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Digital Signal Modulation System 

Field of the Invention 

The present invention concerns digital signal phase 

5 modulation that is particularly suitable for spread spectrum 

applications. 

Background of the Invention 

Two well-known modulation techniques for radio 

1 0 frequency (RF) bandwidth compression (ie., promoting spectral 

efficiency) are quadrature amplitude modulation (QAM) and 

quadradrature phase shift keying (QPSK). Both of these methods 

suffer a loss of signal power with increasing modulation levels or the 

accompanying bandwidth compression. In addition, these methods are 

15 likely to result in errors because of low signal to noise ratio (SNR). To 

compensate for these errors, an increase in power approximately 

equal to to the square of the increase in bandwidth compression is 

required. For example, ten times bandwidth compression requires a 

100 times increase in power. 

20 

Some commonly used modulation techniques such as 

frequency shift keying (FSK), minimum frequency shift keying 

(MFSK), OMSK, and QAM transmit non-return to zero (NRZ) line coded 

data that concentrates bandwidth around a carrier. Bi-Phase coding 

2 5 ( eg., Manchester and Miller coding, as known) keeps the information 

sidebands away from the carrier. Figure 1 illustrates the spectral 

characteristics of digital bi-phase signals such as QPSK, BPSK, QAM, 

etc. The spectrum of line coded signals concentrates around baseband, 

whereas for digital bi-phase signals the spectrum moves away from 

3 0 the origin to a point around half of the transmitted bit rate. In order 
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to obtain significant savings in the transmitted bandwidth, only one 

sideband need be transmitted. A bi-phase signal is time varying and 

hence has no zero crossing points that vary with tim~. Bi-phase codes 

are polar and have little or no DC component. 

Another modulation method, pulse width modulation, is 

employed at baseband for spectrum encoding and produces output 

pulses which are integer multiples of the clock period. With this 

method, phase delays to the end or center of a data bit distinguish 

10 between "1" or "O" logic levels, respectively. Miller encoding is one 

example of this type of modulation. Modulating an RF carrier with this 

type of modulation does not conserve bandwidth. 

US Patent 4,742,532 issued to H.R. Walker describes a 

15 method of modulation referred to as variable phase shift keying 

(VPSK). VPSK modulation encodes changes between "1" and "O" logic 

states of a binary non-return to zero data signal. The encoding 

produces a pulse signal having varying periods of 4/4, 514, and 6/4 

multiples of the bit period according to a predetermined set of coding 

20 rules. According to the coding rules, no change in the data polarity is 

coded as a 4/4 bit width, a change in data polarity is coded as a 5/4 

bit width, and a conditional case coding for the last bit is coded as a 

6/4 bit width period to indicate a required reset of the 

coding/decoding system. This method can theoretically produce a 

25 Nyquist factor of 7 .2 bits per Hz-bandwidth. 

US Patent 5,185,765 of H.R. Walker describes an improve? 

method of VPSK modulation. With this method, each input data bit 

has a bit period constituted by M clock periods. Data bit polarity 

3 0 changes are phase shift key coded with waveform widths of M/M, 

''"""' a iii• 
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M+ l/M, and M+2/M bit periods, where M is an even integer greater 

than 3. According to the coding rules, no change in the polarity of the 

data is coded as M clock periods, a change in the polarity of the data 

is coded as M+l/M clock periods, and a final encoding bit for the 

5 period to indicate a reset occuring at the M-1 data bit polarity change 

is coded as M+2/M clock periods. This method theoretically allows a 

signal spectrum to fit into one-sixth the bandwidth of a baseband NRZ 

equivalent signal, resulting in Nyquist efficiencies of up to 15.3 bits 

per Hz-bandwidth for 10 modulation levels. This variable phase shift 

1 0 causes the coding/decoding system to lose synchronization with the 

beginning of each bit period. To overcome this problem, a reset bit 

must be embedded in the data for every bit period . 

A disclosed method of coding/decoding exhibits operating 

15 advantages compared to the systems described by Walker. In 

particular, the disclosed variable aperture coding method provides 

twice the efficiency of the method described in US Patent 5,185,765 

of Walker, and is more economical with respect to hardware and 

software requirements. 

