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(57) Abstract

Radio transmissions are spectrally contained to seduce adjacmt channel interference by a method and apparatus for 1,Q ﬁllermg of
signals before quadrature modulation in digital cellular radio transmission systems such as communications systems following the GSM
TDMA, 1S-54 or 1S-95 standards. The filtering is accomplished by multiple stage registers connected at their complementary ourputs to
identical resistor networks. The outputs of the resistor networks are summed to represent a smoothly transitioning analog representation
of the digital voice or data transmission. The analog representation may be additionally low pass filtered to remove higher frequency
components before quadrature modulation. Because rapid transmissions in the transmittal signal are avoided, adjacent channel interference

is reduced. _




the realization of spectral containment of radio transm ssions so
that they do not cause adjacent channel I nterference and, in
particular, for the realization of - spectral contai nnent of hi gh
bitrate digital transm ssions 10 such as TDVA or CDVA cel | ul ar telephone

si gnal s. D scussion of Related Art. TeGiaAlsashs

advancenent s %‘a\gégsperm tted continuous | nprovenents in redus‘gi ng the *
size ‘and cost while increasing the battery I|ife of cellular
portable 15 tel ephones. This has nade cellul ar tel ephones ever nore
popular. As a result, cellular tel ephone systens need to . expand so as
to provide service to ever dgreater nunbers of subscri bers.

Pressure on frequency channel availability Has led to 20 t he devel opnent
of digital cellular technol ogies such _as he_Eur gpean GSM'TDNA system
the U 'S. 1S54 digital TDwvA BALANCEP Ei‘éi‘sg'{?%%’éiaridl aﬁiﬁ- | S-95 CDMA
standard. All t he above sySEERROUNDRATUREAMOBULATARSY first converting

A

Background of the Invention
1) Field of the Invention.

5 The invention relates to methods and apparatuses for
the realization of- spectral containment of radio
transmissions so that they do not cause adjacent channel
interference and, in particular, for the realization of
spectral containment of high bitrate digital transmissions

10 such as TDMA or CDMA cellular telephone signals.

2) Discussion of Related Art.

Technological advancements have permitted continuous
improvements in reducing the size and cost while
increasing the battery 1life of «cellular portable

15 telephones. This has made cellular telephones ever more
popular. As a result, cellular telephone systems need to
expand so as to prov1de service to ever greater numbers of
subscribers. .

_ Préssure on frequency channel availability has led to

20 the development of digital cellular technologies such as
the European GSM TDMA system, the U.S. IS-54 digital TDMA
cellular standard, and the U.S. IS-95 CDMA standard. All
the above systems are characterized by first converting
speech to a compressed digital form which is then coded by

25 more or.less redundant coding and subseguently transmitted
using one or more timeslots in a repeating frame period.

For example, the GSM TDMA system codes speech using
convolutional coding and transmits the coded speech using
one or two out of 16 timeslots depending on whether a

30 half-rate or a full-rate channel is allocated. An IS-54
system also convolutionally codes speech and. then
‘transmits it using one or two out of six timeslots. An
Is-95 $ystem uses convolutional coding plus bit repetition



speéch to a conpressed digitaf form which is . then coded by 25 nore or

| ess redundant codi ng and subsequently transmtted usi ng one or nore
timeslots in a repeating frane peri od. ' For exanple, the GSM TDVA
syst em codes speech using convol utional coding and transmts the coded
speech usin e or two out of 16 tineslots depending a.30
hal f-rate O?wgsv]]/a ﬁ?rat e channel is allocated. An |S-54 P&r@é}g{o% al sox
convolutionally codes speech and then transmts it using one or
two out of six tinmeslots. An | S-95 system uses convol uti onal codi ng
plus bit repetition WO 97/ 35411
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and transmits the speech using 2, 4, 8 or 16 out of 16
timeslots depending on whether the speech sound is a
voiced sound, non-voiced sound or silence/background
noise. In all cases therefore, the bitrate of speech is
5 first compressed to remove natural redundance and then the
bitrate is increased by using intelligent coding to obtain
a higher bitrate stream for transmission that is more
tolerant of interference.

A transmitter for such digitally coded signals
10 preferably comprises a balanced quadrature modulator.
Figure 1 illustrates a prior art arrangement of a
quadrature modulator for synthesizing an arbitrarily
modulated signal. A digital signal processor (DSP) 30
calculates time-spaced Samplés of the real and imaginary
15 parts of a desired complex modulation. The real part is
given by the desired amplitude times the cosine of the
desired phase angle, while the imaginary part is given by
the amplitude times the sine of the phase angle. in this
~ way both Amplitude Modulated (AM) signals or Phase
20 Modulated (PM) signals. can be generated, or signals
comprisiﬁg both, the result of which is generally known as
complex modulated signals. The numerical samples
calculated by the DSP 30 are transferred to a pair of
Digital-to-Analog (D-to-~A) convertors 31 that convert each
25 numerical sample pair into a pair of analog voltages known
as I (In-phase) and Q (Quadrature) signals. A seguence of
such numerical samples generates I and Q waveforms but in

a stepwise fashion. '
The steps in the waveforms cause undesirable spectral
30 components that would interfere with adjacent radio
channels unless suppressed. Some technigques for D-to-A
conversion provide interpolation between samples giving
sloping waveforms between adjacent sample values, which
reduces but does not sufficiently eliminate the undesired
35 .-components.' Consegquently, I and Q smoothing filters 32



2 and transmts the speech using 2, 4, 8 or 16 out of 16

ti nesl ots dependi ng on whet her the speech sound Is a voi ced sound,
rion-voi ced sound or si | ence/ backgr ound noise. In all cases therefore,
the bitrate of speech is 5 first conpressed to renove natural redundance

and then thgwo «ptrate is increased by using |nteII|genuwnuﬁngmmD
obtain ﬁlg er bitrate strean1for transm ssion that is nore
t ol erant of |nterference A transmitter for such digitally
coded signals 10 preferably conprises a bal anced quadrature nodul ator.
Figure 1 illustrates a prior art arrangenent of a guadr at ure nodul at or
for synthesizing an arbitrarily nodul ated signal. A digital signa

3 .

processor (DSP) 30 _ )
. are necessary. These are low-pass filters that pass all
modulation spectral components of interest bﬁt suppress
-_; ' the higher frequency components of the spectrum associated
with the stepwise or piecewise linear I,Q waveforms from
5 the D-to-A convertors 31.

The smoothed I,Q waveforms are applied to a pair of
balanced modulators 33 together with cosine and sine
carrier frequency signals, this arrangement being known as
a quadrature modulator. The arrangement described so far

10 and illustrated in Figure 1 belongs to the well-known
prior art. , _

In summary, the DSP 30 produces numerical I and Q

- waveforms representative of the desired digital or analog
" modulation and then D-to-A convertors 31 convert the
15 - numerical I,Q repreéentations to analog I,Q modulating
waveforms. Filters 32 remove discontinuities due to the
finite time sampling and quantization of the numerical I,Q
signals to produce continuous I,Q waveforms, thus avoiding
_spectral splatter into adjacent radio channels. The
20 smoothed I,Q waveforms are applied to sine and cosine

radio freégquency-carriers using guadrature modulator 33.
LIt is important for accurate signal generation that
{1) thel two balanced modulators are accurately matched,
(2) the 1levels of the I and Q signals are accurately
25 controlled relative to each other, and (3) the balanced
| modulators have low carrier leakage or offset, that is,
the output signal of a balanced modulator should be zero

when its respective I or Q modulating signal is zero.

Since the I and Q signals vary from positive to

30 negative, if a circuit is required to operate only from a
single positive supply, then the zeroc point of an I or Q
waveform cannot be defined to be zero voltage, but must be
defined to be some positive reference voltage such as half
the supply voltage. Then when an I or Q waveform swings



calcul ates tinme-spaced sanples of the real and imaginary 15 parts of a
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adj acent sanpl e neflexrencemibtitage from the DSP 30 that is exactly equal to

5 the voltage the D-to-A convertors supply with an

input

numerical value of zero. This problem is overcome by use

'of the balanced. configuration shown in Figure

2 and

disclosed in the parent application 08/305,702, herein

incorporated by reference, which uses special D-to-A

10 conversion technigques to generate I and 0 51gnals as well

as their complements I and Q.

In Figure 2, instead of using the D-to-A convertors
31 of Figure 1, the numerical I and Q signals from DSP 30

are transferred to a delta-sigma (A-Z) convertor 41.

This

15 device is built according to known art to generate a high

bitrate stream of binary ‘l1’s and ‘0’s having a short-term

average value proportional to the numerical input value.
With a maximum possible numerical input value the bit

stream produced would be 11111... (the voltage of
20 conditiop being equal to the chosen supply voltage)

a 1/

while

the minimum numerical input value will generate the bit

pattern 00000.... A half-scale numerical input.

will

produce the bit stream 1010101010... having an "average

voltagg equal to half the supply voltage. According

to an

25 aspect of the invention disclosed in parent application
08/305,702, extra invertor gates 42 are provided at the
output 6f each delta-sigma convertor 41 to additionally

generate the complementary bitstreams. That means when

delta-sigma convertors 41 produce a bit stream
30  100100100100... having a mean of 1/3 the supply voltage,
the complementary bit  stream will be 011011011011...

having a mean of 2/3rds the supply voltage.;

‘The

difference between these two is 1/3-2/3 = -1/3 of the
supply voltage. If the convertor produces 111011101110...

