Code Division Miltiplexer can thus be
sinmpler than a Digital Frequency Division Miltiplexer wWjiTHS 'S'HEEPlﬁtseEEE

the Fast Fourier Transformnms that need conplex nultiplicdtionsg :
restriction inposed by the CDM structure -ggist descri bedh—s-—-t—hmgn

spreadi ng code set used for different directions is the sane. This gives

t he maxi mum conpl &k t y Thedsamformenéccotdinghmanldion 58 whfein kiddvbookrup tablei s
possi bl e to construc hy.r d. stem.in . whi.ch partial .spreading takes

pl ace before ‘{aﬂueeg Bgea%ﬁ)%?ﬁé& é‘% %Y‘PFW?%%'BBF@&@f%ﬁ'caﬁsf‘(%?mméx g’ﬁ&f

exanpl e, the gidgistes) hnd dipfdeestt bitd ofsdaidWords repredhf bity sMikehimiMmah& fom be
expanded a nodest_ amount using different codes for different beans. For
exanpl e, bl f%?’ere]h"ol{m precompytebvalyesanded to a four-tines bit rate stream
of bl,-bl,bl,-bl while that for channel 2 can be expanded to b2, b2,-b2,-b2
and that for b3 to b3,-b3,-b3, b3. These will be recognized as orthogonal
spreadi ngScodes, tfus dJihgibsamiarmenaccording)iof dlaimatft, whetsirp said imemosnyrmeans

ort hogonal ity | | NS fed:. only create

gr oups of fou@ngéﬁagagﬁg s#&ﬁz%&?ﬁg%% n8§§ﬁ°§|°|f§§}&i°§g‘§?’ Tably applied
bet ween nei ghbori ng beans where directive discrimnation is nore difficult.

Beans that are separat eater angul ar .amounts are less |liable to

interfere with ongé anot ‘5?‘9‘%’%’%‘8 a°8°ﬁ@?8 ﬁ’ecéﬂmt@’ﬁ"}eﬁeﬂ Hﬂ&?n‘i?fr.esﬁg\?gwg

non- ort hogonab acdedived saaiof koeffisiehts lard selecidddiraty saiti memiory ®y Appigingd ¢hahhdlg
address to said memory address inputs.

10 63.  The beamformer according to claim 62, wherein said channel address
represents a timeslot of a TDMA frame.

64. The beamformer according to claim 62, wherein said channel address
represents a frequency channel.

65. The beamformer according to claim 35, wherein said digital processing

15  means has a further input to receive a channel indicating signal.

66. The beamformer according to claim 65, wherein said channel indicating

signal fepresents a timeslot of a TDMA frame.

67.  The beamformer according to claim 65, wherein said channel indicating

signal represents a frequency channel.

20 68. A digital beamformer for receiving a first number of information
signals using a second number of antenna array elements, comprising:
for each of said antenna elements receiver means comprising filtering

means, amplification means and hardlimiting means for producing a two level signal;
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bet ween adj acent beans. The advantage of non-orthogonal codes is that a
greater nunber of non-orthogonal. codes are available for the sane bitrate
i ncrease. A suitable code set is described in U S. Patent Application No.

07/ 866, 865. The use of sucHhj as BemyRaplhced 0des is that the interference
bet ween di f f engddb72188 ghbori eraged over sever alecyuspai?s3g n
several nei ghboring beans, s nal in one beam al one does not

represent a dom nant interferer. WO 97/ 21284

PCT/ US96/ 17739 THIS SHEEDHAS BEEN
So far the beanforner and nodul ati on wavef orm gener at or sjdescr RERIACEBVe

been particularly envisaged for use with Ps#lnodul at i on, —artnougtr—ary—forr
of linear nodul at i ond.ca be used. The lineari E!%m%r o&grti{ al lI,rovvs (&Qe
order of the beanfornming “E% PARRPYLTFAE COMPRHEVE AIHROGEREIAES SRTTROBENE
i nterchanged. Ag QidiRbRd himbévoftditehna elements and calculating a number of outputs
corresponding to said first number of signals;
timing means for selecting said two-level signals for simultaneous
5 application to said inputs of said digital processor and for selecting said outputs from
said digital processor to represent said information signals.

69.  The beamformer according to claim 68, wherein said receiver means

further comprise downconverting means.

70. A digital beamformer for receiving a first number of information
10  signals using a second number of antenna array elerriejxts, comprising:
for each of said antenna elements recéiter means comprising filtering
means, amplification means and quantizing means for producing two quantized
amplified received signals to a real sign bit and an imaginary sign bit;
digital processing means comprising a number of inputs corresponding
15  to said second number of antenna clements and calculating a number of outputs
corresponding to said first number of signals;
timing means for selecting real sign bits for simultaneous application to
said inputs of said digital processor alternately with said imaginary bits to obtain first
real and first imaginary value alternating with a second real and second imaginary
20  value for each of said number of digital processor outputs;
combining means for combining said first real with said second
imaginary values and said first imaginary with said first real values to obtain for each

of said information signals a corresponding complex representative value.

71. A digital beamformer for receiving a first number of information
25  signals using a second number of antenna array elements, comprising:
for each of said antenna elements receiver means comprising filtering
means, amplification means and complex digital to analog conversion means for

producing a quantized real binary value and a quantized imaginary binary value;
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‘5 principle may be applied to QPSK or Offset QPSK wi |l now be given.

I'm QPSK, a pair of bits fromeach speech signal is to be nodul ated one on a
cosi ne radi o waveform andrmme@nhgq;eemﬁl 3l ne waveform This can be

represented by sayi ng part of the conpl ex nodul ation
shal | be bl ane-4B8 | Magi n M
I)y 10

1'. The QPSK synbqicragsepiAsyiced

can be denot ed bl' Synbol s from ot her
channels to be transmtted in different d| rectlons can_al so be denot ed
by S2 = b2 + jb2 S3 = b3 + JbEHggSSH S

Thus the vector of synbols presented to the beanform nf net 5{1?&

witten -42- g

S2 . b2 b2!

b3' dlgxtal processing means compgjsing a nunghigr of inputs corregmndmg

P‘Jhg to the |ineafib kdcoR ARbEY ofidntdnis elRARkHAT: AndThlculath & Rithbdd! df oifute” and

corresponding to said first number of signals;
timing means for selecting bits of corresponding significance from said
5  real values for simultaneous application to said inputs of said digital processor
alternating with selecting bits of corresponding significance from said imaginary
values to obtain first real and first imaginary value alternating with a second real and
second imaginary value for each of said number of digital processor outputs;
accumulating means for accumulating said first real and said second
10  imaginary values taking into account said selected bit significance to obtain a real
accumulated value and said first imaginary with said first real values likewise to
obtain an imaginary accumulated value, said real and sq;q accumulated values being
e obtained in correspondence to each of said digital proces#_or outputs to represent

complex samples of each of said information signals.