20 

25 

Summary of the Invention 

A variable aperture coding system according to the 

principles of the present invention employs the following algorithm to 

encode an input NRZ bitstream. 

If the bitstream exhibits a phase change from a logic 0 to 

a logic l, an associated coded data bit exhibits a bit width change in 

one direction (eg., increases) proportional to a predetermined factor N. 

If the bitstream logic level remains unchanged, the bit 

width of an associated coded bit is maintained at a predetermined 

3 0 original bit width. 
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If the bitstream exhibits a phase change from a logic I to 

a logic 0, an associated coded bit exhibits a bit width change in a 

different second direction (eg., decreases) proportional to 

predetermined factor N. 

Brief Description of the Drawings 

Figure I shows a frequency spectrum for NRZ and bi­

phase signals. 

Figure 2 shows an encoder network in accordance with the 

principles of the present invention. 

Figure 3 shows encoder logic tables used m the encoder of 

Figure 2. 

Figure 4 shows a decoder network m accordance with the 

principles of the invention. 

Figures 5 and 6 depict waveforms illustrating the 

20 principles of the present invention. 

25 

Figure 7 shows a transmitter system including an encoder 

according to the present invention. 

Figure 8 shows a receiver including a decoder according to 

the present invention. 
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Detailed Description of the Drawings 

The disclosed signal coding method is referred to a 

Variable Aperture Coding, or V AC. The disclosed method overcomes 

5 the previously mentioned problem of QAM and QPSK systems of 

suffering a loss of signal power with increasing modulation levels or 

the accompanying bandwidth compression. The disclosed V AC method 

employs single sideband methods to compress the information 

bandwidth by a factor of 9: 1, and can be implemented by direct 

l 0 frequency modulation on a carrier. The dislosed VAC bandwidth 

compression method is very useful in implementing a direct sequence 

spread spectrum system with the spread code performing a BPSK 

15 

type of modulation on the carrier while the data is sent VAC coded on 

the carrier. 

The disclosed arrangement exhibits a significant 

improvement in process gain. By definition, for any direct sequence 

spread spectrum system, the process gain is defined by 10 log [spread 

spectrum bandwidth/information bandwidth]. Higher process gain 

20 means it will take more power from interfering signals to disrupt the 

communication system. In a typical digital implementation, the 

following system parameters may apply: 

• spread bandwidth: 2 Mhz 

• burst data rate: 80 Kbps (40Kbps sent over a time 

2 5 division duplex link will have to be burst out at double the odginal 

rate.) 

• burst data bandwidth: 80 Khz at BT=l (assuming _ 

minimal filtering) 

The process gain under these conditions can be shown to be 13.97 db. 
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In the disclosed system the following parameters apply: 

• spread bandwidth: 2 Mhz 

• information bandwidth: 4.44 Khz (40 Kbps at 9:1 

5 compression). In this case the process gain can be shown to be 26.57 

db. Thus the interfering signal needs to be 20 times more powerful to 

jam the disclosed system compared to a conventional digital system, a 

difference of 12.6 db. This allows transmission of larger amounts of 

data with immunity from interference with transmissions from other 

10 sources at the same frequency. This advantage is achieved by the 

arrangements shown in Figures 7 and 8. The higher process gain is 

achieved by the conversion of the digital information bits to the 

analog domain. This is not possible without either the encoders nor 

the biphase modulator block 710. On the receiver side, after block 

15 832, a phase shift detector and a zero crossing detector complete the 

detection process. Detected data is then decoded by unit 836. 

The disclosed V AC coding facilitates improved 

interference rejection and can be used in a variety of applications at 

20 significantly reduced cost and complexity. These applications include 

power line voice and data communications, in-band digital audio 

broadcast, cable modems, multiple line business telephones, and 

digital broadcast satellite systems using BPSK coding, for example. The 

disclosed modulation system will advantageously support in-house 

25 wired (eg., dedicated cable, dedicated 4-wire powerline) or wireless 

applications at carrier frequencies above 50 Khz. 