35 having a mean of +3/4_ of the supply voltage the
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reduces but does not sufficiently elimnate the undesired 35 conponents.
Caonsequently, | and Q snoothing filters 32 WO 97/ 35411
PCT/ US97/ 038308 : : 3
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complementary signal 000100010001... will have the mean of
1/4 of the supply voltage, so that the difference is 3/4-
' | 1/4 = +1/2 of the supply'voltage. Consequently, by using
' the difference between the convertor output signal and its
5 conplement to represent an I or Q signal, the value
represented can be positive or negative even with a single
positive voltage supply, and no reference voltage need be
generated. The balanced mixers 43 are therefor provided
with balanced, two-wire inputs rather than single-ended
10 inputs, that are responsive to the difference in the
signals on the two wires and unresponsive to the absolute
or common-mode voltage (sum of the voltages) on the two
wires.
High bitrate delta-sigma modulation bitstreams are
15 simply converted to the analog voltage they represent by
forming the moving average voltage over a large number of
bits. This may be done using a continuous-time, low-pass
- filter having a bandwidth which is a small fraction of the.
bitrate, but still sufficient to pass all desired
20 modulation components. For the balanced ' signal
configuration developed in this invention, balanced
filters 44 are interposed between the delta-sigma
convertor outputs and the I,Q balanced modulators 43.
In summary, delta-sigma convertors 41 convert the
25 numerical sample values from DSP 30 to high bitrate
streams wherein instantaneous waveform values are
represented by the proportion of ones to zeros in the
bitstream, i.e., by the average mark/space ratio. The
. inverters 42 form complementary bitstreams such that the
30 difference in mark space ratio forms a balanced signal
that can more easily represent both positive and negative
instantaneous waveform values. . The "high bitrate
fluctuations are removed by balanced filters 44 to obtain
continuous, smoothed I,Q waveforms which are applied to
35 Dbalanced inputs of quadrature modulator 43, as disclosed



are necessary. These are |lowpass filters that pass all nodul ati on

spectral conponents of interest but suppress t he hi gher frequency
conponents of the spectrum associ at ed with the stepw se or piecew se
linear |, Q waveforns from 5 the D-to-A convertors 31. The.
snoot-hed 1, Q waveforns are applied to a pair of bal anced nodul ators, 33
t oget her wi t WOS#3#IL and sine carrier frequency signal SCT/P$p743s0s .,
arrangenent bei ng known as a quadrature nodul ator. The arrangenent
‘described so far 10 and illustrated in 'Figurg ! wel | - known -
prior ‘art. In summary, the DSP 30 prjodlie HERTUHAS BBEN| and Q
wavef orns representative of ‘the desired digi tql or RBRPUAOED dul ati on

and then D-to-A convertors 31 convert the & TNU . esent ati ons
to analog I, Q nodul ating: waveforms. Filters 32 renove discontinuities
due to the inj M-S tPaeeRanpPPhicamerulife i AH/30% 302t hevhdater Leak |, Q
si lgn?i sr to p[ odesﬁtsﬁﬁatnaﬂyﬁniph&ﬁ/val\e&f OFUT.% t fzrtasceax\tm ?gm ilcatio§pe]§ltor.a|
splatte into 1/*1] n.é a‘.gi.ocann S.. e spoot he , Q wavef or ns
are applied to § ﬁgan zio ﬁﬁ? is af%o lncorpo;gged ggrelncLy ;gference.
The parent applications disclose the advantages of using
5 balanced I,Q signals representing a complex modulating
signal waveform by means of high bitrate sigma—delté

modulation streams and their complements.

Summary of the Invention

The present application discloses the use of the

10 inventive schemes for CDMA transmissions and discloses an
advantageous balanced filter that may be constructed on a
digital integrated circuit.

A signal to be transmitted is formed initially as a
pair-of complex baseband signals comprising an I-signal

15 and a Q-signal. The I and Q signals can be represented by

- high bitrate sigma—delta'modulation in which each bit is
-either a zero or a one. An I stream, a Q stream and their
complements are preferably used to form a balanced I
signal agd a balanced Q signal each on a pair of wires,

20 A CDMA signal can likewise be represented by a stream of
high bitrate I-chips and a stream of high bitrate Q-chips,
and their complements. The CDMA I and Q signals may
furthermore be sampled at a multiple of, e.g., four
times, the chiprate giving four bits per'chip of balanced

25. I and balanced Q signals. _ )

The' balanced I and Q signals are delayed in a chain
of shift register stages clocked at at least the bitrate
to produce delayed balanced I1,Q signals at réspective'q
and g outputs of each of the shift register stages.

30 A first resistor network comprising resistors of
different values representihg'transversal filter weights
is connected to the I outputs of the shift register, the
g outputs being used for a'positive weight and the ¢
outputs for a negative weight. Each shift register output

This Sheet Has Been Replaced




radi o frdquency-carriers using quadrature nodul ator 33. It is
“inportant for accurate signal generation that (1) the two bal anced
nodul ators are accurately matched, . (2) the levels of the | and Q

signals are accurately 25 <controlled relative to .each other, and (3) the

bal anced vg%Dg#g 0rs have low carrier |eakage or offset, PE:‘?ﬁ}s9+/§3803

t he out put si

respective I or Q nodulating signal is zero. Since the'l and Q
signals vary -frompositive to 30 negative, iﬁHﬁi%HEFP SIEE uired to
operate only froma single positive supply, qﬁﬂ,éﬁ? z oi nt of an
or Q wavef orm cannot be ‘defined to be ze val BELL But nmukt be
defined to be sone positive reference vol taye such as hal f the supply

a bal anced nodul at or shoul d be zero when i ts

vol tage. Then when an | Q wavef orm sw ngs

10

15

20

25

30

connects to one end of a respective weighting resistor
while the other resistor ends are summed to provide a
first filtered output. A second identical resistor
network connects to the g and g outputs not used by the
first network to provide a complementary output.
Identical first and second resistor networks are likewise
connected to the g and g outputs of the Q éhift register
to prov1de complementary filtered Q outputs. '

- The balanced I and Q filtered outputs can be further
connected to a balanced resistor- capac1tor fllter to
remove unwanted high-frequency components. The RC-
filtered balanced signals are then connected to an I,Q
modulator (quadrature 'modulator) to Imodulate ‘a radio
frequency signal such that unwanted emissions in adjacent
channels are reduced.

The inventive balanced I,Q transversal filter may be
constructed entirely on a semiconductor substrate as an
integrated circuit. The desired filtering function is
determined by resistor ratios and not absolute values
making it suitable for productlon in processes where
absolute resistor values are not able to be tightly
controlled but resistor ratios are determined by geometry
and thus are more tightly controlled.

B;iefIDescrigtion.of the Drawings

The invention will now be described with reference to.
the exemplary embodiments shown in the accompanying

drawings in which:

Figure 1 is a schematic diagram of a conventional art
I,Q modulator circuit;'

Figure 2 is a schematic diagram of an inventive I,Q
modulator circuit as disclosed herein and in parent
application Serial Number 08/305,702;

' Figure 3 is a schematic diagram of an I,Q filtering
circuit in accordance with the present invention} and
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-4- bel ow this reference voltage it will be interpreted as
"negative, and positive when it : SW ngs above.

Unfortunately, it is difficult to generate a ref erence voltage fromthe DSP
30 that is exa'ctly equal to the voltage the D-to-A convertors supply with
an i nput 5 nunerical value of zero. This problemis overcone by use of
t he bal ancedWO8735411 confijgurati on shown in Figure 2 and di BeT/HSEH38$3 U, S. «
Pat ent No. 5,530,722 which uses special D-to-A conversion
techniques to generate | and Q signals as well as . their conpl enents

| and Q In Figure 2, instead A
convertors 31 of Figure 1, the 10 numer i CI'THté §H féeﬂgﬁm from DSP
30 are transferred to a delta-sigma ([err] BERor 41l This

device is built accopgiag.tp i‘é‘og‘“sgﬁéméé)icged‘i%rg@a%-%fh'a%hI,Q filtering

circuit in accordance with the present invention as

' applied to CDMA transmission.

, Detailed bescription of

S Embodiments of the Present Invention
Figure 3 shows an inventive alternative to the
~combination of the inverters 42 and the balanced filters

44 of Figure 2 for realizing a balanced filter.
An I bitstream or a Q bitstream from delta-sigma
10 convertors 41 is applied to a filter 30 constructed
broadly according ﬁo Figure 3, i.e., there is one filter
30 for each of the I and Q bitstreams. In other words,
one of the balanced transversal filters of Figure 3 is
used for the'I-signals, and another one for the Q-signals.
15 The I or Q bitstream enters a shift register 50 which
is in the form of a chain of shift register stages (50,,
50,,... 504) each comprising a flip-flop (51,, 51,,... 51y)
having g and g complementary outputs. A resistor network
60 consisting of a group of resistors (60,, 60,... 60y} of
20 different values R,, R,, ... Ry are connected to the flip-
flop outputs using the g output to obtain a positive
weighting value or the g output, as shown at shift
register stage 50;, if a. negative weighting value is
desired.  How the weights are determined is explained
25 below. The other ends of the resistors are connected to
a summer:-70 which may be simply a summing junction 71. An
identical set of resistors 80 connects to the flip flop g-
outputs where the first network connects to the g outputs
and vice-versa, such that the waveform produced at the
30 - summer 90 or summing junction 91 of the second resistor
network 80 is complementéry to the first waveform at the
summer 70 or summlng junction 71 of the first resistor
network 60. e '
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bitrate streamof binary '1's and '0's having a short-term average val ue
proportional to the nunerical input value. Wth a nmaxi num possi bl e

nuneri cal i nput val ue the bit stream produced would be 11111...
(the voltage of a '1' 15 condition being equal to the chosen supply
vol tage) whil I ni mum numner i cal ~ input val ue w lpl-rRRe8836c t he
bit pattern dﬁb%ggfﬁT A hal f-scal e nunerical input ' W | prgﬁicp t he

bit stream 1010101010... having an average voltage equal to half

t he .supply voltage. According to an aspect of the invention-disel osed in B
. S. ~Patent No. 5,530,722, extra inver{ QHISOSHEE HASaBEENpy ovi ded at -

t he out put of each 20 del'ta-si gma convertor|41l toggpigceponal |y generate

t he conpl enentary bitstreans. That m@an =ST convertors

41 produce a bit stream 100100100100... . having a nean of 1/3 the

supply vol tage, the c@fpleeneffita™ HPllatinanthe | Fupeent GSM gtaofagdl10®l. .
hﬁvi ng a rrpanl;); ﬁ}bq&&d&etlf}weﬁ?aplqaml tiagmsiﬂ]eagli E)her eB8€Brence - fopetf\gqen
these ttwo is - = - YV Vo e the converto

produces 11101115%f%5??§ ﬁgvfn5££&%%§%ﬂ% " +3/ oftf?ﬁﬁ%ﬁﬁﬁvﬁ 96&?3 B tiffen

t he : 13MHz/48. Using 13MHz as the delta-sigma bitrate output

5 . from delta-sigma convertors 41 means that 48 delta-sigma
bit outputs will occur per transmitted bit period. ~Shift
register 50 can thus conveniently be 48 bits long and the
resistors 60,-60, ("N" in this instance being equal'to 48)
chosen to obtain a desired impulse response with a