15 72.  An improved apparatus for performing multiplication of a vector of
multi-bit values by a matrix of multi-bit coefficients, compnsmg
memory means for storing precomputed combmauons of said coefficients
corresponding to addition or subtraction of coefficients in the same row;
addressing means for addressing said memory means with addresses composed
20  of one bit of like significance selected from each element of said vector of multi-bit
values;
accumulation means for accumulating outputs obtained from said memory
- means when addressed sequentially with addresses formed from bits of increasing
significance, said accumulation means comprising shifting means to ensure
25  accumulation of outputs of said memory means with regard to said increasing

significance.
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| magi nary bit vector can be separately passed through the beanfornmer and
"then the 20 results added, giving a weighting 'j' to the imginary part.
For exanple, the beanfornmer in Figure 6 can first be used with the-real bit
vector applied to.its inputs to obtain a result RL + j11 for elenent 1, and

WO 97/ 21284 wo 97121284 PCT/US96/17739
PCT/ US96/ 17739 - 25-
correspondi ng results for other el enents. en e i nmagi nar it vector is
pondi ng lts f th I t Th th g y bit t
appl i ed obtaining a result R1' + jI111/BThis is to be weighted with |
and added to the previous result to obtain: N El =(Rl +
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5 Serial arithmetic adders can be used to formR1-11" and R1'+l1
by storing the previous results (obtained by applying the real bit
vector) in a recirculating shift regi ster and then serially adding the
new result obtained by applying the inmaginary bit vect or.
Word- Par al | el sdelev2283an of course alternatively be used. Thepcowp$eavrso
resul t may then be fed to a waveform generator such as the generator
shown in Figure 5. 10 Al ternatively, recognizing that the circuit in
Figure 5 already perforns wei ghted adgigion of successively generated
sanpl es from beanforner 21, the addition of successive sanples with
wei ght j obtained by altern f bi t
vectors to the beanformer mayjbe realized b,ywzf%edl ng real sults R for
real bit vectors intoytphe del ay el §0 alternati n with inmaginary
parts |I' for inmaginary bi th) vectors w t5sRsi gn change ied to
obtain -1", and feeding ima@pary values | t&ghe del | ement 64
alternating with real parts The convol vers 63 and 66 then oper at e
x values [RI; R ,I1') shiftedfin to obtphin a set
aQ u§arr9| ed rate. The convo vey 6§ca1 al
@S tp_the I' input val uep '
alg Sor|nput~fo 20 ~ the dl
s nmor @ stfaizghtforward. In of fset’ CRSK | ewerighits
) ofid™bits are applied Lo _the |-cha&el, but
e bet ween changes of Q &han bits, that is
e shift. \WWen | npul se Ehﬁ':i modul ation is

of QPSK sarrp@s ou
apply sign-changed&
unnecessary to for®
The O fset QPSK exgfp
are applied to the Q chahne
the I- channel bits chd
with a one bit-period

considered, real inpulses areg japplied 25 to the nodu filter for
even bits alternatlng with a ppllcatlon of 1 magi nary \w: i mpul ses for
odd bits, as depicted in - Accor principle
of |nterchangeab|I|ty of{ t g spRelerf of nodul ation & m peneration,

;
-and beanform ng, the rea Qrag| nary bit inpulses a
rn

applied to the input of p baaad TR network As show &
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application of an imginary bit vector to the beanform ng network is the
samne operation as for real vectors, if the real part of the result is
t aken as the wobgiegy Y part and the sign-changed i nmagi petrxispeirisol S
taken as the real part. Figure 12 shows the nodification of Figure 2
necessary to acconplish this. The source coding 20 and 5 t he beanf orm ng
network 21 are identical_and operate at tHB same bit and sanple ,ates.

The nodification for_(¥fs€
The switches switch r
respective real

K consists in the additi onwfucs-vﬂc es 1160.

nd' i magi nary parts straight thr§1dh to :{D:

gi nagy switch outputs, for thieyeafTs but
banf ormer 21, the realgang i magi~j?y parts

javelsion is 10 applied ‘,gb“ghe,@' Tary

< cgrrpl ex outputs from t b O i ¥ches

anplee¢w®n the nodul ation vvavg orm %ﬁl
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22 as before,
out puts from

converted and nodul ated on
Dt oA converter and nodul at or

using for exanple FIR filters.
t he nodul ati on wavef or m gener at or
to the selected radi o channel
apart fromthe addition of the

23. Thus 15

switches 160, wWweommbss di fference in using Ofset QPSK

version of Figure 2 is that the upsanpling filter
because of the reduced bandwi dth

narr ower
dat a rate,
PSK case. Thus

upsanpling filter
It will
absorbed into the nodyl
2, and it has been sh

network 21.

of

nodul ati ons such
by first differenti al

20.

or Pi/4- DQPSK

nobi | e conmuni cati ons,

standard | S-54.

i n phase. Thus,

s ®hegupsanpl

A

ed rat
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The filtered and upsanpl ed
22 are conpl ex DtoA

frequency in

eI 733SK

bandwi dt hs can be

SK nodul ation for the sanme
y be half as nuch as in the
QPSK offers a reduction in the conputations of

22 requiring no change to the beanform ng
be Jrea d also that the SWi t 160 can be
vef orm gema_La.LJ_o.n_JTi ts 2 Kigure
hat the | r can] be adapted to handi e any
the |inear npdulggps ons PSK, QPSK a set QPSK/ Dijf ferenti al
aSQ RPSK gndl HooRSk- I so bg gandl ed
y W e odi ng the t he souXce jcodi n&@nits
Yet anot°ﬁer f qr m of IinTart:rmduI i on kno as Pi SK
( - er ent i al as found i cRA[a i n
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four conplex numbers 1 +j, 1-j, -1 4 or -1-j, while.odd nunbered synbol s

appear as one of the four nunbers [err]. Alternatively, the scaling
may be aslbwstegs SO t hat the conplex vector is always ofPOTAIS§&/HT78Mi ty,
giving: [err] The even bit values sinply represent QPSK

as di scussed previously. The odd

t he conpl ex nunber [err] Thus by
described for QPSK, with the addition to the
wavef orm generat or of conplex rotation thf
by the nultiplication by [err

valzﬁi represent QPSK nultiplied by
é g the version of the beanforner

o input of the nodul ation
45 degrees 10 represented
—tire—Tnventi on may
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be adapted also to handle Pi/4-QPSK as wel |
has been shown above that a beanform ng network for a transmtting

as Pi/ 4- DQPSK.

