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DIGITAL FREQUENCY MODULATED CONTINUOUS WAVE RADAR USING

HANDCRAFTED CONSTANT ENVELOPE MODULATION

CROSS REFERENCE TO RELATED APPLICATIONS

[0001] The present application claims the filing benefits of U.S. provisional applications,

Ser. No. 62/469,1 65, filed Mar. 9 , 2017, Ser. No. 62/382,857, filed Sept. 2 , 2016, and Ser.

No. 62/327,003, filed Apr. 25, 201 6 , which are all hereby incorporated by reference herein

in their entireties.

FIELD OF THE INVENTION

[0002] The present invention is directed to radar systems, and more particularly to radar

systems for vehicles.

BACKGROUND

[0003] The use of radar to determine range and velocity of objects in an environment is

important in a number of applications including automotive radar and gesture detection. A

radar system typically transmits a signal and listens for the reflection of the signal from

objects in the environment. By comparing the transmitted signal with the received signal, a

radar system can determine the distance to an object. Using multiple transmissions, the

velocity of the object can be determined. Moreover, using multiple transmitters and

receivers, the location (angle) of the object can also be determined.

[0004] There are several types of waveforms used in different types of radar systems. One

type of waveform or radar signal is known as a frequency-modulated continuous waveform

(FMCW). In an FMCW-type radar system, the transmitter of the radar system sends a

continuous signal in which the frequency of the signal varies. This is sometimes called a

chirp radar system. Mixing (multiplying) a waveform reflected from an object (also known

as a target) with a replica of the transmitted signal results in a CW signal with a frequency

that represents the distance between the radar transmitter/receiver and the target. By



sweeping up in frequency and then down in frequency, the Doppler frequency can also be

determined.

[0005] There is a continuous need for improved radar techniques that achieve good range

performance without excessive transmitter power, which permit multiple users to share the

spectrum, and which achieve an improved tradeoff between instantaneous bandwidth

occupancy and range resolution.

SUMMARY

[0006] An FMCW radar system comprises one or more constant envelope transmitters for

transmitting radio signals that are frequency modulated. The frequency modulation uses

codes to deviate the frequency from a mean or center frequency according to one of a

limited number of shaped frequency transitions associated with a limited number of

successive codes. The codes of each transmitter are different and preferably exhibit low

cross-correlation. In one exemplary implementation, for each transmitter, the frequency

modulated signal may be produced by expressing the frequency modulation as a

sequence of generated I and Q baseband vectors that are dependent on the limited

number of successive codes and which have a constant envelope property where I2 + Q2

is a constant, for example, unity. The values are modulated on to a microwave carrier

frequency for transmission by the radar transmitting antenna, for example by using an l,Q

modulator. The I and Q waveforms are precomputed to depend on a limited number (N) of

successive bits of a code, for example, 2 or 3 bits, and the precomputed waveforms are

stored in a memory as numerical values. A plurality of l,Q values are stored in memory for

each possible pattern of the N successive bits and a state variable indicative of the phase

quadrant. The plurality of values are read from the memory sequentially for each new

value of a code bit, the memory being addressed by the new bit, N-1 previous bits and the

state variable. Each plurality of the l,Q values is engineered to obtain an optimum

compromise between a number of often conflicting criteria, including compliance with a

spectral mask, range resolution, the ease or difficulty of discriminating weak targets from

close by strong targets, and correlation loss with target echo delays of a non-integral

number of bit periods.



[0007] For operating at very high digital code rates, the memory is organized as a plurality

of N memories that are read at the code rate divided by N. Each pair of read l,Q values is

digital to analog converted using a D to A converter that shapes the quantizing noise to

reduce its spectral density near the microwave carrier frequency, and low-pass filtered to

obtain analog l,Q signals that are applied to the l,Q modulator.

[0008] In an aspect of the present invention, a radar system for a vehicle includes a

transmitter and a receiver. The transmitter transmits an amplified and frequency modulated

radio signal. Each transmitter comprises a frequency generator, a code generator, a

modulator, a constant-envelop power amplifier, and an antenna. The frequency generator is

operable to or configured to generate the radio signal with a desired mean or center

frequency. The code generator is operable to or configured to generate a sequence of chips

at a selected chiprate. A modulation interval between successive chips is a reciprocal of the

chiprate. The modulator frequency is operable to or configured to modulate the radio signal

such that the frequency modulation comprises shaped frequency pulses. The shaped

frequency pulses correspond to a first signal, the frequency of which deviates from the

desired mean or center frequency during each of the modulation intervals according to a

selected pulse shape. The constant-envelope power amplifier amplifies the frequency

modulated radio signal at a desired transmit power level. The antenna transmits the radio

signal.

[0009] These and other objects, advantages, purposes and features of the present

invention will become apparent upon review of the following specification in conjunction

with the drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0010] FIG. 1 is a plan view of an automobile equipped with one or more radar systems in

accordance with the present invention;

[001 1] FIG. 2A and FIG. 2B are block diagrams of radar systems in accordance with the

present invention;



[0012] FIG. 3 is a block diagram illustrating a flow of data structures through a radar

system in accordance with the present invention;

[0013] FIG. 4 is a block diagram illustrating a radar system with a plurality of receivers and

a plurality of transmitters (MIMO radar) for producing the data structures of FIG. 3 , in

accordance with the present invention;

[0014] FIG. 5 illustrates an exemplary transmitter architecture in accordance with the

present invention;

[0015] FIG. 6 illustrates an exemplary eye diagram for Gaussian minimum shift keying

(GMSK) with a BT factor of 0.3 in accordance with the present invention;

[001 6] FIG. 7 is a graph illustrating the correlation of a transmitted signal with a transmitted

code in accordance with the present invention;

[0017] FIG. 8 is a graph illustrating an autocorrelation function for GMSK with BT = 0.3 in

accordance with the present invention;

[0018] FIG. 9 is a graph illustrating a power spectrum for GMSK with BT=0.3 in

accordance with the present invention;

[0019] FIG. 10 is a graph illustrating correlation sidelobes using a Gaussian receiver filter

with BT=0.3 in accordance with the present invention;

[0020] FIG. 11 is a graph illustrating variation of sidelobe levels with receiver filter BT in

accordance with the present invention;

[0021] FIG. 1 is a graph illustrating variation of noise bandwidth and SNR with receiver

filter BT in accordance with the present invention;

[0022] FIG. 13 is a graph illustrating an eye diagram of modulation engineered to depend

on 3 chips in accordance with the present invention;

[0023] FIG. 14 is a graph illustrating the correlation function of the modulation of FIG. 13 in

accordance with the present invention;

[0024] FIG. 15 is a graph illustrating a comparison of the spectrum of regular GMSK with

that of FIG. 14 in accordance with the present invention;

[0025] FIG. 16 is a graph illustrating the correlation function of a more handcrafted

waveform in accordance with the present invention;

[0026] FIG. 17 is a graph illustrating an eye diagram of the handcrafted waveform in

accordance with the present invention;



[0027] FIG. 18 is a graph illustrating the spectrum of the handcrafted waveform in

accordance with the present invention;

[0028] FIG. 19 is a set of graphs illustrating trellis and constellation diagrams in

accordance with the present invention;

[0029] FIG. 20 is a graph illustrating the eye diagram of MSK computed using 16 samples

per chip in accordance with the present invention;

[0030] FIG. 2 1 is a graph illustrating the spectrum of unfiltered MSK in accordance with the

present invention;

[0031] FIG. 22 is a graph illustrating the correlation function of MSK versus the number

samples per chip in accordance with the present invention;

[0032] FIG. 23 is a graph illustrating raised cosine digital FM in accordance with the

present invention;

[0033] FIG. 24 is a graph illustrating the eye diagram for raised cosine digital FM in

accordance with the present invention;

[0034] FIG. 25 is a graph illustrating the spectrum of raised cosine digital FM in

accordance with the present invention;

[0035] FIG. 26 is a graph illustrating the correlation function for raised cosine digital FM in

accordance with the present invention;