10 duration of one bit period. This impulse response
corresponds to a frequency response bandwidth of the order
of the bitrate or a few times the bitrate. This fregquency
response represents only the filtering needed to remove
delta-sigma noise, the waveform shaping of the transmitted

15 symbol transitions being determined by the DSP 30 in
conjunction with the delta-sigma convertor 41. For
example, the delta-sigma convertor 31 can comprise a Read
Oonly Memory (ROM) containing 8 precomputed 48-bit éatterns
of I and Q waveforms cofresponding to all possible

20 patterns of three consecutive information bits.

Geﬁerally, 1,0 wéveforms can be created for digital
transmitters by means of such a ROM modulator, which
relies on being able to truncate the impulse response of
the premodulation filter to a reasonable number of bit

25 periods M, where 2™ gives a ROM of a reascnable size.
Using - the truncated impulse response, the filter can
produce; over each bit interval, one of a finite number,
2™, of possible waveforms. By storing each I,Q waveform
at an adequate number of samples per bit in a ROM, the

30 modulation and filtering is achieved simply by feeding the
data stream through an M-bit shift register (not shown)
which addresses the ROM to output waveforms for that bit
interval. Each waveform then has an impulse response
length which can be up to three information bit periods

35 long, as compared to the one bit period of the filter of
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- conmpl ementary signal 00010001 0001... will have the mean of -1/ 4 of the
supply voltage, so that the difference is 3/4- 1/4 = +1/2 of the
supply voltage. Consequently, by using the difference between the

convertor out put sL?naI and its 5 conplenent to represent an | or Q
signal, -theWeH73sdt represented can be positive or negaP¢VESEPM3wi th a

single positive voltage supply, and no reference voltage need be
generated.. The bal anced m xers 43 are therefor provided

10

Figure 3 with 48 stages. This provides advantages for the
~ following reasons. The sharpness of cut-off of a filter
response in the frequency domain increases in proportion
to the lengths of its impulse response in the time domain.
5 Thus, a long impulse response is desirable to obtain a
sharp filtering effect in the frequency domain. Desirable
impulse responses are generally several information
symbols in length, e.g., 3 symbol periods. The shafpness
of cut-off is determined by the number of symbols of each
10 waveform stored in the ROM modulator depends on, while
attenuation of components further away from the cut-off
point depends on the”filterihg applied to these delta-
sigma waveforms after they emerge from the ROM modulator.

The filter of Figure 3 may also be used for

15 generating a filtered, CDMA coded signal, as shown in
Figure 4. The DSP 30 supplies convolutionally-coded and
interleaved information bits to convertors 41, which are
now CDMA code—spreaders 95 instead of the delta~sigma
convertors. For example, if the CDMA spreading spreads

20 each coded bit from DSP 30 by a factor of 64, the output
chip rate from spreaders 95 will be 64 times the coded
information rate,'giving in the case of CDMA standard IS-
95 a chiprate of 1.2288 Megabits/sec. This chip stream
can be used as an input for the filter of Figure 3. The

25 chip stream may be further sampled at four samples per
chip to obtain a rate of 4.9152 Megabits/sec which is
clocked ' into a shift register 50 of, for example, 48
‘stages. The total impulse response length of 48 1/4-chips
or 12 chips is adequate to allow, by proper choice of

- 30 weighting resistors 60, 60N, good spectral containment of
transmissions.

More specifically, Figure 4 illustrates the
application of the present invention to a CDMA systeh in
which the DSP 30 codes analog speech into digitél form or

35  accepts digital data signals already in digital form and



w th bal anced, two-wire inputs rather than single-ended 10 I nputs, that

are responsive to the difference in the signals on the two wires and
unresponsive to the absolute or common-node vol tage (sum of the.
vol tages) on the two Wi res. High bitrate delta-sigm

nodul ation bitstreans are 15 sinply converted to the analo the-y
. represent byWo9735drni ng the noving average vol tage over ag a@é%ﬁ(ﬁguﬁber bf

bits. This may be done using a continuous-tine, |ow pass filter having
a bandwi dth which is a small fraction of the - bitrate, but stil
sufficient to pass all desired 20 nodulation conponents. For the
bal anced si gnal confirguration developed in this invention,

bal anced filters 44 are interposediibetween .the delta-sigm
convertor outputs and the |, Q bal anced nodul ators 43. | h sunmmary,

del t a- si gnma conappldes Zrmonvanreadidops cafims-i cafhesgaped szegesd andom
DSP 30 to high Jytf 3% then UdrRRTRedVi®) & b d1HAY 3RS entaVYl AHE
val ues. are represent ed bg/né{e prgig&ra&'i n gf nopes {c zaereosfui Q:hter}e
bitstream i.e. VIRFOFhEORPEPERE & 15 i §ignayph r r
- spread-spectrum coded by the code spreading unit 95 to
5 obtain high bitrate I and Q chipstreanms. The I,0Q
chipstreans are clocked through shift register stages 50a,
S0b at a mnultiple of (for example, four time;) the
chiprate and the inverted g or non-inverted g outputs of
the shift registers are applied to resistor networks 60a,
10 60b with the inverse being applied' to other resistor
networks 80a, 80b. As a result, the first resistor
networks 60a, 80a generate antiphase I-signals formwming a
balanced signal input to a first balanced RC filter 32a
and second resistor networks 60b, 80b form balanced Q-
15 signal outputs to a second balanced RC filter 32b.
Filters 32a, 32b have only to remove unwanted spectral
components-above the sampling frequency (of four times the
chiprate) and can be integrated RC filters, the main
filter frequency response in the vicinity of the chiprate
20 having been accurately determined by the resistor ratios
within &eighting networks 60a, 60b, 80a, B80b. The
filtered, balanced I,Q drive signals from filters 32a, 32b
are then applied to the balanced inputs of quadrature
modulator 43. o ' _
25 Thus, it has been shown above how the inventive
balanced quadrature_mbdulator may be used advantageously
to generate CDMA signals for transmission that have been
accurately filtered by balanced transversal filters using
resistive weights. It is well known in the prior art that
30 the weighting values of a transversal filter should follow
the coefficients of an inverse Fourier Transform of the
desired fregquency response. _Accordingly, the resistor
values 60,, 60,...60, should be inversely proportional to
ﬁhe-Fourier transform of the desired frequency response.
.35 This is also equivalent to choosing the weighting resistor



inverters 42 form conpl ementary bitstreans such that .the 30 difference in
mar.k space ratio forns a bal anced signal . that can nore easily represent
both positive and negative = instantaneous waveform val ues. The
high bitrate fluctuations are renoved by balanced filters 44 to obtain
conti nuous,. snoot hed |, Q waveforns which are applled to 35 balanced inputs
of quadraturworywwlator 43, as disclosed PCT/US97/03803 x
_6- .
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values to be inversely'propbrtional to samples on the
desired filter impulse response. Since the network is of
finite length, knowledge available within the prior art
may be consulted as to how best to truncate the infinite

5 impulse response of an ideal band limiting filter to
obtain modified weighting values that compensate for the
truncation while continuing to provide increasing
attenuation of out-of-band, unwanted spectral components
of the I,Q modulatlng waveforms. )

10 The invention of Figures 3 and- 4 is amenable to
integration in the form of a semiconductor (e.g., silicon)
chip. Semiconductor chip processes have various means for '
forming resistors. The absolute values of such resistors
are hard to control accurately, but an advantage of the

15 invention is that only the ratios of the resistors are of
prime importance, and the absolute values are of secondary
importance, affecting only the power consumption of the
circuit rather than_the filter freguency response. To
minimize power consumption, the resistors should be.of

20 high'value; high value resistors may be fabricated in a
CMOS procéss for example as long, N-type FETs that are
biassed to the ON condition by connecting their gates to
the positive supply. The resistor values are proportional
then to the total gate length.

25 Other process steps such as polysilicon or diffusioh
steps may be used to fabricate transversal filter
weighting resistors, and other modulations than those
described may be reduced to the formation of suitable I,Q
signals and filtered and guadrature mbdulated according to

30 the invention. All such variations and applications are
considered to fall within the spirit and scope of the
invention as described by the following. clalms.