It

antenna array can be constructed in a sinpler fashion by practicing the

i nvention of
beanf or m ng opeoatznss,

on single-bit quantities.
~the use of a wi de range of

such 15

non- or t hogonal

Thi s has been

| i near
DQPSK, ODQPSK, ODQPSK. Pi/4-QPSK, Pi/4-DQ8%K and orthogonal
CDMVA waveforms. Ot her variations in nodul ati on wavef or ns

i nterchangi ng the nodul ati on wavef orm generati on and

t hat the beanform ng net wor kPomaesoai?ss onl y

shown to be conpati bl
nodul ati ons i ncl udi ng PSK,

e wth

QPSK,

and

whi ch are conpatible with the use of the invention nmay be di scovered by

persons 20 skilled in the art
the spirit and scope of the
It

is al so possible to adapt sone of t

and all su uses are deened to |

e within

invenkLgnJas—Q@fined in the plains.

techng ques enpl oyed in the

i nventive beanforner for reception |nste of transm ssion. In
reception, a nunber of rece|V|ng'§ tenna el enents receive signal +noi se
wavefornms that are in general nulti- ties. However, in a
| arge array that relies on the array [ he S|gnal to noi se
ratio to greater than unity, it isfoffen t hat the signal to noise
rati o of individual elenent signal Tes ty. Wien signal to
noi se ratios are
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| ess than unity, and all array elenents are identical so that it is known a
priori that the recei ved signal conponents are of equal anplitude, it
IS possi bl e tovalomnzgsd anplitude information by using araamudba/aTidi ng
recei ver channel behind each array el enent. The hardlimting channel
produces only a two-|evel signal at the o&t&ut of the limting 5 | f
anplifier. This signal may thus be treate s a single bit quantity and

processed by the inventive begqf ornmer previously described. The

hardlimting |F signals are prieger ably sanpl ed by clocking their
i nst ant aneous polarities into fli | op, using a sanpl i ng frequency
that is greater than the bandw fSt he signal. The zero- Cr ossi ngs

of the IF are thus quantized i phase to the nearest clock pul se.
10 Even if this is relatively coaggelphase quantizing, thesguant zing

noi se is uncorrel ated bet ferent array el ement ghannels while
the wanted signal is correlateg after beanforming, th
signal -to-quantizing noise is & s is the signal to her mal
noi se ratio. Figure 13 shows the rdlimting receive nels with
the inventive beanforner. 15 i An array of antennd eheferts 229
recei ves signals plus noise. Each jant enna si gnal fiq[t r@l, ©
anplified, optionally downconvertgd to a convenient intermgpgdate
frequency, and then hardlinited in recei ver channels 201 tg{{H{lodliflel 2- I evel
signal s 202. These signals contain information in th HH{[{i m ng of
their transitions IN_ betwaen hi[gh and Iom1|eve|su\§inc, e ogi c
circuits are not generally wgll o9
y S Sx
- ~reo = cnseoncifiiiers oy W o
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20 adapted to conbine logic signals with randomy tined transitions, the

transitions are constrained to occur only at the regular ticks of a
sanpling clock by flip-flops 203. The sanpling clock frequency is
nevert hel ess hi gh enough to regi ster changes in the transition timng

of a fractionwofe7aizsycl e. The instantaneous phase of each el gFBéser17730
signal is thus captured and quantized into 2-level digital streans 204.
These streans 25 can be conbi ned usi ng épi beanf or ner previously

descri bed that accepts single-bit [ é t quantities. O her neans of
capturing the phase could al so e kﬁ; for exanpl e, a coarse phase
digitizer could classify the plBgg3d®to the nearest of the four val ues

+/ -45 degrees or +/-135 degree$§> H&eri ng representative conpl ex nunbers

+1j whi ch are single bi ities. A beanform ng network that can
accept an input 30 consi sti real vector of +1's and an inmagi nary
vector of + | 's has alrepédy scri bed and can be used to
process such signals. e o~
-29- I n cases RBuc ys=that do not exhibit so nuch
processing gain to re@ice o
\ |
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guanti zing noise, it may not be desirable to use such coarse quantizing as
hardlimting receiver channels represent. In such cases the received

el enent signals would be converted down to the quadrature baseband (I, Q
signal s) using known techniques of anplifying, filtering, downconversion
and finally guuasz2ies«e denodul ation and then digitized to an roTRUSHEELH3O
adequate to reduce quantizing noise to a desired level. An alternative

nmet hod of digitizing radio signals to pro e conpl ex nunbers is the
LOGPOLAR net hod disclosed in U S. Patent ¥ 5,048, 059. The | ogpol ar net hod
provides digitized outputs rel atjed to the | ogarithm of the instantaneous

si gnal +noi se anplitude and to irgtantaneous signal + noi se phase. These

val ues may be converted to I,C§§Eprtesian) representati on by nmeans of
antilog and cos/sin | ook-up ta E§ for processing in a beanform ng network.
Al t hough the inventive beanfors|&@r~network i s conceived principally to take
advant age of processing only s&@g— pitT quaantrites, it nay al so be used to
process nmulti-bit Cartesian cigigpx signal representations as will be
explained with reference to Fi gife 14. Multi-bit val ues

(b3, b2,bl,bO (c3,c2,cl,c0), may for exanple represent the real parts
of a set of received signals, arle serially presented to the beanform ng
network 300 | east signific i =5t . The beanformer is adapted to
conbine the single bit inplyt bO cOaqvel ues to produce nulti-bit output
values SG = di bO+ ....J. XJ where Ci are the set of beanforning
coefficients for beant si N e s Now t he next nost
significant bits bl....c ed to the beanfornmer and an out put

Sli =di bl+ ....... +Cni tfai ned. In a simlar way, S2

and S3i obtain sequentiall i
and S3i = di b3+ ......... Cnl’
bits b3, b2, bl, b0 and c3, ¥R
necessary to conbi ne the par‘b%

S2i = Clib2 + ....... Sg?l c2
3 Since the relative signilcance of the
1, cOisintheratio 8:4:2;1 it is only
results S3i, S2i, Sli, soisnn
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these ratios to obtain the desired result of the beanform ng operation on
~the nultibit val ues 8b3+4b2+2b1+bQ i . e. Si =8 S3i +