As will be explained below, a system according to the 

present invention employs the following algorithm to encode an input 

30 NRZ bitstream as a function of a predetermined factor N. When N is 9 

llllll 



WO 99/46861 · PCT/US99/05301 

7 
for example, if the bitstream exhibits a phase change from a 0 to a I 

logic level, the bit width of the associated bit in the coded bitstream is 

increased by 1 clock period, to 10 clock periods in this example. If the 

input NRZ datastream logic level remains unchanged, the bit width of 

5 an associated bit in the coded bitstream remains unchanged from a 

predetermined width, 9 clock cycles in this example. If the bitstream 

exhibits a phase change from a 1 to a 0 logic level, the bit width of the 

associated bit in the coded bitstream is decreased by 1 clock period, 

to 8 clock periods in this example. The described increase and 

1 0 decrease of bit width by 1 out of 9 clock cycles is one example. Other 

bit width variations are possible. With current technology, bit width 

variations of up to 1115 of the NRZ period can be produced without 

serious signal degradation. In such case RF bandwidth compression of 

about 30: 1 is achievable. In addition, bit widths may be oppositely 

15 adjusted, ie., decreased or increased for logic level changes from 0 to 

1 and from 1 to 0, respectively. 

The disclosed system advantageously does not exhibit 

cumulative phase build up since phase excursions due to a high to low 

20 transition and due to a low to high transition are the same. Also in the 

disclosed system, data encoding is performed by a separate 9X clock 

and is not used to generate the Fe. The receiver detects the zero 

crossing and times the 9X decoding clock. This improves the 

adaptability of the system as the RF is totally independent from the 

25 encoding/decoding clocks. Furthermore, when the data does not 

change (repeated 1 or 0 logic levels), the 9X clock will be used to 

switch the bi-phase modulator in block 710 of Figure 7. The simplifi~s 

the decoding circuits. 
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The principles of the invention involve not only the bit 

coding, but also the process of performing the bi-phase shift keying. 

When alternate encoded bits are switched from zero degrees to 180 

degrees in the biphase modulator,. it reduces the noise floor due to 

5 cancellation of antipodal noise vectors. Figures 2 and 4 can be realized 

using a digital signal processor (DSP), discrete dedicated logic or FPGA. 

However, Figures 7 and 8 are unique in the sense that a direct 

sequence spread spectrum system with higher process gain is realized 

by virtue of embedding the digital information into an analog domain. 

10 

Figure 5 illustrates variable aperture coding. In this 

example predetermined factor N equals 9 because in this example 

there are an average of 9 clock periods for each coded bit. Because m 

this embodiment the VAC coding rules increase or decrease the bit 

15 period by l/N for a phase transition in the opposite direction, a bit 

period average will encompass 9 clock periods over time. No reset is 

required within the coded bit data because the.re is no additive phase 

shift (unlike VMSK modulation), and each rising or falling edge of the 

coded signal represents one bit of data. VPSK, in contrast, is limited to 

20 one bit of data for each N-1 bits of input data, after which a reset 

must resynchronize the coded data stream to the clock. 

As seen in Figure 5, one bit is equal, on average, to N clock 

periods where N=9 in this example. When the phase of the NRZ data 

25 transitions from logic 0 to logic 1, one encoded bit period encompasses 

one additional clock period, or 10 clock periods (10/9). When the 

phase of the NRZ data transitions from logic 1 to logic 0, one encoded 

bit period encompasses one less clock period, or 8 clock periods (8/9). 
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Figure 6 illustrates an input NRZ waveform (top 

waveform) being. encoded by variable aperture coding (lower 

waveform). In this· example the input NRZ datastream begins with one 

logic state and switches to another logic state at time Tl. The NRZ data 

5 maintains this state for the next two bits, then switches logic states at 

time T3 for the next three bits, after which the NRZ data switches 

state again. The encoded data is phase shifted by 90 degrees to 

convert the encoded data from phase to voltage. 

10 The NRZ data per se is not used to switch the biphase 

modulator. The NRZ data can have a bitstream of 1 or 0 logic states. 