This Sheet Has Been.- Re;i




in U S Patent No. 5,530,722. This patent discloses the advantages of using
bal anced |, Q signals representing a conplex nodul ating signal waveform by '

nmeans of high bitrate signma-delta nodul ation streans and their

- conpl enent s. Figure 1 of WD 93/14588 shows a conventi onal
D-to- A conveylsifrsaif anti = 5 aliasing filters. It does potuwshrnssodse
t hat a—quadT-at—Ufe—nﬁdw—a{—er can be driven with . baranced signals. *
Jurg Hi "CDVA Mbbile Station Modem ASIC, " 81071 EEE
J. of S ” E" s 28 (March 1993), ‘No. 3 shows
aDto te_dtoatransm'tter f [ rper SHEET HASi BNt hat the
transmt fil ter has a nunerical out put at her gphl_ﬂOEﬂm anal yze
wavef orm See second colum 10 on page 1356. | Akira—Yastda et al ., "A
Smal | - Si ze Adder-Free Tr/4-Shift QPSK Signal Generater," [ EEE 1995
Custom I ntegrate I'Itui ts Conference, January 1995, pages 315-318,

di scl oses a QPSK si grial génquadsatusengodubatdn|taro-ipprasséhg a desired

converter using ﬁo‘{ﬁgglgnerorn] angggllgt L98nhEChey didg:educe die size by
avoi di ng the use %I tal, addérs. @
Summary of the Invention lglt 1 signa ?ﬁ@cﬁ?ﬁﬁ’éﬂtm%\?}b‘?|E%\Y|%?F‘H’r%%|%es

the use of the inveiyriale aschen@ssignal represeZikitveapEnasdesbsedndadio
di SC_' oses an advéﬁr?agle%%uti%lﬁgﬁ?dséiétlerantihéts{@r\/aﬂe each assuming only
a single signal value or its complementary value at
successive intervals of a sampling clock;
first (I) and second (Q) shift register means
10 for clocking said I and Q signals respectively into a
chain of register stages using said sampling clock and
producing from each stage a delayed I or Q output and its
logical inverse complementary output;
_  first weighting'means connected to selected I-
15 outputs or their complementary outputs of said first (I)'
shift register and a second, identical weighting means
connected to the opposite outputs not selected by said
first weighting means, said first and second weighting
means producing first. and second weighted output signals;
20 third weighting means connected to selected Q-
outputs ‘or ﬁheir-complementary outputs of said first (Q)
shift register and a fourth, identical weighting means
connected to the opposite outputs not_éelected by said
third weighting means, said third and fourth weighting
25 means producing third and fourth weighted output signals;
and '
quadfature modulating means having inputs. for
receiving said first through fourth weighted output
~ signals for impressing said desired modulation on a radio
30 freguency carrier signal.

2. A quadrature modulator according to claim 1,

further comprising:
This Sheet Has Been R

i



constrIﬁt on a digital integrated circuit. . A signal to be

trans ll UMIIHIH I nitiaIIy as a pair of conplex baseband 20 signal s
conpri 1 and a Qsignal. The I and Q signals can be

repr esent ed by FII gh bitrate signa-delta nodulation in which each bit is

either a zero or a one. An | stream a Q stream and_their

conpl enent s W ¥A54f er abl y used to forma bal anced FEIU§HAP NG a .
bal anced si gnal each on a pair of wires. A CDMA signal can

| i kewi Jais e? by a stream of high bitratel-chips and a 25
stream o0 m‘i‘ Q chi ps,. and their conpl erﬁ'a‘ﬂSsSHEEFEEHWEN and Q
signal s be sanpled at a nultlple ., REPLACHEpour tijmes, the
chi prate gi vi ng four bits per . chlplof bal ed Q

si gnal s. -

first smoothlng means for smecothing said flrst
and second weighted output  signals to produce a first
.smoothed, balanced signal output; and
second smoothing means for smoothing said third
S and fourth weighted- output signals to produce a second
smoothed, balanced signal output, wherein said quadrature
modulatiﬁg means has first and second balanced ihputs
connected respectively to said first and second balanced
signal outputs for impressing said desired modulation on
10 a radio frequency carrier signal. '

3. A code division multiple access spread-spectrum
signal transmitter comprising:

digital signal processing means for coding a

speech or data signal for transmission into a digital

15 signal;

| spread-spectrum_coding means for converting said
digital signhal to an_'If.chipstream and a ‘Q’ chipstream
‘at a given chiprate, said chipstreanms comprieing sequences
of 51gna1 values or their complements;

20 first (I) and second (Q) shift reglster means
for clocking said I and Q chlpstreams respectively into a -
chaih of register stages using a sampling clock equal to
said chiprate or a multiple thereof and pfodUcing from
each stage a delayed I or Q'output and its logical inverse

25 complementary output;

first weighting means connected to selected I-
outputs or their complementary outputs of said first (I)
shift register and a second, identical weighting means
connected to the 6pposite outputs not selected by said

30 first weighting means, said first and second weighting
means producing first and second weighted output signals;

third weighting means connected to selected Q-
outputs or theirteomplementary outputs of said first (Q)
shift register and a fourth, identical weighting means



6A
shift register

del ayed bal anced |1 Q signhals at respective . 'q and g out puts of each of

The bal anced |. and Q signals are delayed in a chain of

st ages cl ocked at at least the bitrate to produce

the shift register stages. : A first resistor network-

conpri si ng r%@b?éﬁéﬁ of different values 5 representlngrk5ﬁggﬂﬁ

filter_weight

nnected to the | outputs of the shift reglster

the g outputs being used for a positive weight and the gq outputs for a

negat i Vﬂ!mm'ﬂ"!’fm””ml ft -r egi.ster out put VH‘S SHEET HAS BEE‘\L\
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connected to';he opposite outputs not selected by'said
third weighting means, said third and fourth weighting
means producing third and fourth weighted output signals;
and

. quadrature modulating means having inputs for
receiving said first through fourth weighted output
signals for impressing said code division multiple access
spread spectrum modulation on a radio frequency signal.

4. A code division multiple access spread spectrum
signal transmitter -acéording to claim 3, further
comprising:

first smoothlng means for smoothing said first
and second welghted output_51gnals to produce a first
smoothed, balanced signal output;

second smoothing means for smoothing said third
and fourth weighted _
output signals to produce a second smoothed, balanced
signal output, wherein said guadrature modulating means
having first and second balanced inputs connected
respectively to said first and second balanced signél
outputs for impressing said code division multiple access
spread spectruﬁ modulation on a radio frequency signal.

5. A method of guadrature modulation for impressing
a desired modulation on a radio signal, comprising the
steps of: ' '
forming an I-signal and a Q-signal
represéntative of a desired radio signal modulation, said
I and Q signals each assuming only a single signal value
or its complementary value at successive intervals of a
sampling clock; - ' _
| clocking said I and Q signals respectively into
'‘a chain of register stages using said sampling clock and

This Sheet Has Been Replaced
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7
t he ot her

output. A second identical resistor network
g outputs not used by the first network to provide a

connects to one end of a respective weighting resistor while
resi stor énds are summed to provide a first filtered
connects to the q and
conpl enent ary

output. ldentical first and second resistor networks are |ikew se 5
connected t oMA¥A§*nd g outputs of the Q shift register toPEFESIHES03

conpl ement ary

and Q1 !ﬂﬂﬂﬂﬂ"'ﬂ"m T o° b invant o bt Jrere MEhmng%Qngﬁ? s.

The RC-fi'l t érel b%l ahced signal s are then conneg
(quadrature nodulator) to nodulate a radi olfrequ

unwant ed

The inventive b&TRNRE4NE, EFrPRapRTRrSHAIY i3 tdalayef Be°§oﬁs?¢ﬁb@%dae®tltely
a seMioydrdlciakreBs8SEoMb Beéntdry hugat;ed circuit.

wel??ggﬂggr%%'{r]qe%blya’;e r oduch’ oﬁt p’?%% eg%%%c%er e

on

filtering function is

filtered Q outputs. - The bal anced

ted tRe@ACEPQ modyl at or
hat

em ssions in adjacent. channel s are reduced.

absol ute values naking it sSu
“absol ut e resi st dgnvexsgesonpéensntanpy covtpile t¢gmm¢quce flrstcanﬂrsﬁ¢anﬁtnn

resi stor rats osyaighéehebitpet Hygeepyetry and thus are nore tightly

control | ed.
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weighting said delayed Q output and ‘its logical
inverse complementary output to produce thlrd and fourth
weighted output signals; and

- impressing said desired modulation on a radio

frequency carrier signal in a gquadrature modulating means

in response to said first through fourth weighted output

signals.

6. A method of guadrature modulation according to
claim 5, further comprising the steps of :
smoothing said first and second weighted output
signals to produce a first smoothed, balanced signal
output; and |
smoothing said third and fourth weighteaq outéut

signals to pfoduce a second  smoothed, balanced signal
J . R
_ output, wherein said guadrature modulating means has first

and second balanced inputs connected respectively to said
first and second balanced signal outputs for impressing:
said desired modulation on a radio frequency carrier

signal.

7. A method of code division multiple access
spread-spectrum eignal transmission, comprising the steps
of: |

_ coding a speech or data signal for transmission
into a digital signal;
converting said digital s1gnal to an ‘I’
chlpstream and a ‘Q’ chipstream at a given chlprate, said
chipstreams comprising sequences of 51gnal values or their

-complements,

ThlS Sheet Has Been Reilace
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Brief Descriptio
described with r

di agram of a con
2 is a schematic

di scl osed he\"&’ﬁ’s

n of the Draw ngs . : The invention will now be
eference to the exenplary 20 enbodi nents shown in the

acconpanyi ng drawi ngs in mhlch : ' Figure 1 is a schematic
ventional art |,Q nodulator circuit; ' Fi gure

% ggram of an i nventive |, Q nodul ator Ci I GprgrusH9/03803
A in Us Patent No. 5,530,722 Fi gur

is aschematic diagramof an |, Qfiltering circuit in accordance 25
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clocking said I and Q chipstreams respectively

into a chain of register stages using a sampling clock
equal to said chiprate or a multiple thereof and producing
from each stage a delayed I or Q output and its logical
inverse complementary output; o '
weighting said delayed I output and its logical
inverse complementary output to pfoduce first and second
weighted output signals; '

weighting said delayed Q output and its logical'

inverse complementary output to prodﬁce third and fourth
weighted output signals; and '

impressing said code division multiple access
spread spectrum modulation on a radio freguency signal in
a guadrature modulating means. '

8. A method of code .division multiple access

spread-spectrum signal transmission according to claim 7,
further comprising the steps of:

smoothing said first .and second weighted output
signals to produce a first smoothed, balanced signal
output; ! . |
- smoothing said third and fourth weighted output
signals to produce a second smoothed, balanced signal
output, wherein said quadrature modulating means having
first and second balanced inputs connected respectively to
said first and second balanced signal outputs for
impressing said code division multiple access spread

spectrum modulation on a radio frequency signal.