4.S2i + 2Sli waoOniz@® the desired result. | f therOBHESONTH8r 300

provi des parallel word outputs, it is only necessary to 5 use a conpl ex
accurul ator to accunul ate the successive @ﬁﬁplex nunber out puts SG ,
Sli, S2i, S3i, with a left shift of ther and i magi nary accumnul at or

after each accunul ation to account for the binary weighting. In this
way, the inventive beanformer fof processing siwgle bit val ues can be
used to al so process nmultibit val ues. 10 n the inputs are
conpl ex nunbers, either two beam fornpaLs can be ysed se conpl ex
outputs are added, or the same beanfof@er can b&|use altem@tely to
process real and imaginary input bit @ctors. Fgﬁex rg.]_e %Qﬁg vector of
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significant bits (real) is first presented to the beanfornmer and an out put

SO = RO + IO is obtained and accunulated in real and inmagi nary
accurul ators respectively. 15 Then the vector of imaginary LSB's is
presented, obtaining RO' and 1G"'. This nust be wei ghted by j before
accumnul ati ng, wols7eisaeans that RGO ' is accunul ated into the pcrasoshmagi nary
accunmul ator and 1G"' is subtracted fromthe real accunmulator. Both

accurul ators are the left shifted one place and the process continues with
t he vector of second least significHAB bits (real) followed by the
vector of 2nd LSBs (i nmagin T final result is
obt ai ned. Even with nodest d&@rray sizes, having m)desf directive gain
after beanform ng, the nunbdgr of significa‘nt bits of the rjeal and '

nost cases B suflfici eBS Thus, becle_ef he
l ength, the i m&%%m_teaﬁ@%@r o avd E%@&Qﬂ
reduces even tREJ@nber SsRi M1y addi D ZIEI[I] S
j.udi ci ous use of PEecorfput edSIRDoK- up t abl esx antican
advant ageous i n reducin conpl exi ty. The bea
Figure 6 may be time_'Zféared between different ti
frequenci es, processing speed permtting, and may Hefused as may the
nmodi fication in Figure|8 togyvary |the beam di reqtiong frorp frequency

to frequency or tineslqt toXdmeqlot. Al such 30 variaﬁ'ggns are deened
to fall within the scope GEXtiHe (,I_%’i,ns relating to beam‘gegrﬂ:‘ng Y for

i magi nary inputs does rjot hayg tq be greaX ¥nd 4 significaQf bifts would in
h

H L 1 ~
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It will be appreciated by those skilled in the art that the present
I nventi on can be enbodied in other specific forms w thout departing
fromthe spiri wosasaenti al character thereof. The presepgtysséinombosed
enbodi nents are therefore considered in all respects to be illustrative
and not restrictive. The scope of the invention is 5 i ndi cated by the
appended clains rather than the foregoing Ré8cription, and all changes
whi ch come within the neaning angh range of equival ents thereofaare intended
to be enbraced herein. = = 4§ d----smscmmommom o - e - {A}
-32-
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C ai ns: 1. A digital beanform ng network for transmtting a first
nunber of digital information signals (1.. .N) using a second nunber of
antenna array elenments (1...M being characterized by: means for
assenbling (21) one information bit selected fromeach of said information
signal s into awgdy2ysat or; digital processing neans (2ggr/Bs9éhiBe an
input for said bit vector and a nunber of outputs equal to said second
nunber of antenna el enments for processing3sgid bit vector; and

- nodul ati on wavef orm generati on neans (22), coupled to each of said second
nunber of outputs, for generating a nodul ated signal to be transmtted by
each antenna el enent. 2. The beanform ng network according to claim1,
wherein said nodul ati on generati on neans includes FIR filtering neans using
a set of FIR coefficientg, 3. The beanform ng network according to
claim?2, wherein said qg@fi cients forma square root of a Nyquist filter
to said information siggéts data rate. 4.  The beanform ng network
according to claim1, wb& ei n sai d nodul ati on waveform generation neans

gener ates CDMA signal s '§§ ng a spreadi ng code.
x
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Fig 14
BEANFORNER
(£.6. FIGURE 6)
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5. .The beanform ng network according to claiml, thE@#ﬁCQ‘AﬁW §ﬂ Tret_i on

wav ef-or,m generat lon nmeans forns a filtered PSK si gnal The

be¢anform ng network according to claim1, wherein saif mout JUNo998a v,

generation nmeans fornms a filtered QPSK signal.

efiorm

-33- 7. The beanform ng network agcording to clai IWwherern sald
nodul ati on wavef orm generation neans forns a filteredfOfset QPSK sig
8. The formsrenel 28 Sup-bradEELP ac ¥SEHP yused te rchiave signififat éompressiah nodul at i on

wavef or m geoskabit MtedTERAS tof ©kildbied plr! debdlaf bl BwsihilEteddinls ST onal .

reasonable telephone quality. Such encoders remove as much of the natural
redundancy from speech as possible making received quality more sensitive to bit

" errors. It is therefore common to expand the bitrate again by replacing some
redundancy in'the form of more intelligent error correction coding. The net data
stream is then impressed on a radio wave for transmission using any of the known
digital modulation techniques such as PSK, QPSK, Offset-QPSK, Pi/4-DQPSK,
16QAM and so on. In PSK, the radio carrier is simply inverted in phase depending
on whether the data bit being transmitted is a binary '’ or 2 '0’. The abrupt
inversion of the phase gives rise to spectral spreading of the radio signal and potential
interference with other radio channels. Thus, the prior art modulation comprises
filtering of the digital waveform to round-off the transitions between '1* (+1) and '0"
(-1). In extreme cases known as partial response signalling, over-filtering is used to
reduce the amount of spectrum used by a signal for its transmission. Filtering is used
to obtain desired characteristics in the spectral domain, but can be achieved either
with spectral domain filters such as may be constructed with resistors, inductors and
capacitors or may be achieved by processing in the time domain using time samples.
An archetypical time-domain filter is known as the transversal filter or Finite Impulse
Response (FIR) filter. Other prior art time domain filters are known as Infinite
Impulse Response filters (IIR).

An FIR filter comprises one or more delay stages for delaying the signal to be
filtered forming a tapped delay line. When signals are already in the form of
sequential numerical waveform values, such a tapped delay line may be formed by
storing samples sequentially in a digital memory device. Samples delayed by different
amounts are then weighted and added to form the filtering characteristic. Such a
filter, when employed to filter digital waveforms, generally produces several output
values per input data bit so as to correctly represent the shape of the 1-0 transitions
which are important in controlling the spectrum to the desired shape. These values
are no longer +1 or -1, but any value in between. Thus, premodulation filtering has

the effect of changing single-bit information values to a plurality of multi-digit values.