[0036] FIG. 27 is a graph illustrating the eradication of correlation sidelobe skirts of MSK

with 8 samples/chip by waveform handcrafting in accordance with the present invention;

[0037] FIG. 28 is a graph illustrating the correlation function of handcrafted MSK at 4

samples/chip in accordance with the present invention;

[0038] FIG. 29 is a graph illustrating the correlation function for raised cosine digital FM at

4 samples/bit after handcrafting in accordance with the present invention;

[0039] FIG. 30 is a graph illustrating the variation of parameters with receiver BT for raised

cosine transmitter modulation in accordance with the present invention;

[0040] FIG. 3 1 is a graph illustrating the parameters of figure 30 on a finer dB scale in

accordance with the present invention;

[0041] FIG. 32 is a graph illustrating a class of shaping functions to be investigated in

accordance with the present invention;

[0042] FIG. 33 is a graph illustrating other polynomial-based frequency-pulse shaping

functions in accordance with the present invention;



[0043] FIG. 34 is a flow diagram of a processing for simulating modulation in accordance

with the present invention;

[0044] FIG. 35 is a graph illustrating one possible eye diagram optimized for four (4)

samples per bit in accordance with the present invention;

[0045] FIG. 36 is a graph illustrating the spectrum of the waveform of FIG. 35 with

Gaussian post D to A filter BT=0.8 in accordance with the present invention; and

[0046] FIG. 37 is a graph illustrating the correlation sidelobes for the signals of FIGS. 35

and 36.

DETAILED DESCRIPTION

[0047] The present invention will now be described with reference to the accompanying

figures, wherein numbered elements in the following written description correspond to like-

numbered elements in the figures. Methods and systems of the present invention may

achieve a good performance range without excessive transmitter power requires and

provide improved tradeoffs between instantaneous bandwidth occupancy and range

resolution, through the use of constant envelope transmitter amplifiers and frequency

modulation using smoothly shaped frequency deviation pulses.

[0048] Small, low-cost radar systems are increasingly becoming of interest for motor

vehicle collision avoidance applications. National frequency management authorities such

as the FCC in the USA have made available certain frequency bands in the millimeter

wave region for this purpose, for example the frequency band 76 to 77GHz and the band

8 1 to 86 GHz.

[0049] Automobile radar systems become of greater utility the greater the object resolution

achieved in ultimately the three dimensions of range, azimuth and elevation, as well as in

Doppler shift, which indicates relative velocity of a target object. An ultimate goal is object

recognition and hazard detection using the radar data, possibly in fusion with video data,

map databases, and GPS positioning.

[0050] As with communications systems such as cellular phones, the frequency band has

to be shared by many users without unacceptable mutual interference, so the same



concerns of multiple access efficiency, spectral efficiency and capacity arise, in terms of

the number of devices per square kilometer that can be simultaneously operated. Through

generations 1,2,3 and 4 of mobile phone systems, many different techniques of modulation

and coding have been explored to optimize capacity, including Frequency Division Multiple

Access (FDMA), Time Division Multiple Access (TDMA), Code Division Multiple Access

(CDMA) also known as Direct Sequence Spread Spectrum (DSSS) and Frequency

Hopping Spread Spectrum (FHSS). Many different modulation methods have also been

explored, including Analog Frequency Modulation (FM), Digital frequency modulation, such

as GSM's Gaussian Minimum Shift Keying (GMSK), and all the usual digital phase

modulation schemes such as Quadrature Phase Shift Keying (QPSK), Offset QPSK

(OQPSK), Quadrature Amplitude modulation (QAM, 16QAM, etc.), and latterly Orthogonal

Frequency Division Multiplexing (OFDM).

[0051] In communications systems operating in the lower microwave frequencies (900MHz

to L-band) and higher (S-band to 2400MHz), multipath propagation has increasingly

become a problem. For example, transistor frequency performances have increased to

the point where radio devices can be made economically at much higher frequencies than

before. However, signals at shorter wavelengths are reflected by smaller objects, and

such delayed reflections distort digital transmission, causing intersymbol interference (IS I) .

Higher frequency digital cellular communication only became possible through the use of

advanced digital signal processing algorithms that could correctly decode information

distorted by IS I. Research into such techniques remains the dominant subject of wireless

communications and resulted in the most recent shift to OFDM.

[0052] Unlike communications systems where multiple, differently-delayed reflections are a

nuisance, in radar systems, the delayed reflections are the wanted information. Also in

contrast with communications systems, except in bistatic radar systems, the signal

reflected from an object or target and processed by a radar receiver has originated in the

radar's own transmitter, which may be in intimate proximity to the receiver. Thus, the

receiver can use information on exactly what was transmitted, and when, to aid in

analyzing the received signal, and to determine the delays of target echoes which indicate

their range.



[0053] There are several different types of radar systems. The most well-known is pulse

radar, in which a very short pulse of very high power microwave energy is transmitted

during which time the receiver is blanked to prevent overload or damage; then the receiver

is unblanked and listens for echoes received with various delays. The length of time the

receiver can listen before the next transmitter pulse equates to the maximum range. The

antenna may rotate between pulses to test for reflecting objects at different azimuths or

elevations or both.

[0054] A less common variation of the above is the bistatic radar system in which the

transmitter is not co-located with the receiver and uses a totally different antenna. The

receiver thereby does not need to be blanked during the transmit pulse.

[0055] In pulse radar systems, the transmitter duty factor and therefore the mean power is

small; therefore, to achieve enough sensitivity for long range performance a high peak

pulse power must be used. To overcome that, another type of radar called continuous

wave (CW) radar is used. A CW radar transmits and receives all the time. The

transmitted signal has features in its waveform that enable the receiver to determine the

delay of a received signal by determining the time difference between the transmitted

feature and the received feature. In FMCW-type radar systems, the feature used is the

instantaneous frequency. The transmitter frequency is changed linearly and very rapidly

from a starting value to an ending value to create what is known as a chirp. A delayed

signal will be received at an earlier value of the chirp frequency. By forming a beat

between the transmit frequency and the received frequency in the receive mixer, and

determining the beat frequency, which is the transmit-receive frequency difference, the

delay of the reflected chirp can be calculated. Because such a frequency difference

cannot be distinguished from Doppler, a forward and backward chirp may be used

alternately, producing a sawtooth frequency modulation. Any Doppler has opposite effect

on interpreting the forward chirp compared to the backward chirp, thus allowing range and

Doppler to be separated. In FMCW radar systems, one issue is the extreme accuracy and

linearity needed for the chirp signal. The greatest issue in CW radar is receiving at the

same time as transmitting. The transmitted signal is much stronger than any received

echo and can overload the receiver's limited dynamic range.



[0056] Another version of CW radar called pulse-CW radar aims to reduce the difficulty of

receiving weak echoes from distant objects in the presence of the strong own transmitter

signal. This is similar to pulse radar except that the transmitter duty factor is much higher,

for example 50%. A modulated transmit pulse is transmitted for a duration that fills up the

time to the furthest object and then switches off. Meanwhile, the receiver attempts to

receive strong echoes from nearby objects while the transmitter is transmitting, but when

receiving weak later echoes from distant objects, the transmitter has already switched off,

facilitating their detection. Improving near-far performance in radar systems is described in

detail in U.S. patent application, Ser. No. 15/292,755, filed Oct. 13 , 201 6 ("the 755

patent"), which is hereby incorporated by reference herein in its entirety.