This Sheet Has Been Reﬁ
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with the present invention as appli ed-t_o CDVA transmi ssi on.

Det ai | ed Description of ; _ Enbodi ments of the
Present | nvention 5 o Figure 3 shows an inventive alternative
to the conbination of the inverters - 42 and the bal anced filters 44

of Figure 2 f, 814 Z2in g a balanced filter. :
Yogrps convertors ‘41 irgﬁfégﬁsg(g

L

bitstreamor a Q bitstrearn from delta-fj'ga
to a filter 44 of Figure 2 constructed1 réadly according to Figure 3, i.e.,
thereis -~ - one filter 44 for each of the | and Q bitstreans. |n other
words, one of the 10 bal anced transversal filters of Figure 3 is used
for the I-signals, and anot her one . for the Q sianals.
The | or Qbitstreamenters a shift register 50 which is in the formof a
chain of shift register stages (50[err], 50[err], ...50[err]) each -
conprising a flip-flop (5[err], :
\. L. o
‘g o
>~J
=
S ™ >
S

PRIOR ART

FIG. [/

cos(wt)
sintwt)




51[err],... 51ferr]) having g and g conpl enentary outputs. A resistor

net wor k., 60 15 consisting of a group of resistors (60[err], 60[err]
60[err]) of different values Rerr], Rerr],...Rerr] are connect ed
to the flip-flop outputs using the q output to obtain a positive :
wei ghti ng val ue or%he g output as shown at shift register st'a,ggg%ggﬂh '_i.f

negati ve \wqgwa ﬁghting value is desired. How t he vveighfgT
determ ned i s expl ai ned bel ow. difedot her ends of the resistors are
connected to a sumrer 70 which may be sinply 20 a summng junction 71.

An identical set of resistors 8Q conne lip flop Q-

out puts where the first network connecfs to the g] outputs and vice-versa,
such t hat t he wavef orm produce r 90 or summi ng
junction 91 of the second resi B0 is conplementary to
the'first waveformat the summer 70 or ing junction 71 of the
first resistor network 60.

LY

z
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9 ‘In a systemfollow ng the current GSM standard, a 13MHz
ref.erence cl ock ' Is used as the reference for all bitrates and
frequencies. The transmitted bitrate is’ 13WVHz/ 48. Using 13MHz as
the delta-sigma bitrate output from delta-signa convertors 41
means that 48 delta-sigma bit outputs will occur per transmtted bit 5 .
period. ShifWoeeisdrier 50 can thus conveniently be 48 bits POMySewodswhe *
resistors 60[err]-60[err] ("N'3/£4his instance being equal to 48)
chosen to obtain a desired inpul se ‘response with a duration of one
bit period. This inmpul se response @argesponds to a frequency
response bandwi dth of the order of § bitrate or a fewtines the

bitrate. This frequency response r&resents only the filtering needed to

remave 10 del t a- si gma noi se, the,"Mavef orm shapi ng of the transnitted
synbol transitio bei ng determ ned bgthe DSP 30 i#& conjunction
with the delta-sigm convertor 41. For&_ exanpl e, thetdel ta-sigm
convertor 41 can nprise a Read Tn MENOT Y~ ;"’ “ITROM™ CTonta@ining 8
preconput ed 48-biLpatternsl of I} ”Tgra correspor]di ng to
all possible patq@:’ns of three—cjons tive Jinfopati bn bits. 15 -
General Iy, I,Q wavefornms cgn & lcr gt or di—gig?al fransmtters Hy neans
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of such a ROM nodul ator, which relies on being able to truncate the inpul se -
response of the prenodulation filter to a reasonable nunber of bit periods
M where 2[err] gives a ROM of a reasonabl e size. Using'the
truncated inpul se - ‘response, -the filter can produce, over each bit
interval, on | nite nunber, 2[err], 20 of possible . By
storing e-achevlv,egn\sl’svgs/ieform at an adequata[uwber of 5?@’\5’?%’2{’%% bite
in a ROM the nodul ati'on and filtering i's achi eved sinply by

feeding the data stream through an Mbit shifg&register (not shown) which
addresses the ROMto output waveforns for thpfu&i i nterval. Each waveform
t hen has an .i npul se response gength can be up to three

i nformation bit periods 25 | ong, as-g 0 the one bit period of

the filter of
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10 Figure 3 with 48 stages. This provides advantages-#or the . - Hal-
follow ng reasons. The sharpness of cut-off of a filter- \FESPeNse iR’ Taa’
the frequency domain increases in proportion to the lengths of its
i npul se response in the tine domain. 5 Thus, a long inpul se response is
. desirable to obtain a sharp filtering effect in the frequency domain. .
Desirabl e i mpul se responses are generally several information -
synbols in length, e.g., 3 synbol periods- The sharpness of cut-off is
determined by the nunber of synbols of each 10 waveformstored in the ROM
nodul at or depends on, while attenuation of conponents further away

; é?[nat he cut - of helow th1§3ﬂz‘fé}En&e\Rﬂﬂd§ 1t%11tﬂé(’1nfek§r%&ﬁ'd§91e§ﬁﬂﬂel el b&xﬁm@ﬁen it
swings above.

o Unfortunately, it is-difficult to generate é reference voltage from the DSP
30 that is exactly eQual to the voltage the D-to-A convertors supply with an input
5  numerical value of zero. This problem is overcome by use of the balanced
configuration shown in Figure 2 and disclosed in U.S. Patent No. 5,530,722 which
uses special D-to-A conversion techniques to generate I and Q signals as well as
their complements T and Q. | |
In Figure 2, instead of using the D-to-A convertors 31 of Figufe 1, the

10 numerical I and Q signals from DSP 30 are transferred to a delta-sigma (A-Z)
convertor 41. This device is built according to known art to generate a; high
bitrate stream of binary -' 1's and '0O's having a short-term average value
proportional to the numerical input value. 'With 2 maximum possible numerical
input value the bit stream produced would be 11111... (the voltage ofa '1’

15 . condition being equal to the chosen supply voltage) while the minimum numerical
input value will generate the iﬁfit patt'ern'OOOOO. ... A half-scale pumerical input
will producg the bit streéin 10101_01010..; having an average voltage equal to palf

- the supply voltage. According to an Iaspect of the invention disclosed in U.S.
Patent No. 5,530,722, extra invertor gates 42 are prow)ided at the ouf._put of each
20 delta-sigma convertor 41 to additidnally generate the complementary bitstreams.
That means when delta-sigma convértors-41 produce a bit stream 100100100100...
having a mean of 1/3 the supply voltage, the complementary bit stream will be
011011011011... having a mean of 2/3rds the supply voltage. The difference
between these two is 1/3-2/3 = -1/3 of the supply voltage. If the convertor |
25 produces 111011101110... having a mean of +3/4 of the suppiy voltage then the .

M h\:\\\}g) S“EE‘



’

si gna vvaveforms after they energe from t-he ROM nodul at or’. L0 The--
filter of Figure 3 may al so be used for 15 generating a fllterlad ,CDMA,
coded signal,
convol utional | y-coded and
41, which are

convertors.
from DSP 30

will be 64 tines the coded
CDMVA standard | S-

stream
chip stream

as shown in’ Figure 4. The DSP 30. suppl’ies®,.” ..’

by a factor of 64, the output

can be used as an input for the filter of Figure 3. The 25

interleaved information bits to convertors
now CDVA code-spreaders 95 instead of the delta-sigm
For exanple, if the CDVA spreadi ng spreads 20 each coded bit ,
chip rate from spreaders 95
I nf or matigon rate, giving in the case of
95 a chiprate of 1.2288 Megabits/sec. This chip

hte o 505 MR RAENO ARG Th VoreBRRLER L soaped Plf ) °4 °

of, for exanpl ebaléﬁcedl Q $igdaR Tepreseiting® adondpleX s Qul RSP BSA “l'aﬁeﬂirﬁw

1/4 chi ps

or 12 chi ps 1s adequate to allow, by proper choice of 30

wei ghti hg resi sobhighddfrae signeodeiarhoduipiion stisawms aad thedmeampiements.of

transm ssi ons.
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‘balanced signals. Jurg Hinderling et al., “CDMA Mobile Station Modem ASIC,”

‘8107IEEE J. of Solid-State Circuits 28 (March 1993}, No. 3, pages 253-260 shows

a D-to-A converter connected to a transmitter filter indicating that the transmit

filter has a numerical output rather than an analyze waveform. See second column

on page 256. Akira Yasuda et al., “A Small-Size Adder-Free Tr/4-Shift QPSK -

Signal Geperater,” IEEE 1995 Custom Integrated Circuits Conference, January

1995, pages 315-318, discloses a QPSK signal generator using a serial-to-parallel

converter using a A-) modulation technique to reduce die size by avoiding the use

of digital adders.

Su of the Invention
The present application discloses the use of the inventive schemes for )
CDMA transmissions and discloses an adva_ntageous balanced filter that may be

- constructed on a digital integrated circuit.