This bitstream is encoded into a bitstream that has 0 degree and 180 

degree transitions with varying time duration. This variability in time 

duration for which a particular bit remains high or low, encodes a 1 to 

15 0 . transition, a 0 to 1 transition, or no change in the original NRZ levels. 

It is this time varying waveform that modulates the biphase 

modulator. A 90 degree phase shift in the output waveform of the 

modulator results from passing the biphase modulated signal through 

a linear phase bandpass filter, which introduces a phase shift. 

2 0 Bandpass filtering a square wave signal produces a sinusoidal signal. 

When data coding begins, if the NRZ data does not switch 

phase from a previous bit, the duration of the coded bit is 9 clock 

periods. When the NRZ data switches phase from logic 1 to logic 0 at 

25 time Tl the corresponding encoded bit (1) comprises 8 clock periods. 

The next coded bit (2) comprises 9 clock periods since the NRZ data 

did not change phase. The following coded bit (3) comprises 10 clock 

periods because the corresponding NRZ bit changed phase from logic 0 

to logic 1 at time T3. This coding pattern continues for the duration of 

3 0 the NRZ data stream. 
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Variable Aperture Coding results from the fact that, 

depending on the original NRZ waveform exhibiting a 1 to O logic 

transition or a 0 to 1 logic transition, the output encoded waveform 

5 intersects the "zero crossing" point earlier or later. There is only one 

transition per bit, and a receiver uses this information is used to. 

recover the original NRZ information. The encoded data is further 

passed through a band pass filter (block 720 in Figure 7) that imparts 

a 90 degree phase shift to the encoded datastream. This pliase shift 

10 transforms the bit-polarity change to voltage peak points. The low 

pass filter, or integrator, can be replace by a suitable bandpass filter. 

A bandpass filter is required to remove out of band f ourier 

components and to provide only the sideband signal component. The 

output of this bandpass filter is a sinusiodal signal with a variable 

15 period. This sideband bandpass filter exhibits a linear phase delay 

characteristic (eg., a Bessel characteristic). The filtered single sideband 

signal from this filter is the J 1 Bessel of the encoded signal, and can 

20 

be either phase modulated or frequency modulated on a radio 

frequency (RF) carrier for transmission over a transmission channel. 

When there is a bit polarity change on the encoded 

waveform, it transfers the polarity change to a 0 degree or a 180 

degree phase reversal on to the carrier Fe, shown in block 710. This 

biphase shifted signal is combined at the output of the biphase 

25 modulator to have a constant envelope signal that has periodiC phase 

reversals . This signal is then applied to bandpass filter 720, which 

imparts a 90 degree phase shift to the input waveform. In this regard 

it is noted that if a square wave (one high and one low bit) is passed 

through a bandpass filter the point of maximum or minimum 

30 amplitude will correspond the the center of the bit period 

11111! 



WO 99/46861 · PCTIUS99/05301 

l l 

A receiver of the VAC encoded signal includes an input 

linear phase delay bandpass filter to remove out of band signal 

components. This bandpass filter is followed by a differentiator that 

5 reverses ihe 90 degree phase shift imparted to the signal by the low 

pass integrator filter at the transmitter. This reverse action restores 

·the information in the received waveform to bit polarity change 

points from voltage peak points. The differentiator is followed by a 

limiting amplifier and a quadrature phase detector that acts as a zero 

10 crossing detector for the three sinusiodal frequency signals produced 

at the transmitter. These three signals correspond to the three 

carriers produce by the VAC encoding process which increases bit 

width, decreases bit width, or leaves the bit width unchanged as 

discussed previously. Since the zero crossing points occur at different 

1 5 frequencies, the output of the detector will be an NRZ signal with 

varying bit widths corresponding to the transmitted encoded signal. 

This signal is applied to a decoder to re-establish the proper bit 

sequences to replicate the original transmitted NRZ data. 