[0057] In the following disclosure, digital codes are sometimes referred to as comprising a

bit sequence and sometimes as comprising a chip sequence. The terms "chips" and "bits"

are used interchangeably herein, and mean binary valued quantities. The binary values

are 0 or 1 in Boolean notation or + 1 and - 1 in numerical notation. They may also be

abbreviated to just + and - signs. The term "symbols" is also known, and may apply to

binary values or multi-valued quantities selected from a finite alphabet. When a mult i

valued quantity can exhibit 2N different values, it can also be equated with N binary values

or bits. Therefore, it should be understood that grouping a number of bits into a multi

valued symbol and describing a system in terms of symbols rather than bits or chips does

not represent a significant technical departure from the teachings herein. Also, while the

invention is described in terms of waveforms that have four principal constellation points of

+/- 90 degrees and 0/1 80 degrees, a person of normal skill in the art would be able to

produce variations using the teachings herein that used higher order constellations such

as 8-PSK or MFSK. Hereinafter, the invention shall be described in terms of binary bits or

chips, but the scope of the invention encompasses all such variations as may be made by

a person of normal skill in the art and described by the attached claims.

[0058] The invention is described primarily for use in a digital FMCW radar in which

transmission and reception occur simultaneously at a same site. However, the modulation

is also useful in digital FM radars that do not necessarily transmit and receive at the same

time, but rather alternately. Hybrid radars can also be made in which transmission and

reception are simultaneous for a first period and then the transmitter switches off to allow



the receiver to receive weak, late echoes without strong interference from the local

transmitter, as discussed in the 755 patent.

[0059] All such references to digital FMCW radar therefore, especially in the claims, shall

also be interpreted to encompass the above variations, unless explicitly limited by

appropriate wording.

[0060] In all radar systems, the distance resolution is ultimately related to the width of the

autocorrelation function of the transmitted signal. Advanced algorithms such as Multiple

Signal Classification (MUSIC) allow resolution less than, but still related to the width of the

autocorrelation function.

[0061] The power spectrum is the Fourier transform of the autocorrelation function and so

has a spectral occupancy inversely proportional to the range resolution. When a signal

with certain spectrum S(jw) is transmitted and received with a matched filter H(jw) that has

the conjugate frequency response to that of the transmit spectral shaping, namely H(j(w)=

S(-jw), the output has a spectrum that is shaped by the product of the transmit shaping and

its conjugate at the receiver, namely by S(jw)S(-jw) = |S(jw)|2 , which is the power spectrum

shape, and thus has a correlation function equal to the autocorrelation function of the

transmitted signal. However, in a practical realization, the receiver does not necessarily

receive the transmitted signal with a matched filter, so deviations in the relationship

between range resolution and signal autocorrelation function may arise. In that case, the

correlation curve exhibited when the receiver correlates a received signal with a

transmitted chip sequence that is received with various delays must be computed versus

the delay for each case, and is herein termed the correlation function. With small delays of

plus or minus two or three chips, the shape of the correlation function mimics the impulse

response of the entire channel that exists between the transmitter's code generator and

the point at which the received signal is extracted into the correlator. For large relative

shifts of many chips or bits, the correlation function will exhibit the autocorrelation function

of the digital code chosen. It is well known that Maximum Length Sequences exhibit

autocorrelation functions that only have one large peak, and all sidelobes are at a level

relative to the peak of -1/N, where N is the length of the code. If they can be used, this

autocorrelation property is a desirable one for radar systems.



[0062] As noted above, FMCW radar typically used chirp signals to determine range and

Doppler.

[0063] A digital FMCW radar on the other hand transmits an RF signal which is frequency

modulated with a digital code sequence to produce a transmitted signal that has good

autocorrelation properties that facilitate range resolution while exhibiting good spectral

containment. One type of frequency modulation that appears to have interesting

properties in this regard is minimum shift keying (MSK). In MSK, the frequency is changed

between two values spaced at plus and minus one quarter (1/4) the chiprate (=bitrate)

from the carrier, with the result that the phase, which is the integral of frequency deviation,

changes by +/- quarter (1/4) of a cycle over each bit or chip. Thus, at the end of each chip,

the signal vector lies at one of two diametrically opposite points along a line at right angles

to the prior signal vector position. MSK is related to Offset QPSK in that the signal vector

for even bits ends up at +/-1 while the signal vector for odd bits ends up at +/-j. The

difference however is, that when the 1<->0 transitions of the digital code are filtered or

shaped to contain the spectrum, the MSK signal remains at a constant amplitude while an

OQPSK signal acquires amplitude modulation, requiring a linear transmit power amplifier

to preserve it. Such linear power amplifiers have lower efficiency than constant envelope

amplifiers because they do not operate at the optimum power point 100% of the time. At

low microwave frequencies such as L-band and S-band, a solid state constant envelope

transmitter may achieve 60% efficiency while a linear power amplifier may achieve only

30% efficiency. Since even class-C constant envelope solid-state transmit power

amplifiers operating at millimeter wave frequencies only have efficiencies of the order of

15% at the present state of the art, the extra loss of efficiency of a linear power amplifier is

to be avoided. Thus, constant amplitude phase modulations such as MSK are of great

interest for digital FMCW radar use.

[0064] The bandwidth of the transmitted RF signal using digital FM is proportional to the

chiprate of the digital modulating code, while the rate at which the spectrum falls off

outside of the main spectral lobe depends on the shaping applied to the frequency

modulation. It is well known that filtering an MSK modulating waveform using a Gaussian

filter produces, for some coincidental reason, the greatest ultimate rate of spectral fall-off

outside the main occupied bandwidth. This was particularly exploited for the GSM digital



cellular phone system which employed this modulation, termed Gaussian minimum shift

keying (GMSK). In this application, versions of such modulations are described that are

particularly optimized to meet criteria important in the radar application, rather than criteria

important in the communications application, and other advantageous frequency

modulation pulse shapes are disclosed.

[0065] Radars with a single transmitter and a single receiver can determine distance to a

target but cannot accurately determine a direction or an angle of a target from the radar

sensor or system unless the antenna pattern is steered between pulses either

mechanically or electronically using a phased-array. To acquire angular information for

each radar pulse period, which in the case of the exemplary radar system described herein

comprises a sequence of frequency modulating bits with which the receiver performs

correlation, either multiple transmitter antennas or multiple receiver antennas or both are

needed, and which are operative in all directions all the time. Each receiver receives and

separates each echoed transmitter signal, thus resulting in N x M received results, where

N is the number of transmitters and M is the number of receivers. With proper design,

these N x M results can be post-combined in any number of ways according to a plurality

of beamforming vectors, thereby achieving elevation and azimuth location of each signal

as well as range and Doppler information.

[0066] The larger the number of transmitter antennas and receiver antennas, the better the

resolution possible. Each transmission antenna is connected to a separate transmitter,

and each receiver antenna is connected to a separate receiver. As discussed herein, such

a radar system is known as a multiple-input, multiple-output (MIMO) radar system.

[0067] An exemplary MIMO radar system is illustrated in FIG. 4 . With MIMO radar

systems, each transmitter signal is rendered distinguishable from every other transmitter

by using appropriate differences in the modulation, for example, different digital code

sequences. Each receiver correlates with each transmitter signal, producing a number of

correlated outputs equal to the product of the number of receivers with the number of

transmitters. The outputs are deemed to have been produced by a number of virtual

receivers, which can exceed the number of physical receivers. A receiver may be referred

to as a virtual receiver even when there is only a single transmitter, in order to avoid



changing the terminology. The output of a given receiver receiving a transmitted signal

from a given transmitter has a phase that depends on the loop distance from the

transmitting antenna to the receiving antenna. Each transmit-receive combination

produces a different loop phase due to the separation of their antennas. By combining the

outputs for each transmitter/receiver combination while correcting for these different loop

phase shifts, a combined output is obtained that only constructively adds for a target at a

unique point in space. By repeating the combination using the precomputed loop phase

shifts for many different points in space, signals may be resolved in the three dimensions

of range, azimuth and elevation. The focusing effect of the above phase coherent

combining is effective for resolution in azimuth and elevation but only contributes to range

resolution at very short ranges, and the range resolution at long ranges is principally

determined by the round-trip delay of the digital modulation. An exemplary radar system

according to the invention therefore determines the range of a target or the distance to a

target principally by determining how long it takes an echo of transmitted RF signals to be

heard back at the receivers. From this measured time-delay and knowing that the

electromagnetic RF signals travel at the speed of light (or ultrasonic signals traveling at the

speed of sound), the distance can be determined.