- A signal to be transmitted is formed initially as a pair of complex baseband

signals comprising an I-signal and a Q-signal. The I and Q signals can be
" represented by high bitrate sigma-delta modulation in which each bit is either a

zero or' a one. AnI stream, a Q stream and their complements are preferably used

"to form a balanced I signal and a balanced Q signal each on a pair of wires. A

CDMA signal can likewise be represented by a stream of high bitrate I-chips and a

stream of high bitrate Q-chips, and their'complements. The CDMA I and Q

signals may furthermore be sampled at a multiple of, e.g., four times, the chiprate

giving four bits per chip of balanced I and balanced Q signals.
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Flgun'ev? ‘o WB%%H&S@ al’xoxxs a conve%llonal D-to-'AI clzolﬁ%rrtgt and ant1t he

aliasing filters. It does not disclose that a quadrature modulator can be driven with
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application of the present invention to a CDVA systemin’ whi,ch the DSP

30 codes anal og speech into digital formor 35 accepts.digital. ‘data , °..> _
sSi gnal s already in digital formand © WD 97/ 35411 PCT/, UsS97/, ®3803 * ,=
11 _ : :

6A

The balanced I énd Q signals are delayed in a chain of shift register stages
clocked at at least the bitrate to produce delayed balanced I Q 51gnals at respective
q and q outputs of each of the shift register stages.
A first resistor network co_mpnsmg resistors of different values
5 representing transversal filter weights is connected to the I outputs of the shift
register, the q outputs beii_lg used for a positive weight and the q outputs for a

negative weight. Each shift register output



'
applies error correction coding. The coded speech and - .data are then_ -
converted to |I,Q signals representing the .vector canponénts of g - .2 .
hodul at ed signal which are further spr ead- spect rum.coded. by the cogdg >, -
spreading unit 95 to 5 obtain high bitrate | and Q chipstreans.

The 1,Q chi pstreans are cl ocked through shift register stages 50a,
50b at a nultiple of (for exanple, four tinmes) the chiprate and .
the inverted q or non-inverted g outputs of the shift registers are
applied to resistor networks 60a, 10 60p with the inverse being applied to
ot her resistor networks 80a, 80b. As a result, the first resistor

networks 60a, 8QmnE@Yes BheeNbf P ube wetgmhg ré96i68 i@ the othe J%é@t@?eﬁds

signal input to a first bal anced | ter second resi stor
net wor ks 60b, 8drb shmmedizalpaonidela @rst]ﬂltere;i @.nprlt lbtsccmmﬂsdemmal msisoe aemdrk

bal d RC filt - Filt h ly t
uﬁwggt: gﬂ spect r‘lélnngéts to él?rﬂ:)%ﬂ‘lje‘hP‘é‘lpﬁtﬁg\r?guﬁeég’ysgﬁgir?t%&&gdﬂ é’l‘i‘g‘yr‘{e g?v]e our
t t

imes the Eﬁhﬂlﬁptﬁﬁgdé’rlﬁgwﬁgaﬁ ?ééﬁ {elétorerge%woﬁ@%rérﬁfce%rse

filter frequency respons
5 connected to the q and q outputs of the Q shift register to provide complementary '

ﬁltered Q outputs
The balanced I and Q filtered outputs can be further connected toa
balanced resistor-capacitor filter to remove unwanted hroh-frequency components
. The RC-filtered balanced signals are then connected to an I,Q modulator
10 (quadrature modulator) to modulate a radio frequency signal such that unwanted
emissions in ad]acent channels are reduced
The inventive balanced 1,Q transversal filter may be constructed entirely on
a semiconductor substrate as an integrated circuit. The desired filtering function is
determined by resistor ratios and not absolute values making it suitable for
15 production in processes where absolute resistor values are not able 1o be tightly
controlled but resistor ratios are determined by geometry and thus are more tightly

controlled.

- Brief .Descriptign of the Drawings

- The invention will now be described with reference to the exemplary
20 embodiments shown in the accompanying drawinge in which: " '
| Figure 1 is a schematic diagram of a conventional art I,Q modulator circuit;
' Figure 2 is a 'schematic diagram of an inventive I,Q modulator circuit as
disclosed herein and in U.S. Patent No. 5,530,722;
| Figure 3isa '5chem_atic diagram of an I,Q ﬁlterlng circuit in accordance

25 with the present invention; and
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20 having been accurately determ ned by the resistor ratios™. "~ withjim,.>”.
wei ghting networks 60a, 60b, 80a, 80b. . The . .. fidtieréd, "bal anged ",
1,Qdrive signals fromfilters 32a, 32b “are then applied.fo-.the ,.*’,.”
bal anced i nputs of quadrature nodul at or 43. 25 Thus, it has

been shown above how the inventive . bal anced quadrature nodul at or may

be used advant ageously to generate CDMA signal.s for--transm ssion thats.
have been accurately filtered by bal anced transversal filters using
resistive weights. It is well known inghe prior art that 30 the

vv]el ghting val ules of a transversal filter should follow the coefficients

of an inverse Fouri f RN K

Accordi ngly, the regflsga-lr(—:ai{IE a0§c'f9: %tei&g aenr?idﬁﬂ }el;r]{ 60%??]@&2%3% be

i nversely propagith eeajresent 1nvenmdreasFapphedato CDMAftmnamcsfsmnhe desired

frequency response. 35 This is also equivalent to choosing the wei ghti ng
resi stor

Detailed Description of

diments- f the Present Invention

5 | Frgure 3 shows an inventive alternative to the combination of the inverters
42 and the balanced filters 44 of Figure 2 for reahzmg a balanced filter.
An I bitstream or a Q bitstream from delta-s sigma convertors 41 i$ applied
to a filter 44 of Figure 2 constructed broadly according to Figﬁre 3, i.e., there is ~
. one filter 44 for each of the I and Q bitstreams. In other words, one of the
10 balanced transversal filters of Figure 3 is used for the I-signals, and another one
for the Q-signals. _ |
TheIor Q brtstream enters a shift register 50 which is in the form of a
chain of shift register stages (501, 50,,... 50y) each cornprrsmg a flip-flop (51,
51,,... 51y) having q and q complementary outputs. A resistor network 60
15 = consisting of a group of resistors (60,, 603... 60,,) of different values R;, Rs,... Ry
are eonnected to the flip-flop outputs using the q output to obtain a positive |
weighting value or the q output, as shown at shift register stage 50;, if a negative
weighting value is desired. How the weights are determined is explained below.
The other ends of the resistors are connected to a summer 70 which may be simply
20 a summing junction 71. An identical set of resistors 80 connects to the flip ﬂop q-
outputs where the first network connects to the g outputs and vice-versa, such that
the waveform produced at the summer 90 or summing junction 91 of the second
resistor network 80 is complementary to the first waveform at the summer 70 or

summirig junction 71 of the first resistor network 60.

~ e T
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12 values to be inversely proportional to.sanptes on-the desir s X

filter inpul se response. Since the network is: of f|n|’te~len‘gth: s Tas
Know edge available within the - prior art may be, consuLted as to.flb N
best to truncate the infinite inpul se response : of an ideal band o

limting filter to obtain nodified weighting values that conpensate 5
for the truncation while continuing to provide increasing attenuation of

out - of - band, unwanted spectral. conponents of the I, Q nodul ating
‘wavef orns. The invention of Figures 3 and 4 is anenable to
Integration in the formof a - sem conductor (e.g., silicon) chip.

Sem conductor chip pIrP&?flsifrxa g&sli’é(fmg e Qiffent GSM standBaNE 1§19{H£c z%gé%ﬂc% clo

resistors. The absol ute uch resistors are hard Ot ol
accurately, butisageddy detrafieeret fomall bivamstandfreqaendiest The tyardshextédbitrae i9f

t he resistors are of prinme inportance, and the absolute values are
of secondary 13MHz/48. Usmg 13MHz as the delt;a-51gma bitrate output from delta-sigma
‘ convertors 41 means that 48 delta-51gma bit outputs will occur per transmitted bit
5 permd Shift register 50 can thus conveniently be 48 bits long and the resistors
60,-60,5 ("N" in this instance being equal to 48) chosen to obtain a desired unpulse
response with a duration of one bit period. This impulse response corresponds to
a frequency response bandwidth of the order of the bitrate or a few times the
bitrate. This frequency response represents only the filtering needed to remove

10 delta-sigma noise, the waveform shaping of the transmitted Symbol transitions
being determined by the DSP 30 in conjﬁnction with the delta-sigma convertor 41. |
For example, the delta-sigma convertor 41 can comprise a Read Only Memory |
(ROM) containing 8 precomputed 48-bit pattéms of I and Q waveforms
corresponding to all possible patterns of three consecutive information bits.

15 - Generally, I,Q waveforms can be created for digital transmitters by means
of such a ROM modulator, which relies on being able to truncate the impulse
response of the premodulation filter to a reasonable number of bit periods M, -
where 2M gi(/es a ROM ofé reasonable size. Using the truncated impulse
response, the filter can produce, over each bit interval, one of a finite number, 2M,

20 of possible wa\)eforins. By storing each I,Q waveform at an adequate number of
samples per bit in a ROM, the modulation and filtering is achieved sixnply by |
feedmg the data stream through an M-bit shift register (not shown) which
addresses the ROM to output waveforms for that bit interval. Each waveform then

has an impulse response length which can be up to three information bit periods

25 long, as compéred to the one bit period of the filter of
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i mpor t-ance, af fecti ng only the power consunption of the circuit. ratiher thamr-.

~the filter frequency response. To ninimze power..consunptiqn, the -
resistors should be of high value; high value resistdbrs nay be ,,* . °
fabricated in a CMOS process for 15 exanpl e as long, N-type FETs that
are biassed to the ON condition by .connecting _ their gates to the
positive supply. The resistor values are proportional then to the *
total gate |ength. : QO her process steps such as polysilicon
or diffusion steps nmay be used to 1of abricate transversal filter
wei ghting resistors, and ot h'er rmdul ations than those 20 descri bed may
" be reduced to th for t|on | t ' k.1 e nd
quadr at ur e m)quajl“%s 0 &:‘8‘(?{? 61’{ O{ﬁ%afm%ag% i %sﬂ&f‘{h% R8ied fitds ﬁn%qls%
13 - ' response. Since the network is of finite length knowledge available withia the

prior art may be consulted as to how best to truncate the infinite impulse response
of an ideal band limiting ﬁlt'er to obtain modified weighting values that compensate

5 for the truncation while continuing to provide increasing attenuation of out-of-
ban;i, unwanted spectral comﬁonents of the I,Q modulating waveforms.

