
W091/35411 

l 

BALANCED TRANSVERSAL I,Q FILTERS 
FOR QUADRATURE MODULATORS 

Background of the Invention 

l) Field of the Invention. 

PCT/US97/0J803 

5 The invention relates to methods and apparatuses for 

the realization of. spectral containment of radio 

transmissions so that they do not cause adjacent ~hannel 

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 life 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 provide service to ever greater numbers of 

subscribers. 

Pressure on frequency channel availability has led to 

20 the development of digital cellular technologies such as 

the European GSM TOMA system, the U.S. IS-54 digital TOMA 

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 subsequently transmitted 

using one or more timeslots in a repeating frame period. 

For example, the GSM TOMA 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 o·r two out of six timeslots. An 

IS-95 system uses convolutional coding plus bit repetition 
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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 samples 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 . 
comprising 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 sequence of 

such numerical sampl·es 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 techniques 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. Consequently, I and Q smoothing f i 1 ters 32 
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are necessary. These are low-pass filters that pass all 

modulation spectral components of interest but suppress 

the higher frequency components of the spectrum associated 

with the stepwise or piecewise linear I,Q waveforms from 

5 t~e D-to-A converters 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 converters 31 convert the 

15 numerical I,Q representations 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 frEiquency-carriers using quadrature modulator 33. 

It is important for accurate signal generation that 
(l) the two balanced modulators are accurately matched, 

. (2) the levels of the I and Q signals are accurately 

25 controlled relative to each other, and (J) 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 zero 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 
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below this reference voltage it will be interpreted as 
negative, and positive when it swings above. 

Unfortunately, it is difficult to generate a 
reference vol~age from the DSP 30 that is exactly equal to 
the voltage the D-to-A converters 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 techniques to generate I and Q signals 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 (~-k) convertor 41. This 

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

bitrate stream of binary 'l's and 'O'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 a '1' 

20 conditiop being equal to the chosen supply voltage) whil.e 
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 
voltage 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 of each delta-sigma converter 41 to additionally 
generate the complementary bitstreams. That means when 

delta-sigma converters 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/Jrds the supply voltage .. ,,; The 

-'" .. :. 

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

35 having a mean of +3/4_C2L__t_he_~lJ.R.QlY voltage then the 

iYflii1l1i1Yli 

'· 
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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-

l/4 = +l/2 of the supply voltage. Consequently, by using 

the difference between the converter output signal and its 

5 cpmplement 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 signql 

configuration developed in this invention, balanced 

filters 44 are interposed between the delta-sigma 

converter outputs and the I,Q balanced modulators 43. 

In sumlnary, 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 balanced inputs of quadrature modulator 43, as disclosed 

'·. 
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in U.S. Patent Application No. 08/305,702, which is a 

continuation-in-part of U.S. Patent Application No. 

07 /967, 027 which is also incorporated herein by reference. 

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-delta 

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 f iltei 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 aryd 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. , f.our 

times, the chiprate giving four bits per chip of balanced 

25 I and balanced Q signals. 

30 

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 I,Q signals at respective q 

and g outputs of each of the shift register stages. 

A first resistor network comprising resistors of 

different values representing transversal filter weights 

is connected to the I outputs of the shift register, the 

q outputs being used for a positive weight and the q 
outputs for a negative we~ght ·····-~ach __ ~~-~!~ re9ister output 

··. 
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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 q and q outputs not used by the 

s first network to provide a complementary output. 

10 

Identical first and second resistor networks are likewise 

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 to a balanced resistor-capacitor 

remove unwanted high-frequency components. 

filter to 

The RC-

filtered balanced signals are then connected to an I ,Q 

modulator (quadrature modulator) to modulate a radio 

frequency signal such that unwanted emissions in adjacent 

15 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 

20 making it suitable for production in processes wher.:e 
I 

absolute resistor values are not able to be tightly 

controlled but resistor ratios are determined by geometry 

and thus are more tightly controlled. 

Brief Description of the Drawings 

25 The invention will now be described with reference to 

30 

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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Figure 4 is a schematic diagram of an I,Q filt~ring 

circuit in accordance with the present invention as 

applied to CDMA transmission. 

Detailed Description of 

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 bi tstrearn or a Q bi tstream from delta-sigma 

10 converters 41 is applied to a· filter 30 constructed 

broadly according to Figure 3, i.e., there is one filter 

30 for each of the I and Q bitstrearns. 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 1 , 

502, ..• SON) each comprising a flip-flop (51 1 , 512, ... 51N) 

having q and q complementary outputs. A resistor network 

60 consisting of a group of resistors (60 11 601 ••• 60N) of 

20 different values R1 , R2 , ••• RN are connected 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 503 , 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 sununer·70 which may be simply a summing junction 71. An 

identical set of resistors 80 connects to the flip flop q­

outputs where the first network connects to the q outputs 

and vice-versa, such that the waveform produced at the 

30 swnmer 90 or summing junction 91 of the second resistor 

network 80 is complementary to the first waveform at the 

summer 70 or summing junction 71 of the first resistor 

network 60. ------------

ii11111;1umnr 
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In a system following the current GSM standard, a 
13MHz reference clock is used as the reference · for all 
bitrates and frequencies. The transrni tted bi trate is 
lJMHz/48. Using 13MHz as the delta-sigma bitrate output 

s f~om delta-sigma converters 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 1-60411 ("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 frequency 
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 converter 41. For 
example, the delta-sigma converter 31 can comprise a Read 
Only Memory (ROM) containing 8 precomputed 48-bit patterns 
of I and Q waveforms corresponding to all possible 