20 Figure 2 depicts a variable aperture coder in accordance 

with the principles of the invention. An input NRZ bitstream to be 

VAC encoded is applied to a "D" input of a flip-flop 210, eg., a 

commercial type 7474 flip-flop, cascaded with a second flip-flop 212. 

Outputs of these flip-flops are connected to a logic network arranged 

25 as shown, including exclusive-OR logic gates 216 and 226 (type 7486), 

inverter 218, AND gates 220 and 222, OR gate 224, logic high speed 

counter 230, J-K flip-flop 236, and a divide-by-nine frequency 

divider 240 which provides a clock output to clock inputs of 

associated circuits 210, 212 etc .. 
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Flip-flops 210. and 212 together with ex-OR gate 216 

determine whether there has been a 0 to 1 or a 1 to 0 logic level 

transition in the input datastream. Gates 220, 222 224, inverter 216 

5 and ex-OR gate 226, together with flip-flops 210 and 212 set the 

frequency divider ratios (8, 4, 2, 1) of. high speed counter 230 that is 

clocked at a clock frequency that is ten times the clock speed used to 

do bit-by-bit comparison at flip-flops 210 and 212. A VAC encoded 

datastream (Figures 5, 6) appears at the output of unit 236. 

10 

Figure 3 shows the encoder logic employed by the 

network of Figure 2 to produce the various frequency divider factors 

employed by the Figure 2 network to control high speed counter 230 

which performs the bit width variations shown in Figures 5 and 6. 

15 The output of counter 230 is passed through J-K flip-flop 236 so that 

the output of flip-flop 236 represents the bit transitions of the 

original NRZ bitstream waveform at the middle of a bit period of the 

encoded waveform as shown in Figures 5 and 6. 

20 Figure 6 illustrates an input NRZ datastream to be V AC 

encoded as applied to input flip-flop 210, and a corresponding output 

encoded data waveform as produced at the output of flip-flop 236 in 

Figure 2. In Figure 6, the encoded data waveform exhibits a nominal 

bit width of nine clock cycles. This nominal bit width remains 

25 unchanged when the logic level of the input NRZ waveform does not 

change. When the input NRZ waveform changes from a 1 to a 0 logic 

level at time Tl, the width of the associated bit (bit 1) in the output 

encoded datastream is reduced by one clock cycle to produce a bit 

width 8 clock cycles wide, as shown in the V AC encoded data 

30 waveform of Figure 5. That is, the bit width is reduced by 1/9 of the 
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nominal bit period. When the input NRZ waveform remains 

unchanged, eg., for the period including time T2, the width of the 

associated bit (bit 2) remains unchanged from the nominal bit width 

encompassing nine clock cycles. When the input NRZ waveform 

5 changes from a 0 to a 1 logic level at time T3, the bit width of the 

associated bit (bit 3) in the output encoded datastream is increased 

10 

by one clock cycle to produce a bit width 10 clock cycles wide. That is, 

the bit width is increased by 10/9 of the nominal bit period. 

Figure 4 illustrates a decoder 400 at a receiver. The 

received variable bit width bitstream from a zero crossing detector 1s 

synchronized with the receiver's clock by a D-type flip-flop 410. Edge 

detection is accomplished by a network including flip-flop 410 and 

exclusive-OR logic gate 412, which tracks data (edge) transitions. The 

15 output signal from gate 412 is used to reset a 7-bit counter 416 which 

is clocked at 72 times the NRZ data rate. The output of counter 416 is 

applied to a detector 420 that indicates when unit 416 has reached a 

count of 80. This condition represents a unique count in that it 

represents the reception of a logic 0 level followed by a logic 1. This 

20 signal from detector 420 resets 7-bit counter 422. The output of ex­

OR gate 412 represents detected edges, and is used to load counter 

422. After counter 422 is reset, it counts to 32 (4x8 clocks) and resets 

again. This operation resynchronizes the counter with the beginning 

of the next data bit. A new constant is loaded into counter 422 from 

25 unit 432 on every detected edge. If the detected edge occurs at a 

count of 32 (as determined by detector 428) after a reset, a value of 

88 (128-40) is loaded into counter 422 from unit 432. If an edge is 

detected after 40 counts (as determined by detector 430) after a 

reset, a constant value of 96 is loaded into counter 422 from unit 432. 