" The invention of Figures 3 and 4 is amenable to integration in the form of a
semiconductor (e.g., silicon) chip. .Semiconductor chip processes have various
means for forming resistors.” The absolute values of such resistors are hard to

10 control accurately, but an advantage of the invention is that only the ratios of the
resistors are of prime importance, and the absolute values are of secondary |
importance, affecting only the power consumption of the circuit rather than the
filter frequency response. To minimize power consumption, the resistdrs should

- be of high value; high value resistors may be fabricated in a CMOS process for
15 example as long, N-type FETs that are biassed to the ON condition by connecting
their gates to the positive supply. The resistor values are proportional then to the
total gate length. | | |
Other process steps such as polysilicon or diffusion steps may be used to
fabricate transversal filter weighting resistors., and other modulations than those
20 described may be reduced to the formation of suitable I,Q signals and filtered and

quadrature modulated according to the invention.
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CLAI MS: ' | .
nodul ation on a radi o signal,

|rrpre55| ng.a  desired n_ .
~conpri'sing: digital. S|gmal process, ng --
means for formng an |-si gnal and-a Qsignal representative of,a-desi red * -
radi o said | and Q signals each assuning only a single

Si gnamlmml"mﬂilmﬂmnrrpl enentary val ue at successive intervals of a _
sanplinfg Eloek;® 5 * first (1) and second (Q shift register neans for
clocking said I and Q signals respectively into a chain of register stages

A quadr at ure nodul at or for

usi ng said sanpling clock and producing f¥o 0 tet-gyed | or Q
output and its logical inverse conplenentary] o ﬂﬂg éﬁ ﬁASﬂ Bﬁ”i rst weighting
nmeans connect ede Fi‘%fl ffd.ected |-outputs or th Pbﬁrﬁf@t ary qutputs of
said first (1) s t register and a second, i dent i cal wel ghtThg neans

connected to the opposit erqﬁaﬂtﬁtﬁeﬁﬁﬁdumbxefbtémptEﬁsmghdieﬁireEcBmomhgdiﬁ by
means, said first_and second weig htlng means pr.oducing first and second

wei ght ed out put radiqsignal; said quadramipg madwiaios FGIvdng €l %Mé’é@@éﬁ@bm@msect ed

S ourh, 0P SR EERRk ARt MR B BB P

iy ot 3 et

el LT

-not sel ected bys@ﬁgl%édwa&fén\,ﬂ@axgmtah@@ SIBRS$ each s ShrhiR bﬁlﬁ@@hn&l&%’iéd&l value or
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its cbfnplementary value at successi_ve intervals of a sampling clock, characterized
in that it further 'compris.es: |

first (I) and second (Qj shift register means (50a,50b) for ¢locking |
said I and Q signals respectively into a chain of register stages using said sampling
clock and producing from each stage a delayed I or Q output and its logical inverse
complementary output; |

first weighting means (60a) connected to selected I-outputs or their

- complementary outputs of said first (I) shift register and a second, identical

weighting means (80a) connected to the opposite outputs not selected by said first
weighting means, said first and second weighting means producing first and second
weighted output signals; | )

third weighting méans (60b) connected to-selected Q-outputs or their
complementary outputs of said first (Q) shift register and a fourth, identical |

weighting means (80b) connected to the oppOSite outputs not selected by said third

: we1ghtmg means, said third and fourth weighting means producing third and fourth

wezghted output signals; and

quadramre modulating means (43) having inputs for receiving said

ﬁrst through fourth wexghted output sxgnals for impressing said desired modulation

on a radio frequency carrier signal.

2. A quadrature modulator 'according to claim 1, further comprising:

This Sheet Has Been R

VT

AMENDED SHEET

5 -

LR J

-



)
wei ghti ng neans produci ng third and fourth wei ghted output signals;:and .. ..
quadr at ure nodul ati ng means having inputs for receiving said first through

fourt h_wei ght ed out put si qnal s for inpressing said desired rmrdul*at I on on & ,

>

radi o frequency carrier signal. 2. A quadr at ure nodul at or
accord| mﬂmmnm‘] muﬂu t her corrprl si ng: first snoothing nmeans for
snoot hi ;gi | second wei ghted output signals to produce a first ;
snoot hed,” bdl ahcel sigrfal output; and TEISC SREETS| §I@E Ogﬁggsaf grecond

snoot hing said third and fourth wei ght edjgu put SPQ;%E
snoot hed, bal anced si gnal output, wherein shd_ql nodul ati ng neans

has first and second bal aq&g@m&%ﬁénﬁmggmrgﬁﬁg (Fééﬁd ﬁrsttgnc?gé&%rl&' rst

and second bal anced signal outputs | mpr essi ng sail esire ation
on ar ad| o fr equ,etgmecba[tpmt@igmﬂmqimduce a first smoothed, balanced signal outpur; and

second smoot}ung means (32b) for smoothing said third and fourth

weighted output signals to produce a second smoothed, balanced signal output,
5 wherein said quadraturé modu‘lating_ means (43) has first and second balanced
inputs connected respectively to said first and second balanced signal outputs for

impressing said desired modulation on a radio frequency carrier signal.

| 3. " A code division multiple access spread-spectrum signal transmitter,
said transmitter iﬁcluding digital signal processing means (30) for coding a speech

10 or data 51gnal for transmission into a digital signal, characterized in that it further
comprises:

spread-spectrum coding means (45) for converting said digital s10nal
toan T’ chipstream and a 'Q’ ch1pstream at a given chiprate, said ch1pstreams
comprising sequences of signal values or their complements;

15 first (I) and second (Q) shift register means (50a, 50b) for clocking
said I and Q cmpstreams respectively into a chain of register stages using a_
sampling clock equal to said chiprate or a multiple thereof and producing from"
each stage a delayed I or Q output and its logical inverse compleménfary output;

_ first weighting means (60a) connected to selected I-outputs or their

20 complementary outputs of said first (I) shift regxster and a second identical
weighting means (80a) connected to the opposite outputs not selected by said first
w:eigilting means, éaid first and second weighting means producing first and second
weighted output signals, | |

third weighting means (60b) connected to selected Q-outputs or their
25 complementary outputs of said first (Q) _shift register and a fourth,_ identical
: we.ighting means (80b) connected to the opposite outputs not selected by said third
‘weighting means, said third and fourth weighting means producixig third and fourth

weighted output signals; and —Tee———
' * This Sheet Has Been
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3. A code division multiple access speard-spectrumsignal ---» Ta s

transm*fFET—Tml ng digital signal processing neans for COdI hg A -

speech or transm ssion into:a digital "si gnal L R :
spread- Mﬂm Iﬂ@i ans for converting said digital si gnal to an 1ttt
chi pst re sch¥pstream at a given chiprate, said chipstreans -
conpri si ng sequences of signal values or their conplenents; . first .
(1) and second (Q shift register nmeans for -clocking said I and Q .
chi pstreans respectively into a chain of{§egister stages using a sanpling
clock equal to said chiprate or a nultiple thereof and produci.ng from each
stage a delayed | or- Q out | : : put ;
first weighting neans con &raﬁﬂ?giotgg 18?'&%%13 ﬁ@g‘ﬁ?‘?gg‘?‘s{]@%}%&%m&a

conpl enent ary offirgtthfough fowritl weightsd dutput Siynkls foeghpressingisedd aodeediozibn

i dentical weighting neans connected to the opposite outputs not selected by
said first wei gmultiplemsenss sprsad specirpey medidationeomha T%@P@Wﬂ}l‘?f&}’mb produm ng

flrst and second wei ghted out put signals;

4. A code division multiple access spread spectrum signal transmitter
5 accérding to claim 3, further comprising:
first smoothing means (32a) for smoothing said first and second
weighted output signals to produce'a first smoothed, b_alahced signal output,
second smoothing means (32b) for smoothing said third and fourth
weighted output signals to produce a second smoothed, balanced signal output,
10 wherein said quadrature modulating means having first and second balanced inputs
connected respectively to said first and second balanced signal outputs for

" impressing said code division multiple access spread spectrum modulation on a

radio frequency signal.

5. A method of quadrature modulation for impressing a desired
.15 modulation on a radio signal, comprising the steps of forming an I-signal and a Q-
signal repr_ésentative of a desired radio signal modulaﬁon, said I and Q signals’
each assﬁming only a single signal value or its complementary value at successive
intervals of a sampling clock, characterized in that it includes the further steps of:
clocking said Tand Q signals respectivély into a chain of register
20 stages using said sampling clock and producmg from each stage a delayed I or Q
output and'its logical inverse complementary output
weighting said delayed I output and its logical inverse
complementary output to produce _ﬁrst and second weighted output signals;
' ~ weighting said delayed Q output and its logical inverse

25 complementary output to produce third and fourth weighted output signals; and

This Sheet Has Been Replaced
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{
third wei ghting means connected to sel ected. Q outputs or their-

conpl ementary outputs of said first (Q shift register and a*fourth NN
i"denti cal wei ghting means connected to the ppposite out puts nqt sel ected by
sai d thi rTmthh-ng—ne&ns said third and fourth wei ghting means produéing

third an ted output signals; and guadr at ure nodul ati ng
nmeans h M@'M eceiving said f| rsithrough fourth weighted output,
signal s for d | d code divi sion.nuTHISPSKEEICHAS BEERrlead spectrum
modul-ation on a radio frequency signal. 14 R‘EPLACEDA‘ codq di vi si on

mul ti pl e access spread spectrum si gnal transwtter—aeeerdinRg-t o claim 3,

- further conprising: o Snfdar i rst
and second wei ght ed out put érl\e%s?]deﬁ %@g&%g%ce a |dﬁs%&;mﬁ1;%tgﬁu&gc§g&ﬂaﬁnced

si gnal output; signal in asmedracthrs Mpdhating mEesh fesporsenmidid ﬁgstsmod%ﬁ Riurth and

fourth wei ghted output signals to produce a second snoot hed, bal anced

si gnal out put, Weighwedouguitgiggelsdr at ure nodul ati ng neans having first and
second bal anced i nputs connected respectively to said first and second

bal anced signal outputs for inpressing said code division nultiple access

spread spectrum nodugati og Réthéd Bﬁﬁla_@rzftﬁl%%&ﬂﬁﬂt_i&i #e8iding to claim 5, further

.9

5 comprising the steps of :
snioothing said first and second weighted output signals to produce
a first smoothed, balanced signal output; and
smoothing said third and fourth weight__ed output signals to produce
a sécond smoothed, balanced sigﬁal output, wherein said quadrature modulating
10 means has first and second balanced inputs connected respectively to said first and
second balanced signal outputs for impressing' said desired modulation on a radio

frequency carrier signal.