In one prior art method disclosed in US Patent No. 4,965,602, a phased array
antenna system is disclosed which employs digital beamforming of multiple independent
transmit beams. A waveform generator prdvides successive digitized time samples of a

desired waveform, and the respective beamforming coefficients which produce the desired

poe T T



9. The beanform ng network according to cl iﬂ#"lLAC&MéP 'S#E'Tai d nodul ati on
wavef orm generation neans forns a filtered DPPKjsignal .. 10. The

beanf orm ng network according to claim1, whefelnGaiJUNTEH9 ati pn wavef orm
generation neans forns a filtered DQPSK si gnall. 11. The bpapf or m ng
network according to claim1, wherein gsaid mogul=at Form peneration
neans forns a filtered Ofset DQPSK signal . The beanf orjn ng network

12.
according to .l aim rein ' | . | ans
Forms. o 11 prefud Hobped i ol fide Titn e ARIQE O R RaRplee TN o k
accordi ng Be@ul_ﬁh@aigitél,samﬁef sree ithea migedapcko 1B} ¢conmerted te igitah fommcfrequéroy  neans
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conprises Quathat UhandBspridt b hethod disclosed in EP-A-0 446 610, D1 a beamforming

technique that allegedly achieves adequate gain using a minimum number of antennas.

In prior art beamforming methods, the filtered, multi-valued modulation waveform
is applied to a digital beamformer 13. The digital beamformer forms M differently
complex-weighted combinations of the modulation waveforms, which when modulated on
to an appropriate radio frequency carrier and applied to corresponding antenna array
elements, will result in each modulated signal being radiated in a separate, desired
direction. The in-general complex numerical outputs of the beamforme'r are DtoA
converted using, for example, a DtoA convertor for the real component followed by a
smoothing or anti-aliasing filter to produce a continuous waveform between samples, and a .
similar device for the imaginary part. The DtoA converted waveforms are known as 1,Q
wavefoﬁns, and are applied to an I,Q modulator (or quadratufe modulator) which iml;resses
the complex modulation on a desired radio carrier frequency. The DtoA conversions anti-
aliasing filtering and 1,Q modulator are represented by blocks 14 of Figure 1.

The prior art beamformer thus forms M combinations of the N input signals'
samples by means of an MxN matrix multiplication with a matrix of combining coefficients.
For example, suppose N=320 and M=640; then for each input signal sample period,
204800 complex multiply-accumulate operations have to be performed. A typical coded
digital speech signal may be represented by a modulation waveform of 10KHz bandwidth,
which, if sampled at 8 samples per cycle of bandwidth in order to accurately represent 1-0
transitions, leads to 80k complex samples per second from each modulation waveform
generator 12. Thus the number of complex operations per second that digital beamformer
13 must execute is 80000 x 204800 = 16,384,000,000.

Instruction execution speeds of digital signal precessing devices are measured in
Mega-Instructions Per Second or MIPS. Thus, 16384 MIPS of processipg are required. A
complex multiply-accﬁmulate consists however of 4 real multiply-accumulates in which
DSP power is normally measured. Thus, the number of real MIPS required is thus 65536,
or with allowance for overhead, > 100,000.

A state of the art digital signal processor such as the Texas Instruments
TMS320C56 executes about 40MIPS. Thus, 2500 devices are needed for the postulated
320-input, 640-output beamformer. This may also be expressed as 8 DSP's
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The N1 samples per bit produced by the digital calculator 46 is subjected to a first
stage of mutation towards a continuous waveform by filling in extra samples between the
original samples using a digital interpolator 51. This may for example be a simple linear
interpolator that simply draws a straight line between original samples in order to estimate
the value of intervening samples. Samples at the interpolated rate are then applied to a high
bitrate Sigma-Delta convertor 52, which répresents the waveform as the proportion of 1's
to 0's in a much higher bitrate stream. The inverse of this bit stream is also formed by an
invertor 54 and the stream and its in(rerse are applied to a balanced (push-pull) continuous-
time filter arrangement 53 to generate the desired continuous waveform. One advantage of
alternative arrangement (51..54) is the elimination of the DtoA convertor 47, and other
advantages are discussed in the aforementioned applications incorporated above.

A modified arrangement similar to Figure 4 can be employed to implement
modulation. The modification is required because the input quantities to the post-
beamforming modulator have been transformed into mulfi-bit complex values by the

combinatorial beamforming operation and are no longer single bit values as in Figure 4.

Figure 5 illustrates the modified waveform generator. A sample stream
comprising the real parts of the complex number stream from one output of
beamformer 21 is delayed in a series of memories (60...61,62) qorresponding to the
length of the impulse response of the transmit filtering desired. A convolver 63 forms
N1 output samples per input sample shifted into delay elements 60...62 by computing
equation set 2 substituting f.or bl...b6 the multi-bit input values from the delay
elements. This now involves full multiplications as bl...b6 are no-'.longer just +/-1.
However, the number of multiplications needed to implement the filtering operation is

much less than the number needed to implement beamforming. Therefore. it is
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combination of 16 bits can be precomputed and stored. A very efficient means of

precomputing such tables is to explore all 16-bit patterns by changing only one bit at a
time, in so-called Grey-code counting order. Then each successive value computed is equal
to the previous value plus or minus twice the value of the c-coefficient associated with the
changed bit, an effort of only one add/subtract per computed value.

A similar table may be computed for bits 17....32; 33....48 and so-on. Finally,
with such tables, El is computed from:

El = T1(bl...b16) + T2(b17....b32) + T3(033....48) .......

The number of additions required has thus been reduced in this way by a factor of
16. The addition of the outputs of the tables may be performed by combining them in pairs
using a binary tree structure and serial arithmetic adders, as shown in Figure 6.

A group of 16 data bits bl...b16 is applied as an address to a precomputed RAM
table 80. An 8-bit real and an 8-bit imaginary value are obtained. A similar precomputed
partial sum is obtained from a RAM table 81. The real and imaginary values are serialized
by parallel-serial convertors 83, 84, 85, and 86 for application of the values bit serially to
serial arithmetic adders 87 and 88. The sum R1+R2, I1+12 appears as a serial digital
value from adders 87,88 and is combined in turn with a further sum in a tapering adder tree
until the final stage 89 and 90 completes the calculation of E1. The advantage of serial
arithmetic for addition of multiple values is simple implementation using integrated circuit
technology, and no throughput delay, as disclosed for calculating Fast Walsh Transforms in
U.S. Patent Application No. 07/735,805.