] In digital FMCW radar, the method of determining the time delay is by correlating a

received RF signal with multiple time-shifts of the digital modulating code to produce

correlations which are stored in range bins. The length of time over which coherent

correlations can be performed is limited by the phase rotation caused by Doppler shift. To

continue cumulative correlation for longer times than this, partial correlations are combined

while compensating for the Doppler-induced phase drift. The partial correlations may be

stored for each virtual receiver and range in a 3-dimensional array called a radar data

cube, as illustrated in FIG. 3 , in which the three dimensions are virtual receiver number,

range, and time or index of the partial correlation. Partial correlations for the same

receiver and range are then submitted to an FFT, which combines them in a

computationally efficient manner with many different hypotheses of the rate-of-change of

phase, thus producing long correlations for each of a number of Doppler bins. The result

is then stored in a radar data cube having the dimensions of virtual receiver number, range

and Doppler shift. Thus, the radar data cube time dimension has been converted into a



Doppler shift dimension which is more meaningful for characterizing a reflecting target or

object as stationary or moving. Then, for the same range and Doppler bin, the results

across different virtual receivers may be combined by using beamforming matrices as

mentioned above in order to achieve angular resolution in azimuth, elevation or both.

[0069] Because there can be multiple objects in the environment, there will be multiple bins

in the radar cube for which there will be a high correlation. While a virtual receiver/radar

could correlate the received RF signal with all possible delays, generally there is a finite

set of delays with which the virtual receiver/radar will correlate, that is, a finite set of range

bins over the range of interest. Likewise, there will be a finite set of Doppler bins up to the

maximum conceivable relative velocity between the radar and an oncoming vehicle.

Because the transmission and return range changes at twice the relative velocity of the

target to the radar, the maximum Doppler shift may be based on four times the maximum

speed of any one vehicle. For a maximum vehicle speed of 250km/hr, which can be

reached on the German Autobahn for example, the maximum Doppler shift can be that of

a 10OOkm/hr object, which is 74 KHz at 80 GHz. If a radar system's own velocity, which is

presumed to be known, is digitally removed by applying a systematic phase de-twisting to

the received data, the maximum Doppler shift drops to 37 KHz.

[0070] The radar sensing system of the present invention may utilize aspects of the radar

systems described in U.S. patent applications, Ser. No. 15/41 6,21 9 , filed Jan. 26, 201 7 ,

Ser. No. 15/292,755, filed Oct. 13 , 2016, Ser. No. 15/204,003, filed Jul. 7 , 201 6 , and/or

Ser. No. 15/204,002, filed Jul. 7 , 201 6 , and/or U.S. provisional applications, Ser. No.

62/382,857, filed Sep. 2 , 201 6 , Ser. No. 62/381 ,808, filed Aug. 3 1 , 201 6 , Ser. No.

62/327,003, filed Apr. 25, 201 6 , Ser. No. 62/327,004, filed Apr. 25, 201 6 , Ser. No.

62/327,005, filed Apr. 25, 201 6 , Ser. No. 62/327,006, filed Apr. 25, 201 6 , Ser. No.

62/327,01 5 , filed Apr. 25, 201 6 , Ser. No. 62/327,01 6 , filed Apr. 25, 201 6 , Ser. No.

62/327,01 7 , filed Apr. 25, 201 6 , Ser. No. 62/327,01 8 , filed Apr. 25, 201 6 , and/or Ser. No.

62/31 9,61 3 , filed Apr. 7 , 201 6 , which are all hereby incorporated by reference herein in

their entireties.

[0071] FIG. 1 illustrates an exemplary radar system 100 configured for use in a vehicle

150. A vehicle 150 may be an automobile, truck, or bus, etc. As illustrated in FIG. 1, the



radar system 100 may comprise one or more transmitters and one or more receivers 104a-

104d which can be used jointly to realize a plurality of virtual radars. Other configurations

are also possible. FIG. 1 illustrates a radar system 100 comprising one or more

receivers/transmitters 104a-1 04d, control and processing module 102 and indicator 106.

The receivers/transmitters 104a-1 04d are placed to acquire and provide data for object

detection and adaptive cruise control. The radar system 100 (providing such object

detection and adaptive cruise control or the like) may be part of an Advanced Driver

Assistance System (ADAS) for the automobile 150.

[0072] FIG. 2A illustrates an exemplary radar system 200 with an antenna 202 that is time-

shared between a transmitter 206 and a receiver 208 via a duplexer 204. As also

illustrated in FIG. 2A, output from the receiver 208 is received by a control and processing

module 2 10 that processes the output from the receiver 208 to produce display data for the

display 2 12 . The control and processing module 2 10 is also operable to produce a radar

data output that is provided to other control units. The control and processing module 2 10

is also operable to control the transmitter 206.

[0073] FIG. 2B illustrates an alternative exemplary radar system 250 with a pair of

antennas 202a, 202b: an antenna 202a for the transmitter 206 and another antenna 202b

for the receiver 208. While pulse radar systems may use shared or separate antennas,

continuous-wave radars (discussed herein) will use separate antennas (for transmitting

and receiving) because of their continuous operation. Despite using different antennas,

local spillover from transmitter to receiver is a huge signal having a short delay. A critical

issue in CW radar is the removal by subtraction of this large local spillover signal, for the

success of which an accurately defined modulation, as is disclosed herein, is essential.

[0074] FIG. 4 illustrates an exemplary digitally-modulated continuous-wave radar system

400. Radar system 400 comprises a plurality of receivers and their respective antennas

406 and a plurality of transmitters and their respective antennas 408. The radar system

400 also includes a flash memory 4 12 , and optionally a random access memory 4 10 . The

random access memory 4 10 , for example, an external DRAM, may be used to store radar

data cube(s) instead of using the limited internal (on-chip) memory (e.g., SRAM), and may

also be used to store selected range bins from a greater number of radar data cubes for



post processing to improve Doppler resolution or range resolution by tracking objects using

Kalman filtering. The radar system may also include a variety of interconnections to an

automotive network, e.g., Ethernet, CAN-FD, and/or Flexray.

[0075] As was indicated above, range resolution is related to the width of the

autocorrelation function of the transmitted signal. A practical autocorrelation function width

cannot be too small, otherwise it will have to be computed from the received signal with a

sufficiently high sampling density to avoid missing the peak, and the results have to be

stored in memory for further analysis, e.g. Doppler analysis. Therefore, computational

power and on chip memory limitations, or, in the case of off-chip memory, I/O bandwidth

limitations, limit the narrowness of the autocorrelation function that can be contemplated.

In a digital FMCW radar system based on transmitting digital codes, one possible sampling

density is one sample per chip period, obtained by correlating the transmitted sequence

with different whole-chip shifts of the received signal. It could be contemplated to correlate

with half-chip shifts of the received signal, but if sufficient memory is available to store that

double number of results, then the chiprate may as well be doubled to reduce the width of

the autocorrelation function, if bandwidth is available. In the present application,

bandwidth in the 80 GHz range is not the limitation. Therefore, the practical solution is to

determine how many correlations per second can be computed and stored, and to equate

that with the chip rate, such that correlations are to be computed only for whole-shifts of

the received signal. Therefore, the characteristics of the autocorrelation functions,

computed at whole-chip shifts, need to be investigated for digital code frequency-

modulated signals. Several known algorithms exist for computing many correlations

between one or more codes and multiple shifts of a received signal; for example, a

technique using FFTs for performing circular convolution is known.