7. A method of code division multiple access spread-spectrum signal
transmission, comprising the steps of coding a speech or data signal for
15 transmission into a digital signal; converting said digital signal to an 'I' chipstream
and a2 'Q' ch'ipstream at a given chiprate, said chipsfreams comprising sequences of
signal values or their complements, characterized in that it further comprises the
steps of:
clobkin’g said I and Q chipstreams respectively into a chain of
20  register stages using a sampling clock equal to said chiprate of a multiple thereof
an-d pfoducing from each stage a delayéd I or Q output and its logical inverse
complementary output; |
weighting said élelayed I output and its logical inverse
complementary output to produce first and second weighted output signals;
25 | weighting said delayed Q output and its logical inverse

complementary output to produce third and fourth weighted output signals; and

eet Has Been Refm'laced
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15 - 5. A method of quadrature nodul ation for inpressing a o .
desired nodul ation on a radio signal, conprising the steps of: N
frorming an I-signal and a Qsignal representative of a desi red ‘radi o 5i g’nal

nodul ati on, nal s each assum ng only a single signal value
or its co II“MI rln“ llmlgt successive intervals of a sanpling clock; '
clocking said Ic and ® stgmal s respectively into a chain of register stages ,
usi ng said sanpling clock and producing fronTégia ed | or Q

TS, SHEETORAS BEENC

output and its logical inverse conplene ry wej ghting said
del ayed | output and its logical i nversgﬁgo Ierrerﬁse?r’—ec&t put & o produce
first and second wei ghted, l.gnal s.. . . | el ayed Q
output and its |ogical i nve&ega%%%ﬁ?g%n@élrsﬁ?norﬂ?lggfé &Qéésr}greaﬁ Spectrum
modulation on a radio frequency signal in a quadrature modulating means. -

8. A method of code division multiple access spread-spectrum signal
transmission according to claim 7, further comprising the steps of:

- smoothing said first and second weighted output signals to produce

thh

a first smoothed, balanced signal output;
smoothing said third and fourth weighted output signals to produce
a second smoothed, balanced signal output, wherein said quadrature modulating
means having first and second balanced inputs connected respectively to said first
10 and second balanced signal outputs for impressing said code division multiple

access spread spectrum modulation on a radio frequency signal.
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to prodﬂcé third and fourth V\B@ht ed out put signals; and irrprqggs\f%&gg—_g'

sai d desired nodul frequency ca 18T € huadfe] u .
nmodul at i ng nmeans |ﬁ“|mullmg|u led first thro “‘PLA'G'EHEMQ%EE:! ou{rput OF3
si gnal s. : A met hod of quadr ature ul ati on accorgihg to
claim5, further corrprl sing the steps oft3 nob? BERY 1994 dl f| rst and
second wei ghted out put signals to produce a firg$t]snoothed, balpnged signal
out put; and snoothing said third and foufth wel ghted out put1 signal s
to produce €HAXMSsnoot hed, bal anced signal out arein_said fuadrature
nodul ati ng neans has first and second bal anced i nputs connected

respectively to said first and second bal anced signal outputs for

i mpressing sai d qesires qihdiatudd indBulfdr For' infPréssing QUUEBREY nodikati6ii of laGAdEb -
7. A nmet hod of code division nultiple access spread-spectrum si gnal
transm ssi oalgn@lompmxmgg the steps of: codi ng a speech or data

signal for transg sgi 0B ot 90&shg! iBinsS 66" Wrming an I-signal and a Q-signal

representative of a desired radio signal modulation, said I and Q signals each assuming
only a single signal value or its complementary value at successive intervals of a
sampling clock;

first (I) and second (Q) shift register means for clocking said I and Q signals
respectively into a chain of register stages using said sampling clock and producing
from each stage a delayed I or Q output and its logical inverse complementary output;

first weighting means connected to selected I-outputs or their complementary
outputs of said first (I) shift register and a second, identical weighting means connected
to the opposite outputs not selected by said first weighting means, said first and second
weighting means producing first and second weighted output signals;

third weighting means connected to selected Q-outputs or their complementary
outputs of said first (Q) shift register and a fourth, identical weighting means connected
to the opposite outputs not selected by said third weighting means, said third and fourth
weighting means producing third and fourth weighted output signals; and

quadrature modulating means having inputs for receiving said first through
fourth weighted output signals for impressing said desired modulation on a radio

frequency carrier signal.

2. A quadrature modulator according to claim 1, further comprising:

first smoothing means for smoothing said first and second weighted output
signals to produce a first smoothed, balanced signal output; and '

second smoothing means for smoothing said third and fourth weighted output
signals to produce a second smoothed, balanced signal output, wherein said quadrature
modulating means has first and second balanced inputs connected respectively to said
first and second balanced signal outputs for impressing said desired modulation on a

radio frequency carrier signal.



conver i n§ sai d—digital—signal to an 'I' ch "y AT A—t¢7 chi pstream at
a given chiprate, conpri si NYLSeGUYC ignal val ues or
their conpl enent ﬂml “[WI““ lI"“T“F cl OCkI g[sai T T3 Q Chi pst r eams
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digital signal processing means for coding a speech or data signal for
transmission into a digital signal;

spread-spectrum coding means for converting said digital signal to an ‘T’
chipstream and a "Q" chipstream at a given chiprate, said chipstreams comprising
sequences of signal values or their complements;

first () and second (Q) shift register means for clocking said I and Q
chipstreams respectively into a chain of register stages using a sampling clock equal to
said chiprate or a multiple thereof and producing from each stage a delayed I or Q
output and its logical inverse complementary output;

first weighting means connected to selected I-outputs or their complementary
outputs of said first (I) shift register and a second, identical weighting means connected
to the opposite outputs not selected by said first weighting means, said first and second
weighting means producing first and second weighted output signals;

third weighting means connected to selected Q-outputs or their complementary
outputs of said first (Q) shift register and a fourth, identical weighting means connected
to the opposite outputs not selected by said third weighting means, said third and fourth
weighting means producing third and fourth weighted output signals; and

quadrature modulating means having inputs for receiving said first through
fourth weighted output signals for impressing said code division multiple access spread

spectrum modulation on a radio frequency signal.

4, A code division multiple access spread spectrum signal transmitter
according to claim 3, further comprising:

first smoothing means for smoothing said first and second weighted output
signals to produce a first smoothed, balanced signal output;

second smoothing means for smoothing said third and fourth weighted output
signals to produce a second smoothed, balanced signal output, wherein said quadrature
modulating means having first and second balanced inputs connected respectively to
said first and second balanced signal outputs for impressing said code division multiple

access spread spectrum modulation on a radio frequency signal.
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modulation, said I and Q signals each assuming only a single signal value or its

complementary value at successive intervals of a sampling clock;

clocking said I and Q signals respectively into a chain of register stages using
said sampling clock and producing from each stage a delayed I or Q output and its
logical inverse complementary output;

weighting said delayed I output and its logical inverse complementary output to
produce first and second weighted output signals;

weighting said delayed Q output and its logical inverse complementary output
to produce third and fourth weighted output signals; and

impressing said desired modulation on a radio frequency carrier signal in a
quadrature modulating means in response to said first through fourth weighted .output
signals.

6. A method of quadrature modulation according to claim 5, further
comprising the steps of:

smoothing said first and second weighted output signals to produce a first
smoothed, balanced signal output; and

smoothing said third and fourth weighted output signals to produce second
smoothed, balanced signal output, wherein said quadrature modulating means has first
and second balanced inputs connected respectively to said first and second balanced
signal outputs for impressing said desired modulation on a radio frequency carrier

signal.

7. A method of code division multiple access spread-spectrum signal
transmission, comprising the steps of:

coding a speech or data signal for transmission into a digital signal;

converting said digital signal to an 'I' chipstream and a Q" chipstream at a
given chiprate, said chipstreams comprising sequences of signal values or their

complements;
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clocking said I and Q chipstreams respectively into a chain of register stages
using a sampling clock equal to said chiprate or a multiple thereof and producing from
each stage a delayed I or Q output and its logical inverse complementary output;

weighting said delayed I output and its logical inverse complementary output to
produce first and second weighted output signals;

weighting said delayed Q output and its logical inverse complementary output
to produce third and fourth weighted output signals; and

impressing said code division multiple access spread spectrum modulation on a

radio frequency signal in a quadrature modulating means.

8. A method of code division multiple access spread-spectrum signal
transmission according to claim 7, further comprising the steps of:

smoothing said first and second weighted output signals to produce a first
smoothed, balanced signal output;

smoothing said third and fourth weighted output signals to produce a second
smoothed, balanced signal output, wherein said quadrature modulating means having
first and second balanced inputs connected respectively to said first and second
balanced signal outputs for impressing said code division multiple access spread

spectrum modulation on a radio frequency signal.