3 0 The loaded constant values 88 or 96 are chosen so that zeroing of 
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counter 422 appears at the start of the next encoded data bit. An R-S 

flip-flop 440 is set (S) or reset (R) depending on whether a 32 count 

or a 40 count is detected by units 422, 428 and 430. The output of 

flip-flop 440 is the NRZ output of decoder 400. The purpose of the 

5 constant is to enable a single counter with programmable counter 

settings to decode the different widths of the decoded pulse train. 

Without this architecture, separate counters will have to be used to 

make the decision. 

1 0 A spread spectrum implementation of the present 

invention is discussed below. Figures 7 and 8 respectively show 

spread spectrum transmitter and receiver arrangements suitable for 

use in accordance with the present invention. In the transmitter of 

Figure 7, V AC encoded data from encoder 200 of Figure 2 is applied to 

15 one input of a balance modulator 710, the other input of which 

receives a carrier at a frequency fc. The modulated signal from unit 

710 is low pass filtered by filter 720 to extract the encoded VAC 

information and component fc + fb. The filter output signal is applied 

to one input of a mixer 722, the other input of which receives a signal 

20 fRF + PN from a mixer 724. The PN signal, a pseudorandom noise 

signal in accordance with spread spectrum practice, is provided by a 

PN generator and differential encoder 728 as known. PN generators 

and differential encoders are fundamental to the generation of spread 

spectrum systems. The output signal from mixer 722 is constituted by 

2 5 RF component fRF and the pseudorandom noise component PN in 

accordance with spread spectrum practice, and the V AC encoded 

information. This signal to be transmitted at a frequency ftx is applied 

to a transmitting antenna 734 via transmission interface and output 

networks (not shown to simplify the drawing). A local clock generator 

i 

I 
I I 
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740 provides a spread clock to unit 728 and a data clock to encoder 

200. 

In the case of a 900 Mhz system for transmission in the 

5 902 Mhz-928 Mhz band for example, the following signal 

10 

characteristics apply: 

fTX: fRF + PN + fc +fb 

for ITX = 905 Mhz, fRF = 894.25 Mhz 

NRZ data: 1.5 Mbps 

fc: 

fb: 

f = f: 

10 Mhz 

710 Khz, 750 Khz, 794 Khz 

84 Khz 

In the spread spectrum receiver 800 of Figure 8, a 

15 received signal from an antenna 802 is bandpass filtered by filter 804 

to reject out-of-band signal components. The filtered signal is 

amplified by a low noise amplifier (not shown to simplify the 

drawing) before being split into two paths by a power splitter (not 

shown). The split signals are applied to inputs of mixers 806 and 808. 

20 The mixers are respectively provided with mutually quadrature 

phased input signals from a network including a local oscillator 812 

and a phase shifter 808. The frequency of the local oscillator signal 

tRF is used to downconvert the received signal to baseband. 

25 Baseband quadrature output signals from mixers 806 and 

808 are respectively high pass filtered by units 816 and 818 to 

remove frequency components from DC to about 30 Khz before . 

passing these signals through having 75 db of gain and about 65 db of 

gain control range. The variable gain amplifiers provide gain to the 

3 0 baseband signal, which when received is weak and is converted to 
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baseband by mixing with the local oscillator, and is then amplified to 

about 1 volt, for example. Gain control is needed to prevent the 

incoming signal from being distorted. The control signal is derived 

from a microcontroller (not shown to simplify the drawing).Switched 

5 filter capacitors in block 820 can adjust the lowpass cut-off frequency 

depending on the chipping rate of the PN code. Within the passband 

ofthe bandpass filter there will be the basic PN code, Doppler 

frequency due to the non-synchronous nature of transmit and receive 

local oscillators, and the frequency shift keying (FSK) signal due to the 

1 0 variable aperture signal on the tranmitter voltage controlled oscillator 

(VCO). This FSK signal is filtered for all the PN signals and applied to a 

two-pole bandpass filter 830. The output of high pass filter 830 is 

applied to an FM receiver/demodulator network 832 of conventional 

type, where the input signal is upconverted to 10.7 Mhz, bandpass 

15 filtered, limited and quadrature detected. The quadrature detector in 

network 832 converts the voltage peak points of the received signal 

to bit polariy changes by performing zero crossing detection. The 

output of the detector in network 832 will exhibit different pulse 

widths because the zero crossing points of the three frequencies from 

20 the transmitter occur at different points on the discriminator "S" 