[0076] FIG. 5 illustrates an exemplary transmitter block diagram. A digital code generator

10 10 is fed with a chiprate clock to produce a pseudorandom code for modulating the

transmitter. The pseudorandom code preferably has good autocorrelation sidelobe

properties at least up to a shift corresponding to the round-trip delay to a target at

maximum range. The pseudorandom codes used by different transmitters of a MIMO

radar should also be preferably mutually orthogonal or have low cross-correlation. In a

first implementation of a radar embodying the invention, the codes are merely random and



a long correlation length relied upon to reduce cross correlation and autocorrelation to the

point where subtractive interference cancellation can take over and further suppress strong

targets to reveal weaker targets. Optionally, the sequences of random binary values

(codes or chips) may be provided by a truly random number generator or a pseudorandom

number generator. Such number generators are explained in more detail in U.S. patent

application, Ser. No. 15/204,003, filed Jul. 7 , 201 6 , which is hereby incorporated by

reference herein in its entirety.

] The digital chip code from generator 10 10 is fed to l,Q waveform selection logic

module 1020, the purpose of which is to select the l,Q waveform to be modulated for the

current chip period in dependence on the current chip and the chip history, in order to

produce a signal having a signal frequency varying according to a predetermined shaping

function. In one implementation, the number of possible waveforms is limited to eight, and

thus requires three address bits (aO, a 1 , and a2) from selection logic 1020 to address

waveform memory 1030. In another implementation, the waveform depends on fewer than

three successive chips. Each waveform may be described by a number of complex l,Q

sample values, such as 4 , 8 , or 16 samples per chip. Counter 1040 is driven by a sample

rate clock which is correspondingly 4 , 8 , or 16 times the chip rate clock that is used to

select each l,Q sample pair in turn from the memory. Counter 1040 may be a "divide by 4"

using two flip-flops for the case of 4 samples per chip, a 3-stage divider for 8 samples per

chip, or a 4-stage divider for 16 samples/chip. The divided, down-sample rate clock is the

desired chip rate clock and may be used to clock the digital code generator 10 10 . Each

stage of counter 1040 produces a digital output as a further address bit to memory 1030.

In the case of 8 samples/chip, three counter bits (tO, t 1 , and t2) are provided to memory

1030 to select one of the 8 samples. The selected sample (0 to 7) of waveform (0 to 7)

comprises a digital I and Q value with a word length in the range of 8 to 16 bits. The digital

I and Q values are fed into respective I and Q digital to analog converters (DAC) ( 1050A,

1050B) where they are converted to analog voltages or currents. At very high speeds, it is

desirable that high speed analog signals be balanced, as the quality of an on-chip ground

cannot be relied upon for single-ended signals at very high frequencies. The balanced

analog I and Q voltages from respective DACs ( 1050A, 1050B) are then smoothed using

respective low-pass filters ( 1060A, 1060B) which may be deliberately engineered, or may



be a collection of incidental bandwidth restrictions produced due to component frequency

response limitations. Either way, the filtering needs to be sufficient to contain the

transmitted spectrum to meet the out-of-band limits specified by the frequency

management authority. The filtered balanced l,Q signals then modulate quadrature carrier

signals produced by quadrature local oscillator (QLO) 1070 (may also be referred to as a

frequency generator) using a pair of balanced modulators ( 1080A, 1080B) (may also be

referred as l,Q modulators). The quadrature local oscillator may also be referred to as a

carrier frequency generator operable to generate a carrier signal that is frequency

modulated by the pair of balanced modulators ( 1080A, 1080B). Furthermore, the I , Q

waveform selection logic 1020, the waveform memory 1030, the digital-to-analog

converters 1050A, 1050B, the low pass filters 1060A, 1060B, and the balanced modulators

1080A, 1080B may be collectively referred to as the modulator. Gilbert-cell mixers using

28 nm MOSFET transistors have proven capable of modulating an 80 GHz carrier signal

with 2 GB digital code rates. Gilbert cell mixers driven by similar QLOs may be used in the

radar receiver in order to produce zero-IF, homodyne receivers.

[0078] In a MIMO system, all transmitters and receivers preferably have a known phase

relationship in order to allow the receiver outputs to be coherently combined by

beamforming matrices. In one implementation, the desired phase relationship is

guaranteed by injection-locking each transmitter and receiver's QLO (frequency generator)

to a common standard. For a millimeter wave radar operating around 80 GHz, the

common standard may be a sub-harmonic of the desired millimeter wave frequency, such

as 1/5th or 16 GHz, at which frequency it is easier to fabricate an accurate digital

frequency synthesizer or generator to give programmable center or mean frequencies.

[0079] The modulated signal at the radar carrier frequency is amplified to a transmit power

level in constant envelope power amplifier (PA) 1090 which also operates push-pull (i.e.

balanced). The push-pull PA 1090 is cross neutralized to reduce Miller feedback, improve

the high frequency gain and reduce the S 12 parameter. On-chip Balun transformer 1095

may be used to convert the push-pull signal to single ended to bring the signal off-chip

through a ball-bond surrounded by grounded ball-bonds.



[0080] FIG. 6 is a graph illustrating the typical eye diagram of the I and Q parts of the

transmitted carrier using Gaussian minimum shift keying (GMSK) when no limit is placed

on the number of stored waveforms; that is, each transition can depend on as much past

history as the impulse response length of the selected Gaussian filter exhibits. For FIG. 6 ,

a Gaussian filter with BT=0.3 was used. A filter with BT=1 means the -3dB bandwidth is

equal to the chiprate, and BT=0.3 means the 3dB bandwidth is 0.3 of the chiprate.

Moreover, in common with the definition of GMSK used in the GSM system, the Gaussian

premodulation filter is not fed with square waves (with a polarity equal to the bit values),

but by impulses of unit area (with polarities given by the bit values). A square wave bit

stream already has an implied sin(x)/x frequency-response shaped filter that shapes the

waveform from impulses to square waves, and it is desired to investigate the performance

of filters that are not constrained to include this inherent sin(x)/x factor.

[0081] FIG. 34 illustrates a flow chart that was used to compute the waveforms of FIG. 6

and subsequent graphs. An 8-bit linear feedback shift register was used to generate a

maximum length sequence of 255 bits at step 1, and the sequence extended to 256 bits by

adding one more bit to obtain a power of 2 bits. If the added bit is a zero, the extended

256 bit sequence will have an equal number of 1's and 0's.

[0082] At step 2 , each bit is placed in the center of a group of NSPB samples with the other

samples zero, to represent an impulse having the desired bit polarity. The bit values are

multiplied by NSPB to give the impulse unit area. The number of samples per bit is also

chosen to be a power of 2 , that is 4,8,1 6,32,64,1 28 or 256, so that the total number of

samples is a power of 2 equal to 1024,2048,4096,81 92,1 6384,32768 or 65536. The

purpose is to allow the use of a fast, base-2 FFT at step 3 to produce the spectrum of the

unfiltered impulse waveform. At step 4 , the spectrum is weighted by the frequency

response of the shaping filter, e.g. a Gaussian filter. The filtered frequency modulating

waveform must be integrated to obtain the phase waveform. This is conveniently done in

step 5 while the signal is still in the frequency domain by dividing each spectral line by j

times its own frequency. When the whole sequence is 256 bits long, the line spacing is

1/256 of the bitrate, so the frequency of each spectral line is simply determined. At step 6 ,

an inverse FFT produces the time waveform from the filtered and integrated spectrum.



[0083] At any point before step 7 , a suitable scaling is applied so that the desired

frequency deviation or modulation index is obtained. At step 7 , the l,Q waveform is

computed by taking the cosine and sine of the phase modulation samples, which also has

the effect of reducing the phases modulo-2TT. At this point, if the l,Q waveform does not

join up end-to-end, a phase slope may be applied across the l,Q waveform to force it to

join up end to end. This is equivalent to a very small frequency shift which can be used

later if necessary to ensure that any filtering is correctly centered. The purpose of

ensuring end-to-end continuity is that the FFT at step 10 assumes a cyclic waveform,

without which artifacts may appear on the spectral sidelobes so calculated.

[0084] At step 8 , the eye diagram is plotted, and manually a phase adjustment is

determined that brings the eye diagram into focus such that maximum eye-openings of the

I and Q bits are obtained and so that all trajectories converge to the minimum number of

different I and Q waveforms.