Recalling that the data rate per channel originally mentioned for coded speech was
in the neighborhood of 10KB/S, the network illustrated in Figure 6 only needs to calculate
an output value every 100uS. This is an extremely slow speed for accessing memory

tables, which are capable of much higher speeds, for example 10 megawords
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claim 25, X i‘cate ura
comuni catdisefimidatiomBét&een signals radiated in approximately the same direction, and can be

orthogonal codes such as the Walsh-Hadamard set. Multiplexing different signals using
orthogonal spreading codes will. be recognized by those skilled in the art as performing a
Walsh Transform, for which efficient fast algorithms exist that need no multiplications.
Such a Code Division Multiplexer can thus be sin}pler than a Digital Frequency Division
Multiplexer which is related to the Fast Fourier Transforms that need complex
multiplications. A restriction imposed by the CDM structure just described is that the
spreading code set used for different directions is the same. This gives the maximum
complexity reduction of the beamformer 21. However, it is possilSle to construct a hybrid
system in which partial spreading takes place before the beamformer 21 with final
spreading afterwards. For example, the digitally coded bit streams for different channels
can be expanded a modest amount using different codes for different beams. For example,
bl for channel 1 can be expanded to a four-times bit rate stream of bl,-bl,bl,-bl while that
for channel 2 can be expanded to b2,b2,-b2,-b2 and that for b3 to b3,-b3,-b3,b3. These
will be recognized as orthogonal spreading codes, thus giving signals in different groups of
beams orthogonality. Since a small bitrate expansion of 4:1 can only create groups of four
orthogonal signals, the orthogonality is preferably applied between neighboring beams
where directive discrimination is more difficult. Beams that are separated by greater
angular amounts are less liable to interfere with one another and so do not need to be
orthogonal. Even non-orthogonal codes can be useful for aiding directive discriminating
between adjacent beams. The advantage of non-orthogonal codes is that a greater number
of non-orthogonal codes are available for the same bitrate increase. A suitable code set is
described in U.S. Patent Application No. 07/866,865. The use of such non-orthogonal
codes is that the interference between different, neighboring beams is averaged over several
signals in several neighboring beams, so that one signal in one beam alone does not

represent a dominant interferer.
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down to the quadrature baseband (I,Q signals) using known techniques of amplifying,

filtering, downconversion and finally quadrature demodulation and then digitized to an
accuracy adequate to reduce quantizing noise to a desired level. An alternative method of
digitizing radio signals to produce complex numbers is the LOGPOLAR method disclosed
in U.S. Patent No. 5,048,059. The logpolar method provides digitized outputs related to
the logarithm of the instantaneous signal-+noise amplitude and to instantaneous

] signal+noise phase. These values may be converted to 1,Q (Cartesian} representation by
means of antilog and cos/sin look-up tables for processing in a beamforming network.
Although the inventive beamforming network is conceived principally to take advantage of
processing only single-bit quantities, it may also be used to process multi-bit Cartesian
complex signal representations as will be explained with reference to Figure 14.

Multi-bit values (b3,b2,b1,b0) (c3,c2,c1,c0), which may for example represent the
real parts of a set of received Signals, are serially presented to the beamforming network
300 least significant bit.ﬁrst. The beamformer is adapted to combine the s_ingle bit input b0
¢0 values to produce multi-bit output values SOi = ClibO+....... +Chni c0 where Cli are
the set of beamforming coefficients for beam/signal number 'i'

Now the next most significant bits bl....c1 are presented to the beamformer and an
output

Sli = Clibl+....... +Chni cl is obtained.

In a similar way, S2i and S3i obtain sequentially are also S2i = Clib2+....... Cni c2

and S3i = Clib3+........ Cnic3
Since the relative significance of the bits b3, b2, b1, b0 and ¢3, ¢2, c1, c0 is in the ratio
8:4:2:1 it is only necessary to combine the partial results S3i, S2i, Sli, SOi in
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digital processing means (21) having an input for said bit vector and a number of
outputs equal to saxd second number of antenna elements for processing said bit vector; and
modulation waveform generation means (22), coupled to each of said second

number of outputs, for generating a modulated signal to be transmitted by each antenna
element.

2. The beamforming network according to claim 1, wherein said modulation

generation means includes FIR filtering means using a set of FIR coefficients.

3. The beamforming network according to claim 2, wherein said coefficients form a

square root of a Nyquist filter to said information signals data rate.

4. The beamforming network according to claim 1, wherein said modulation waveform

generation means generates CDMA signals using a spreading code.

5. The beamforming network according to claim: 1, wherein said modulation

waveform generation means forms a filtered PSK signal.

6. The beamforming network according to claim 1, wherein said modulation waveform

generation means forms a filiered QPSK signal.
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generation means forms a filtered Pi/4-shifted QPSK signal.

v

0. The beamforming network according to claim 1, wherein said modulation waveform

generation means forms a filtered DPSK signal.

10.  The beamforming network according to claim 1, wherein said modulation waveform

generation means forms a filtered DQPSK signal.

11. ° The beamforming network according to claim 1, wherein said modulation waveform
generation means forms a filtered Offset DQPSK signal.

12.  The beamforming network according to claim 1, wherein said modulation waveform

generation means forms a filtered Pi/4-shifted DQPSK signal.

13.  The beamforming network according to claim 1, wherein said modulation waveform

generation means comprises Digital Analog conversion.

14.  The beamforming network according to claim 13, wherein said modulation

waveform generation means comprises Quadrature Modulation. -

15.  The beamforming network according to claim 13, wherein said Digital-to-Analog

conversion comprises high-bitrate Sigma-Delta Modulation.
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40.

The beanformer according to claim 38 wherein said Digital -to-Anal og

conver si on17corrpr| ses high-bitr

e Si Modul.at i
The beamforming netwo aﬁc accord?ng toc ?6 wherein salc? partial sums are

precomputed and stored for every combination of said bits of said bit vector.

18.  The beamforming network according to claim 16 further comprising digital adders

combine the outputs of more than one of said look-up tables.

19.  The beamforming network according to claim 18, wherein digital adders are serial
digital adders.

20.  The beamforming network according to claim 19, wherein said look-up table values
are stored with bits of increasing significance in successive memory word addresses, and
different bits of said words represent bits of like significance from several of said

precomputed values.

21.  The beamforming network according to claim 16, wherein said memory means

further stores values computed for more than one set of said coefficients.

22.  The beamforming network according to claim 21, wherein values corresponding to
a desired set of coefficients are selected from said memory by applying a channel address

to said memory.

23.  The beamforming network according to claim 22, wherein said channel address

represents a timeslot of a TDMA frame.

. * [ L M S *
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25.  The beamforming network according to claim 1, wherein said digital processing

means has a further input for receiving a channel indicating signal.

26.  The beamforming network according to claim 25, wherein said channel indicating

signal represents a timeslot of a TDMA frame.