curve of the quadrature coil associated with the detector. This 

detector output is provided to variable aperture decoder 836, eg., as 

shown in Figure 4, which restores the original NRZ data waveform. 

25 Output signals from variable gain amplifiers 820 and 822 

are amplitude limited before being applied to filters 824 and 826' and 

a spread spectrum demodulator network 840. The spread spectrum 

demodulator may be of conventional type, and in this example 

includes a one-bit analog to digital converter 842, one bit delay 844 

3 0 and multiplier 846 in the in-phase "I" signal path, a one-bit analog to 

I! 

I 
I 
I 
! 

,j 
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digital converter 852, one bit delay 854 and multiplier 856 in the in-

phase "Q" signal path, a combiner 860, correlator 864, and low pass 

filter 866. Multiplier 846 produces an output "dot product" (Q•I ) of 

the Q path signal and the delayed I path signal from delay 844. 

5 Multiplier 856 similarly produces an output dot product signal 

(I•Q ). These dot products of the I and Q signals assist carrier de­

rotation to remove the Doppler frequency shift from the I and Q 

signals. The correlator responds to a locally generated PN reference 

that can be advanced or retarded with respect to the incoming PN 

1 0 code. The received spread code is compared in correlator 864 with a 

reference PN code. The local PN code is advanced or retarded to get 

maximum correlation with the incoming PN code using known circuits. 

Filters 824, 826 in both the I and Q channels are baseband filters for 

filtering the baseband signal. Output pulses from correlator 864 are 

15 low pass filtered by unit 866 to produce a signal suitable for an 

automatic frequency control (AFC) of local spread clock oscillator 812. 

Unit 864 correlates the phase of the incoming PN sequence so that the 

transmitter and the receiver are synchronized. The spread clock and 

data clocks are all derived from the same reference so that once the 

20 spread clock is acquired the data clock is also acquired. Transmitter 

and receiver synchronization is achieved in this manner. A local clock 

generator 870 provides a Spread Clock to correlator 864, and a Data 

Clock to decoder 836. The spread clock is the phase of the clock with 

with received PN sequence and the local PN sequence fully 

2 5 synchronized. To achieve synchronism, the phase of the local PN clock 

has to be either advanced or retarded until the signals are maximally 

correlated. 
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Network 840 is a very effective demodulator for FSK, MSK, 

PSK and QPSK modulations. Almost all these modulation schemes are 

used in current spread spectrum implementations available 

5 commercially. 

Transmitter and receiver spread spectrum signal 

processing architectures using a compressed datastream with any 

type of spread spectrum other than that disclosed may be used in 

10 conjunction with variable aperture coding/decoding in accordance 

with the principles of the present invention. Zero intermediate 

frequency (IF) or single/double conversion schemes may be used at a 

receiver, and either direct drive or mix and drive schemes may be 

used at transmitters, for example. Although an example of a 900 Mhz 

15 carrier frequency operating system has been given, implementations 

with carrier frequencies above 50 Khz may also be used. 

!!!!I 
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CLAIMS \ \11\11\ \l\I\\ 111\11\1\1 \Hiii 
* C L M S * 

1. In a system for processing an input digital 

5 datastream, a method for producing an output coded signal as a 

function of parameter changes of said input signal, comprising the 

steps of 

generating a first coded bit with a predetermined duration 

representing no change of said parameter; 

10 generating a second coded bit when said input signal 

15 

20 

represents a first type of change in said parameter; and 

generating a third coded bit when said input signal 

represents a second type of change in said parameter. 