20 patterns of three consecutive information bits. 
Ge~erally, l,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 

25 periods M, where 2M gives a ROM of a reasonable 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 l,Q waveform 
at an adequate number of samples per bit in a ROM, the 

30 ~odulation 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 ~i:__~_p~~_iod o~ the filter of 
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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 sharpness 
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 filtering applied to these delta­
sigma waveforms after they emerge from the ROM modulator. 

The filter of Figure J 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 
I 

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 1-60N, good spectral containment of 

transmissions. 

More specifically, Figure 4 illustrates the 
_application of the present invention to a CDMA system in 
which the DSP 30 codes analog speech into digital form or 

35 accepts digital data signals already in digital form and 

'·· 
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applies error correction coding. The coded speech and 

data are then converted to I, Q signals representing the 

vector components of a modulated signal which are further 

spread-spectrum coded by the code spreading unit 95 to 

5 obtain high bitrate I and Q chipstreams. The I,Q 

chipstreams are clocked through shift register stages 50a, 

sob at a multiple of (for example, four times) the 

chiprate and the inverted q or non-inverted q outputs of 

the shift registers are applied to resistor networks 60a, 

10 60b with the inverse being applied to other resistor 

networks soa, 80b. As a result, the first resistor 

networks 60a, soa generate antiphase I-signals forming a 
balanced signal input to a first balanced RC filter J2a 

and second resistor networks 60b, SOb 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 
I 

within weighting networks 60a, 60b, 80a, 80b. The 

filtered, balanced I,Q drive signals from filters 32a, 32b 

are then applied to the balanced inputs of quadrature 

modulator 43. 

25 Thus, it has been shown above how the inventive 

balanced quadrature ~odulator 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 frequency response. Accordingly, the resistor 

values 601 , 6~ ••• 60N should be inversely proportidnal to 

the Fourier transform of the desired frequency response. 

35 This is also equivalent to choosing the weighting resistor 
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values to be inversely proportional 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 m~dif ied weighting values that compensate for the 

truncation while continuing to provide incr~asing 

attenuation of out-of-band, unwanted spectral components 

of the I,Q modulating 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 frequency response. To 

minimize power consumption, the resistors should be of 

20 high vall,le; high value resistors may be fabricated in a 

CMOS process 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 diffusion 

steps may be used to fabricat~ transversal filter 

weighting resistors, and other modulations than those 

described may be reduced to the formation of suitable I,Q 

signals and filtered and quadrature modulated 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 claims. 

'· 
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1. A quadrature modulator for impressing a desired 

modulation on a radio signal, comprising: 

digital signal processing means for forming an 

5 l~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 

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 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 

25 means producing third and fourth weighted output signals; 

and 

quadrature modulating means having inputs for 

receiving said first through fourth weighted output 

signals for impressin9 said desired modulation on a radio 

30 frequency carrier signal. 

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

5 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 

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 signal to an 'I' chipstream and a 'Q' chipstream 

at a given chiprate, said chipstreams comprising sequences 

of signal values or their complements; 
I 

20 first (I). and second {Q) shift register means 

tor 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 

25 complementary output; 

· first weighting means connected to selected !­

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 

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 their .complementary outputs of said first (Q) 

shift register and a fourth, identical weighting means 
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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 

5 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 

10 signal transmitter according to claim 3, further 

comprising: 

first smoothing means for smoothing said first 

and se.cond weighted output signals to produce a first 

smoothed, balanced signal output; 

15 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 

20 respecti'vely to said first and second balanced sign~l 

outputs for impressing said code division multiple access 

spread spectrum modulation on a radio frequency signal. 

S. A method of quadrature modulation for impressing 

a desired modulation on a radio signal, comprising the 

25 steps of: 
forming an I-signal and a Q-siqnal 

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 

30 sampling clock; 

clocking said I and Q signals respectively into 

·a chain of register stages using said sampling clock and 
----·---------

··. 
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producing from each stage ·.a delayed I or Q outpu:t. and its 
logical inverse complementary output; 

weighting said delayed I output and its logical 

inverse complementary output to produce first and second 
5 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 
10 frequency carrier signal in a quadrat~re 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 : 

15 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 pro~uce a second smoothed, balanced signa~ 

I 

20 output, wherein said quadrature modulating means has first 

25 

30 

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 

s 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 
10 inverse complementary output to produce third and fourth 

weighted output signals; and 

15 

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 signa.l 

20 output; 

25 

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 
impressing said 

second balanced signal outputs for 

code division multiple access spread 
spectrum modulation on a radio frequency signal. 