[0085] At step 9 the correlation function and autocorrelation functions may be calculated

and displayed, and then the spectrum calculated at step 10 is displayed at step 11.

[0086] The flow chart may be extended to add other filtering such as the low pass filters

1060A and 1060B of FIG. 5 , and receive filtering, and the effect on eye diagram,

correlation function, and spectrum may be calculated and displayed as at earlier steps.

[0087] Note that in order to display an eye diagram having the best eye openings that best

indicate the values of the modulating symbols, it may be necessary to determine a

common phase rotation to be applied to all l,Q values to remove any phase shift that may

be an artifact of the program simulating the modulation. In the simulation program used to

produce the results herein, this common phase artifact was determined to be equal to

5/8ths radians, and so the waveform was rotated by -5/8ths radians at step 8 to display the

best eye openings.

[0088] After applying the above phase shift, by inspection there appear to be eight possible

l,Q waveforms except at the position marked X on the rising flank and its corresponding

position on the falling flank. The number of waveforms is simply determined by drawing a

vertical line at any time point and counting the number of distinct trajectories that cross it.



The number is four each for I and Q near the center of the l-eye or Q-eye for a total of

eight, but they diverge slightly to 16 in the vicinity of point X . That means that the

waveform at point X depends on four bits, while the waveform at other times depends only

on three bits. The best phase shift mentioned above will be found to reduce the number of

trajectories to a minimum by converging trajectories that were otherwise apparently

divergent due to the phase shift produced by the modulating program. Manually adjusting

the phase shift while observing the eye diagram will be seen to bring the picture into focus.

[0089] The number of bits on which the waveform depends can also be seen by computing

a correlation between the output waveform and the modulating chip code. At this point it is

necessary to explain the relationship between the digital code chip polarities and the

polarity of the I value at the maximum l-eye opening and likewise the polarity of the Q-

value in the center of its eye. When digital frequency modulation using MSK or GMSK is

employed, each modulating bit polarity determines whether the l,Q vector rotates

clockwise or anticlockwise by 90 degrees over the bit period. Thus, after two bit periods,

the l,Q vector will have rotated by either 0 or 180 degrees. In between, the vector lies at

either 90 or 270 degrees. Thus, the polarity of even bits determines whether the vector will

end up at 0 or 180 degrees and the polarity of odd bits determines whether the vector will

end up at 90 or 270 degrees. However, the effect is cumulative, as shown in the table

below:

[0090] In the above table, bit number 1 is a 1, sending the phase clockwise from an

assumed zero starting value to +90 degrees. The second bit is a zero, sending the phase

counterclockwise 90 degrees back to 0 . Bit 3 is a 0 , sending the phase 90 degrees

counterclockwise to -90, and so forth. Thus, the relationship between phase and

frequency-modulating bit sequence is:

[0091] Φη = mod2TT[ ∑ π Β /2], i = 0 to n ( 1 )

[0092] This may also be written as:



[0093] Φη = mod2TT[ct>n-1 + πΒη /2 ] (2)

[0094] Thus, if a 2-bit state variable is used to keep track of where the phase ended up last

time (that is, the value of Φη- 1 ) , then the phase at the end of the current period can be

determined from equation (2).

[0095] In the GSM digital cellphone communications system, a simpler relationship

between l,Q polarities and modulating bits was arranged by the use of precoding. If the

desired modulating chip code is designated Ci, then modulating bits Bi are derived from

the desired modulating chip code Ci, according to the precoding equation (3) below:

[0096] Bi C i.xor.Ci-1 (3)

[0097] The relationship between Bi, Ci , phase, and l,Q peak value polarities may be seen

in the following table:

[0098] The final row is derived by multiplying the penultimate row of 1+jQ values by -(j) .

The result of this systematic progressive phase twist, which increases at 90 degrees per

bit, is to throw the Q values up into the real plane, making all values real and in agreement

with the original C-values. In GSM, this progressive twist is applied at the receiver so as to

reproduce the code C generated at the transmitter. Without the progressive twist, it may

be seen from the 1+jQ values that the sign progression of I bits is

[0099] - 1 - 1 1 - 1 compared to the corresponding bits of C - 1 1 1 1

[00100] showing that there is a sign alternation. The same is true for Q bits

[00101] j j j j j compared to 1, 1 ,-1 , 1 - 1



[00102] Therefore, an alternative method of ensuring that the signs of I alternating with Q at

the receiver correctly reproduce the intended code C would be to flip the signs of the C bits

at the transmitter according to the pattern:

[001 03] + + - - + + - - + + - - + + - -

[00104] Consequently, there are optional methods for ensuring that the chip sequence C

produced by the code generator 10 10 at the transmitter is reproduced at a point in the

receiver chain where it can be correlated with a locally generated replica of C. If this is not

done, then correlation at the receiver must use the expected signs of I and Q. The

autocorrelation sidelobe characteristics when using the latter method will not be the same

as the autocorrelation characteristics of code C, but of code C with bits flipped according to

the above alternating sign pattern. To obtain autocorrelation characteristics intended by

design, it is necessary to ensure that the receiver correlates with a code having the desired

characteristics, and this is ensured by the use of appropriate transmitter precoding in the

l,Q waveform selection logic unit 1020 paired with the correct signal treatment at the

receiver. The method chosen for the transmitter, i.e. any desired precoding, is built into

l,Q waveform selection logic 1020.

[00105] Using GMSK, the frequency pulse shaping produced by the Gaussian filter may

have an effect beyond the current chip. The phase change produced over one chip period

by GMSK frequency pulses may fail to reach 90 degrees over one chip period, but when

integrated over all chip periods affected by a given chip, the cumulative phase change to

the signal produced is exactly +90 degrees so that the four principal terminal positions of

the signal vector remain fixed and do not slowly rotate. This characteristic is maintained in

this invention for all frequency pulse shapes considered by constraining the area integral of

a frequency pulse shape over its entire impulse response length to be a fixed value.

[00106] When the receiver is on the same silicon chip as the transmitter, the local replica for

correlation is simply derived from the code generator 10 10 by delaying it if necessary.

[00107] When the precoding of equation (3) is applied at the transmitter, and the receiver

applies a systematic progressive 90 degree per chip twist to received signal samples, the

twisted samples may be correlated with the shifts of the code C produced by the code



generator 1010. If the receiver samples the received signal at N samples per chip, then

selecting samples (e.g., 0 , N, 2N, 3N), progressively twisting the samples and correlating

with shifts of the code C, produces points on the correlation function (e.g., 0 , N, 2N, 3N).

Then, selecting points 1, N+1 , 2N+1 , 3N+1 etc., progressively twisting them and

correlating with C, produces points 1, N+1 , 2N+1 , 3N+1 etc. of the correlation function.

Continuing in this way produces the correlation function for all relative time shifts in steps

of 1/N of the chip period.

[00108] The above described correlation function is illustrated in FIG. 7 . The magnitude is

plotted in dBs, and the horizontal divisions are one chip periods. This function is the

correlation of the transmitted signal with the corresponding digital code, or equivalently it is

the correlation of the received signal with the transmitted code when the receiver does not

add additional filtering. Such a wideband receiver is undesirable however, as a bandpass

filter is required to limit noise.

[00109] The correlation function of FIG. 7 illustrates that, for sampling in the center of the

eye, the peak correlation is unity as it just reproduces the mean power of the signal which

has been set to unity, and the correlation at +/-1 chip period is about - 14dB. The

correlation at +1-2 chip periods is -80dB, so the transmitted signal depends substantially

only on 3 consecutive bits when sampled at the center of the eye. This is exactly in

correspondence with what can be seen in in FIG. 6 . If however, the signal is mis-sampled

by half a chip period, the correlation magnitudes are shown in the table below:

[001 10] The above table shows that a 0.5 (one half) chip mis-sampling results in a signal

that depends on 4 chips. The correlation +/-2.5 chips away is however zero. This also

corresponds with what may be seen in FIG. 7 at point X , where the signal has 16 different

trajectories corresponding to a dependence on 4 chips.