27.  The beamforming network according to claim 25, wherein said channel indicating

signal represents a frequency channel.

28. The beamforming network according to claim 25, wherein information bits are

communicated over a plurality of communication channels

29.  The beamforming network according to claim 1, wherein said assembling means

successively assembles said bit vectors using information bits for transmission on

successive communications channels and said digital processing means successively process

said bit vectors to produce corresponding successive outputs.

30. The beamforming network according to claim 29, wherein said modulation

waveform generation means further successively generates signals for transmission on

successive communications channels using said successive

outputs.

31.  The beamforming network according to claim 28, wherein said communications

channels are timeslots of a TDMA. frame.

32. A digital beamformer for transmitting a first number of digital information streams

using a second number of antenna array elements, comprising:

* ¢ L M S *
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to a desired

receive a chan
second number of antenna elements a first real and a first imaginary digital output word

and to process said imaginary bit vector to obtain a eorresponding number of second real
and second imaginary output words;

combining means for combining for each antenna element its associated first real
and second imaginary output words and to combine its associated first imaginary and
secon[l real output words to obtain a corresponding multi-bit QPSK-modulation symbol;
and -

modulation waveform generation means for processing for each of said antenna
elements said QPSK modulation symbols to obtain a corresponding QPSK-modulated radio

waveform.

33. The beamformer according to claim 32, wherein said modulation generation means

includes FIR filtering means using a set of FIR coefficients.

34.  The beamformer according to claim 33, wherein said coefficients form the square

root of a Nyquist filter to the symbol rate of said QPSK modulation symbols.

35. A digital beamformer for transmitting a first number of digital information streams
using a second number of antenna array elements, comprising:

selection means for selecting one information bit at a time from each of said
information streams and assembling them to form a real bit vector and for selecting another
information bit from said information streams to form an imaginary bit vector in a
repetitive sequence; '

digital processing means for repetitively processing said real bit vectors alternately

with said imaginary bit vectors to obtain for each of said second number of antenna

O O M) S A
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The beanfornmer according to claim50 WEMEﬁﬁlwﬁgha nel
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erein
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elements a first real and a first imaginary digital output word related to each real bit vector
and to obtain a corresponding number of second real and second imaginary output words
related to each imaginary bit vector;

switching means for selecting first real digital output words alternating with second
imaginary output words to produce a stream of real OQPSK modulation values and for
alternately selecting second real digital output words alternating with first imaginary output
words to produce a stream of imaginary OQPSK modulation values to obtain a
corresponding OQPSK-modulated radio waveform.

36. The beamformer according to claim 35, wherein said modulation waveform

generation means includes FIR filtering means using a set of FIR coefficients.

37.  The beamformer according to claim 36, wherein said coefficients form a square root

of a Nyquist filter to the symbol rate of said OQPSK modulation symbols.

38. The beamformer according to claim 32, wherein said modulation waveform

generation means comprises Digital to Analog conversion.

39. The beamformer according to claim 32, wherein said modulation waveform

generation means comprises Quadrature Modulation.

40.  The beamformer according to claim 38, wherein said Digital-to-Analog conversion

comprises high-bitrate Sigma-Delta Modulation.

41. The beamformer according to claim 32, wherein said digital processing means
comprises memory means to store precomputed look-up tables of partial sums of

predetermined coefficients with arithmetic signs determined by bits of said input bit vector.

* [ L M N *
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43.  The beamformer according to claim 41, further comprising digital adders to

combine the outputs of more than one of said look-up tables.

44.  The beamformer according to claim 43, wherein said digital adders are serial digital
adders.

45.  The beamformer according to claim 44, wherein said look-up table values are stored
with bits of increasing significance in successive memory word addresses, and different bits

of said words represent bits of like significance from several of said precomputed values.

46.  The beamformer according to claim 41, wherein said memory means further stores

values computed for more than one set of said coefficients.

47.  The beamformer according to claim 46, wherein values corresponding to a desired
set of coefficients are selected from said memory by applying a channel address to said

memory address inputs.

48.  The beamformer according to claim 47, wherein said channel address represents a
timeslot of a TDMA frame.

49, The beamformer according to claim 47, wherein said channel address represents a

frequency channel.

50.  The beamformer according to claim 32, wherein said digital processing means has a

further input to receive a channel indicating signal.
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-40- 60. The beanfornmer according to claim 5!
table values are stored with bits of increasing
menory word addresses, and different bits of sa
| i ke significance fromseveral of said preconpu
beanf ornmer according to claimb56, wherein said Tory means t hler stor-es
val ues conputed for. nore than one set of said cperfrcrents: 2. The
beanf ormer according to claim61l, wherei®n val uep corresponding td a desired
set of coefficients are selected fromsaid nenory by applyrng a channel
addr ess t o5kai dTiecbeamformdrircsexdinigrip glaim 50, weiB:rein saf¢hehapnel indicating sigealor di ng t o
claim62, ' d.c ress represents a tineslot of a TDVA
frame. 6%%83%33 ggﬂ%ggfa%g@%?edi ng to claim62, wherein said channel
address represents a frequency channel.

wor ds represent| bits of
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52., The beamformer according to claim 50, wherein said channel indicting signal

represents a frequency channel.

53. The beamformer according to claim 35, wherein said modulation waveform

generation means comprises Digital to Analog conversion.

54.  The beamformer according to claim 35, wherein said modulation waveform

generation means comprises Quadrature Modulation.

55.  The beamformer according to claim 53, wherein said Digital-to-Analog conversion
comprises high-bitrate Sigma-Delta Modulation.

56.  The beamformer according to claim 35, wherein said digital processing means
comprises memory means to store precomputed look-up tables of partial sums of

predetermined coefficients with arithmetic signs determined by bits of said input bit vector.

57.  The beamformer according to claim 56, wherein said partial sums are precomputed

and stored for every combination of said bits of said bit vector.

58.  The beamformer according to claim 56 further comprising digital adders to combine

the outputs of more than one of said look-up tables.

59. The beamformer according to claim 58, wherein said digital adders are serial digital
adders.

[
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65. The beanforner according to claim35, whergi ' rocessi ng
means has a further input to receive a channel i RE%%WJ?E @T 66.
The beanformer according to claim®65, wherein sgid channel indig¢ating
signal represents a tineslot of a TDVA frame. (67. O4THdN 189 ¢r frer |
according to claim65, wherein said ehannel indijcating signal re¢pfesents a
frequency channel . 68. A digital beanforner |for receiving a f|rst-
nunber of information signals using a s®eond nufber
el enents, being characterized by (49, 53)

60.  The beamformer according to claim 59, wherein said look-up table values are stored

—of_antenna_arfay

with bits of increasing significance in successive memory word addresses, and different bits

of said words represent bits of like significance from several of said precomputed values.