2. A method according to claim 1, wherein 

said parameter is a phase change associated with a change 

m the logic state of said input signal; 

said first type of change is a logic state change m one 

direction~ and 

said second type of change is a logic state change in a 

different second direction. 
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* C L M s * 

.. 3. A method according to claim l, wherein 

said step of generating said first coded bit produces a first 

coded bit with a predetermined reference bit width; 

said step of generating said second coded bit width 

produces a second coded bit with a first predetermined change in bit 

width relative to said reference bit width; and 

said step of generating said third coded bit width 

produces a third coded bit with a second different predetermined 

1 0 change in bit width relative to said reference bit width. 

4. A method according to claim 3, wherein 

said step of generating said second coded bit produces a 

second coded bit with a predetermined increase in bit width relative 

15 to said reference bit width, when said input signal exhibits a logic 

state change in one direction; and 

said step of generating said third coded bit produces a 

third coded bit with a predetermined decrease in bit width relative to 

said reference bit width, when said input signal exhibits a logic state 

20 change in another direction. 

5. A method according to claim 3, wherein 

said step of generating said first coded bit produces a first 

coded bit encompassing a predetermined number of clock periods 

25 when said input signal does not exhibit a logic state change; 

said step of generating said second coded bit produces a 

second coded bit encompassing a predetermined increase in clo_ck 

periods when said input signal exhibits a logic state change in one 

direction; and 

1rn 



5 

10 

15 

20 

····-·-------. ···~ ---

W099/46861 
111111111111111111111111111111 

* C L M S * 
21 

said step of generating said third coded bit produces a 

third coded bit encou1passing a predetermined decrease in clock 

periods when said input signal exhibits a logic state change in another 

direction. 

periods; 

the step of 

system. 

6. A method according to claim 5, wherein 

said first coded bit encompasses N predetermined clock 

said second coded bit encompasses N+l clock periods; and 

said third coded bit encompasses N-1 clock periods. 

7. A method according to claim 6, wherein 

N is less than 15. 

8. A method according to claim I, further comprising 

processing said coded output signal by a spread spectrum 

9. A method according to claim 8, wherein said 

processing step includes the steps of 

modulating said coded output signal on a carrier to 

produce a modulated signal; and 

mixing said modulated signal with a pseudorandom noise 

25 signal to produce a spread spectrum signal; and 

transmitting said spread spectrum signal. 
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10. A method a9cording to claim 9, further including the 

step of 

low pass filtering said modulated signal prior to said 

5 mixing step. 

11 . A decoding method for producing a decoded 

datastream from a received bitstream subject to comprising first, 

second, and third coded bits representing changes in a parameter of 

10 said received bitstream, said decoding method comprising the steps of 

generating a first data component representing no change 

of said parameter, in response to a first coded bit of predetermined 

duration; 

generating a second data component representing a first 

15 type of change in said parameter, in response to said second coded 

bit; and 

20 
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generating a third data component representing a 

different second type of change in said parameter, in response to said 

third coded bit. 

logic state; 

12. A decoding method according to claim 11, wherein 

said parameter is a logic state of an output datastream; 

said first data component represents no change in said 

said second data component represents a change in said 

logic state in one direction; and 

said third data componet represents a change m said logic 

state in another direction. 

m1i;: 
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periods; 

A method according to claim 11, wherein 

said first coded bit encompasses N predetermined clock 

said second ·coded bit encompasses N+ 1 clock periods; and 

said third coded bit encompasses N-1 clock periods. 

14. A decoding method according to claim 11 further 

comprising the steps of 

mixing said received bitstream with a reference signal to 

10 produce a frequency downconverted bitstream; 

frequency demodulating said downconverted bitstream to 

produce a demodulated signal; and 

decoding said demodulated signal in accordance with said 

generating steps to produce said first, second and third data 

15 components. 

20 
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15. A decoding method according to claim 11, wherein 

said mixing step includes the step of phase shifting said 

received bitstream to produce mutually quadrature phase signals; 

processing said quadrature signal by means of a spread 

spectrum demodulator to produce a control signal; and 

applying said control signal to said mixing step. 