[001 11] The receiver however cannot remain wideband. The noise bandwidth must be

limited. One way of limiting the bandwidth is to use a matched filter, which is known to



achieve maximum signal-to-noise ratio. A matched filter corresponds to correlating the

signal with the complex conjugate of itself. This produces the autocorrelation function

(ACF). The ACF for the same signal is shown in FIG. 8 .

[001 12] FIG. 8 shows that with optimum sampling, the ACF at +/-1 chip period is about -7dB

and is +/-31dB at +/- 2 chip periods. The signal now therefore depends somewhat on five

consecutive chips due to the additional ISI introduced by matched filtering. With half a

chip mis-sampling, the ACF has the values shown in the table below.

[001 13] With half a chip mis-sampling, the signal is showing a dependence on either 4 chips

or 6 chips, depending on whether a correlation level of -53dB is significant in the

application.

[001 14] In a communications system, correlation values on the order of -30dB are not of

significance because they do not significantly affect information error rates. In a radar

system however, a strong target echo can easily be 30dB above a weak target echo two

chips away. Therefore, achieving low autocorrelation sidelobes is of greater importance in

radar applications. If autocorrelation sidelobes remain high several chips away, strong

target subtraction may then be necessary to reveal weaker target echoes with neighboring

ranges. The complexity of strong target subtraction may therefore be reduced or

eliminated entirely if correlation sidelobes can be adequately suppressed.

[001 15] A number of ways of reducing autocorrelation sidelobes will now be discussed.

Firstly, it may be acceptable to use a slightly wider filter than the matched filter in the

receiver. To get an idea of suitable receiver bandpass filter bandwidths, the spectrum of

the signal shown in FIG. 9 is used. The horizontal divisions are 0.5 times the chiprate.

The -3dB bandwidth is approximately +/-0.25 times the chiprate, about the same as the

Gaussian premodulation filter. Therefore, a Gaussian filter of the same BT factor can be

contemplated for the receiver filter.



[001 16] FIG. 10 illustrates correlation sidelobes using a Gaussian receive filter with BT=0.3.

There is a 1.05 dB loss of power though such a filter and a 2 dB loss in peak correlation.

However, the noise bandwidth of the filter is only 0.63 bitrates, which is a reduction of 1.95

dB, substantially compensating for any loss of signal power and correlation magnitude.

The signal-to-noise ratio is therefore about the same as with a matched filter correlator.

The sidelobes however are now reduced from -31 dB at +/- 2 chips, using the matched

filter, to -37 dB relative to the peak of correlation. The signal-to-noise ratio effects and the

correlation sidelobes can now be explored as a function of the receiver's BT factor. FIG.

11 illustrates how the sidelobe levels at +/-0.5 chip, +/-1 chip, +/-1 .5 chips, +/- 2 chips and

+/- 2.5 chips depend on receiver filter BT. Also, the noise bandwidth and peak correlation

loss are shown, and combined to show the SNR loss involved in choosing higher receiver

BT factors to reduce correlation sidelobes. The correlation at +/-0.5 chip has the practical

significance that it represents the loss of peak correlation that occurs due to a target echo

arriving with a delay that is a non-integral number of chip periods. FIG. 12 shows the latter

as well as noise bandwidth, peak correlation loss, and net SNR loss on a finer dB scale.

[001 17] Many other filter responses could also be explored, such as boxcar filters, Bessel

filters and the like, and the number of cases that can be explored are too numerous to

address in this application, the purpose of which is directed more towards choice of

modulation, which is a transmitter question rather than a receiver question. Attention is

therefore turned to what can be done on the transmitter side to reduce correlation

sidelobes.

[001 18] FIG. 7 shows that the correlation function for GMSK with BT factor=0.3 essentially

has a 5-chip spread. A 4-chip spread is evident from the 16 trajectories visible in FIG. 6 ,

but the 5th chip dependence is there, only too small to be visible by the naked eye on the

eye diagram. Were it not for the divergence of the trajectories at location X in FIG. 6 , there

would be no more than 8 trajectories and therefore only 3 chips of correlation spread. The

waveform may therefore be handcrafted to converge these trajectories to a total of 8 .

[001 19] The first step in handcrafting the waveform is to compute, for a given group of three

chips within +/-1 chip of a waveform point, the average of all waveform values over the

four other combinations of the two chips at +1-2 chips away. The average waveform points



are intended to be stored at a given number of samples per chip in waveform memory

( 1030) of FIG. 5 for all 8 combinations of the group of three chips, and selected from

memory when those 3 chip values are presented as address a2,a1 ,a0 from waveform

selection logic ( 1020). Now the waveforms exhibit many symmetries, such as l/Q

symmetry, time-reversal symmetry, and +/- symmetry, but for very high chiprates such as

2 GB/s it can be more burdensome to try to exploit those symmetries to reduce the

memory size than to merely accept the full memory size. At lower chiprates, exploiting the

symmetries might result in a net reduction of silicon area.

[001 20] FIG. 12 illustrates the eye diagram of GMSK with BT=0.3 when the above waveform

averaging has been done to constrain dependence to 3 successive chips. It may appear

that the 4-chip dependence at point X of FIG. 13 has not been entirely eliminated.

However, the correlation function of this waveform is shown in FIG. 14, and indicates that

indeed there is a precipitous drop on the chip dependence beyond +/- 1 chip.

Substantially, 3 chip-only dependence is maintained for target echoes with up to +/-0.5

chip mis-sampling.

[00121] The apparent failure to get rid of the anomalies at location X in FIG. 6 is an artifact

of the graph plotting program. There are in fact only 2 possible waveform points on each

side on each anomaly, but the graph plotting program draws lines joining either one of the

leftmost points to either one of the rightmost points by linear extrapolation. Nevertheless,

a receive filter would do precisely that, and so it is desirable to remove this discontinuity.

This arises because the three chips on which the leftmost waveform values depend are for

example b2,b3,b4 and then this changes suddenly to a dependence on b3,b4 and b5, as

they are now the nearest chips to the rightmost point. In order to avoid this discontinuity,

those specific points at location X of the anomaly may depend only on the overlapping

symbols b3 and b4 and may not depend on either the oldest bit b2 of the previous symbol

shift nor the newest bit b5 of the subsequent symbol shift, but must be converged to a total

of four points depending only on b3 and b4.

[00122] The effect of such a waveform discontinuity is clearly seen in the spectrum of FIG.

15 . While the correlation function has been improved, the far-out spectral sidelobes have

risen from a - 150 dB level to a -70 dB level. This is to some extent inevitable, as the



power spectrum is the Fourier transform of the autocorrelation function; however,

eliminating the discontinuity should not degrade the correlation function but should improve

the spectrum.

[00123] While producing the waveform of FIG. 13 was readily automated, eliminating the

discontinuity in FIG. 13 is truly more akin to handcrafting. The reason is, if the points at

location X of the anomaly are replaced with their average, this will cause a discontinuity

with the preceding and following points. Therefore, a smooth modification of the curves

along their whole length is required to force convergence at the four points X . This may be

achieved by the following procedure.

[00124] In step 1, two values at the left-hand side of the anomaly are designated as a 1 and

b 1 and those on the right are designated as a2 and b2. The values of notional points

midway between the left and right points on their respective waveforms are computed as

ai.5 = (a1 +a2)/2; and bi s = (b1 +b2)/2.

[00125] In step 2 , if the value of ai .5 is the greater and the value of b i s is the smaller, the

factor 1+a is computed, by which waveform a must be reduced and waveform b increased

at that notional point to force convergence, as:

[00126] ( 1 +a) bi.5 = ai.5 /(1 +a) (4)

[00127] a =V(ai.5/bi.5 ) - 1

[00128] Now, it is desired that the above factor should modify the waveform at the desired

point of convergence, but that the factor should gradually diminish to unity at the center of

the eye and at the ends where the waveforms are already acceptable.