61.  The beamformer according to claim 56, wherein said memory means further stores

values computed for more than one set of said coefficients.

62.  The beamformer according to claim 61, wherein values corresponding to a desired
set of coefficients are selected from said memory by applying a channel address to said
memory address inputs. ' .

63.  The beamformer according to claim 62, wherein said channel address represents a
timeslot of a TDMA frame.

64.  The beamformer according to claim 62, wherein said channel address represents a

frequency channel.

65.  The beamformer aécording to claim 35, wherein said digital processing means has a

further input to receive a channel indicating signal.

66.  The beamformer according to claim 65, wherein said channel indicating signal

represents a timeslot of a TDMA frame.

67.  The beamformer according to claim 65, wherein said channel indicating signal

represents a frequency channel.

68. A digital beamformer for receiving a first number of information signals using a

second number of antenna array elements, being characterized by (49, 53)
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-41- for each of said antenna el ements reckiREEFAGRMEN SHEGT ilsi ng
filtering nmeans, anplification nmeans and hardlimtj g nean (Z0I)y—fior
producing a two | evel signal; digital procgsgi ng,;n@gn 1
conprising a nunber of inputs corresponding to saild jsecond n er {of
antenna el enments and cal cul ati ng a nunber of out pyt g fo said
first nunber of signals; timng nmeans (203I)1 for selecting sajd

two- | evel signals for sinultaneous appl“f”ﬁat ion to sai d i nputsor—s=al d
digital processor for selecting said outputs fromsaid digital processor to
represent said foreahaftspidsniengaRlgrentsgeceiver meansrompfigng filterigdagasng to clai m

68, wher ei o P ' £ I r&d nmeans.
20, A i SmPEEAEbE Rk TR R Q1) R oA UAO B el TS
si gnal s usi ng adigital pratessingtrecans {21 canaprisingaa mumbeebiinputs eortespandinghasadt eri zed

by: for.each of_said antenpna,el.epents receiver ans caonpri sing

P tering ERt SR RF o Bl FRRR AR CumE  orORt o Sl oS
produci ng baM fitst BmberasTisigadg; anpl i fied received signals to a real sign bit
and an imaginary sign bit (202); . .. digital praqcessing neans, (21)
conprising a nu%‘Bgﬁg ragans (03} for seleqting ﬁ%‘ﬁ&’i"hg"?lé‘@&lﬁ dorsipyiaheays applicatian

ant enna el gTgR Spa8 dr 6Ad Gighalprodssr fb?@@@crtinggai?%tg?& FrofiPalRARRN Piotksbi0 Sai d
first nunber of signals; timng means (20 for selectinhg real sign
bits for stangpresentsaid informationsignals.t o said i nputs of said digital processor
al ternatel gyqw t 1. ¢l i sj gn.. i tbs obf.ain fi r nd first

i magi nary .§%I ue?%fﬁég‘gﬁé | nﬁmﬁ% tg%&a@g%ﬁwb%gﬁgéﬁé&sdggéﬁémfg‘%g’leﬁary val ue
for each otompiisd dowedsnvening thegnd. al processor out puts;

70. A digital beamformer for receiving a first number of information signals using a
second number of antenna array elements being characterized by:

for each of said antenna elements receiver means comprising filtering means,
amplification means and quantizing means (201) for producing two time quantized
amplified received signals to a real sign bit and an imaginary sign bit (202);

digital processing means (21) comprising a number of inputs corresponding to said
second number of antenna elements and calculating a number of outputs corresponding to
said first number of signals;

timing means (203) for selecting real sign bits for simultaneous application to said
inputs of said digital processor alternately with said imaginary sign bits to obtain first real
and first imaginary value alternating with a second real and second imaginary value for
each of said number of digital processor outputs; _ '

combining means (87-90) for combining said first real with said second imaginary
values and said first imaginary with said second real values to obtain for each of said

information signals a corresponding complex representative value.

71. A digital beamformer for receiving a first number of information signals using a.

second number of antenna array elements, comprising:
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conbi ni ng neans (87-90) for conbining said first real |

i magi nary values and said first imaginary with said ecﬁEﬁHAGMNTVQ#EEqS to

obtain for each of said informati.on signals a corresgordi

representative val ue. 71. A digital beanforner fqr}r I ¥i,ng a firgt
R

nunber of information signals using a second nunber

el enments, conpri sing: ' 42- ' :

-42- for each of said antenna €l enents receiyer neans conpri si
filtering neang, anpljfj.cation neans and conpl ex di.gl tal.. amaeg—~euersi on
means for prod@t’ieﬁ‘gp‘%\gs&@aﬁ?{ep%ﬂe‘?% '%‘Wéﬂfg&aqoﬂ}?"gﬂ%hger&ﬁc Y ed i magi nary
bi nary valagifidfibn n#9R9 and complex difitall dndlog Bérive BRI nMGndRAPfodidAPa conprising a

nunber of inputs corresponding to said second nunber of antenna el ements

and cal culquentized reahbingrg valye andi2 guantized dmpgingy bimmgvalus (34,3995 r st nunber of

si gnal s; . Ll i ' . i .

significance f PM&P%S%??@%?%?&@%MA&Q S &fmﬁﬁé’é&éw&ﬁ 2% said
second number of antenna elements and calculating a number of outputs corresponding to

said first number of signals; .

timing means for selecting bits of corresponding significance from said quantized
real binary values for simultaneous application to said inputs of said digital processor
alternating with selecting bits of corresponding significance from said quantized imaginary
binary values to obtain first real and first imaginary value alternating with a second real ahd
second imaginary value for each of said number of digital processor outputs; wherein said
first real and first imaginary value corresponds to said quantized reai binary value and said
second real and second imaginary value corresponds to said quantized imaginary binary
value;

accumulating means for accumulating said first real and said second imaginary
values taking into account said selected bit significance to obtain a real accumulated value
and said first imaginary v}ith said second real values likewise to obtain an imaginary
accumulated value, said real and said imaginary accumulated values being obtained in
correspondence to each of said digital processor outputs to represent complex samples of

each of said information signals.
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A digital beamforming network for transmitting a first number of digital information signal using a second number of antenna array
clements is disclosed. Assemblers are used for assembling one information bit selected from each of the information signals into a bit
vector. Digital processors have an input for the bit vector and a number of outputs equal to the second number of antenna elements and
process the bit vector. Finally, modulation waveform generators coupled 10 each of the second number of outputs generate a signal for
transmission by each antenna element.
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