[00129] This is done by applying a factor 1+ 0.5 a(1 -cos( Θ )) to modify the waveform points,

where Θvaries from 0 to 180 degrees along the waveform from each end to the middle.

This factor is unity at the ends and in the middle, but is the desired factor 1+a at the

anomaly.

[00130] FIG. 16 illustrates an exemplary correlation function of the waveform when

handcrafted as explained above. The chip-dependence outside of +/-1 bit descends even

more precipitously than before. FIG. 17 confirms that the discontinuity has been removed



by handcrafting, and FIG. 18 shows that the far-out spectrum has been reduced about 10

dB. Of course, the far-out spectrum may be further reduced by the low-pass roofing filters

( 1060A,B) with the reintroduction of some sidelobes of the correlation function. To avoid

such sidelobes becoming troublesome, the filter cutoff frequencies should be, for example,

Gaussian filters with a BT in the 1.5 to 3 range. A sharp filter will produce more ringing

and simulation has shown that a sharp cutoff of about 3 times the bitrate keeps the ringing

on the ACF down to about the -70 dB level.

[00131] If it is desired to further reduce the correlation sidelobes, one method of achieving

this is to increase the BT of the GSMK modulation. However, this is a straight choice

between spectral sidelobes and correlation sidelobes. The resulting waveforms must be

handcrafted anew for each choice, and sufficient information has been disclosed above for

a person skilled in the art to analyze such a choice for a particular application. Attention is

thus now turned to alternative waveforms that can be useful in an exemplary automotive

MIMO radar system, and which may reduce correlation sidelobes further while achieving a

better compromise with spectral sidelobes than GMSK.

[00132] GMSK waveforms have a 3-symbol dependence because of the 8 trajectory

waveforms that may be seen in FIGs. 6 , 12, and 17 , even at the optimum sampling point.

GSMK has that characteristic because an l-bit lying between two Q bits of equal polarity

cannot achieve full amplitude as there is no Q zero crossing between the two equal Q-bits.

2 2
If Q is non-zero, I cannot be unity due the constant envelope constraint where I +Q = 1 .

The peak value in the center of the l-bit may in fact be predicted to be:

[001 33] Ipeak =+1 , if (Q1 .xor.Q2) 1 (5a)

[00134] Ipeak + ( 1 - |Qmin|2 ) , if (Q1 .xor.Q2) 0 (5b)

[00135] In order to have single-chip dependence in the middle of the eye, Qmin must

therefore be zero, that is, the Q waveform should go to zero between two Q bits, even

when they are the same.

[00136] FIG. 19 introduces some new diagrams that assist in understanding constant-

envelope, digital modulation.



[00137] The trellis diagram in FIG. 19 indicates how the phase changes when the frequency

is modulated according to the frequency modulation waveform illustrated below the trellis

diagram. Assuming that the phase at point Q-1 is -90 degrees, the first frequency step up

to +dF causes the phase to change at the rate of 2TT.dF radians per second. If dF= 0.25B =

0.25/T, where B is the bit rate or chip rate and T is the reciprocal of B, namely the chip

period, then the phase change over one chip period from Q-1 to lo is exactly 90 degrees,

so that the phase moves from -90 to 0 from point Q-1 to lo. If Q 1 is also encoded into a

+dF frequency shift, the frequency remains at dF for a further time T and the phase

changes by a further 90 degrees to the value +90 degrees at point Q 1. The constellation

diagram shows by asterisks where the phase ends up at points I0,Q1 ,12,Q3, etc. Points

denoted by In have terminal phases that are either 0 or 180, where the real part of the

complex vector is +/-1 corresponding to the maximum eye-opening of the real part I , while

the imaginary part goes to zero corresponding to a zero crossing of the imaginary part, Q.

Correspondingly, constellation points denoted by Qn have terminal phases that are either

+90 or -90, and the l-values go to zero at those points.

[00138] In FIG. 19 , the frequency deviation is either +dF or -dF and changes abruptly from

one value to the other, while the phase changes at a constant rate from one constellation

point to the next. This modulation is known as "minimum shift keying" (MSK), and has the

eye diagram illustrated in FIG. 20 and has the spectrum of FIG. 2 1 . The spectral sidelobes

are seen to be of the order of 15-20 dB higher than those of the handcrafted GMSK

modulation illustrated in FIG. 18 , due to the absence of filtering to round the waveform

transitions. The eye diagram illustrates a small anomaly at zero crossings which is partly

an artifact of the graph-plotting program interpolating between the finite number of samples

( 16 in FIG. 20) used per bit period. Nevertheless, this is exactly what will occur in a

receiver bandpass filter and affects the resulting correlation function. The correlation

function is therefore plotted in FIG. 22 with the number of samples per chip varying from 8

to 256, in factors of 2 . It can be seen that the limit, for a large number of samples per bit,

corresponding more closely to a continuous waveform, is a correlation function that falls

precipitously to zero at +/-1 chip offset. With precise mid-eye sampling, the waveform

therefore depends on only one chip, but with mis-sampling it depends on two adjacent

chips, one l-chip and one Q-chip, as may be seen in the eye diagram of FIG. 20. This is a



reduction of GMSK's 3-chip dependence with mid-eye sampling and 4-chip dependence

(or 2-chip, with handcrafting) with mis-sampling, although this only seems to be achieved

with a large number of samples per bit. Using 8 samples per chip, and with 1/2-chip mis-

sampling, the waveform may be seen from the correlation function value at +/-1 .5 chips to

depend on two additional bits that have an influence at the -60 dB level. This drops to -70

dB using 16 samples per chip and continues to reduce with greater numbers of samples

per chip. However, further research shows that the skirts of the correlation function with

small numbers of samples per bit were due to slight numerical inaccuracies that made the

waveforms slightly different in dependence on past history. Handcrafting by averaging the

corresponding points in the eye diagram, storing the averaged values in a waveform

lookup table (e.g. memory 1030 of FIG. 5), and then using the average points, results in

the sidelobe skirts being eradicated, which is illustrated in FIG. 27 for 8 samples per chip

and in FIG. 28 for as few as 4 samples/chip.

9] It is desirable to reduce the spectral sidelobes far away from the main lobe to a level

lower than what unfiltered MSK achieves. This should be accomplished by not changing

the frequency abruptly between +dF and -dF but rather by using a smoother transition. If

smoother transitions are produced by low-pass filtering the frequency modulating

waveform, this is tantamount to using GMSK and will re-introduce additional intersymbol

interference (ISI or correlation sidelobes). To obtain a different result, shaping is used

rather than filtering. The shaped waveform can be made the same for each chip and

independent of the value of a preceding or following chip, thereby achieving spectral

improvement without the addition of correlation sidelobes (aka ISI). Moreover, to ensure

that the phase ends up at the same constellation points of +/-90 or 0/1 80 after each chip,

and not a value depending on chip history, the area under the shaped frequency waveform

must remain the same value of dF x T=0.25. FIG. 23 illustrates that a raised cosine

frequency pulse that peaks at 2dF has this property. FIG. 24 illustrates the eye diagram

for this modulation and FIG. 25 illustrates the spectrum, demonstrating the more rapid fall

of the spectral sidelobes as a result of the raised cosine shaping. The correlation function

before handcrafting the waveform is illustrated for 16 samples per chip in FIG. 26. After

handcrafting the waveform by averaging all corresponding points to form a waveform



memory and using the waveforms from memory, the correlation function remains

substantially ideal down to as few as 4 samples per chip, as illustrated in FIG. 29.

[00140] The effect of receiver filtering when the transmitter uses handcrafted raised cosine

digital FM is now illustrated in FIGs. 30 and 3 1 to compare with using GMSK, which was

illustrated in FIGs. 11 and 12 . The practical significance of these parameters is as follows:

If the radar system needs to implement strong target subtraction in order to unmask

weaker target reflections that are close in both range and Doppler, then the complexity of

the strong target cancellation procedure is proportional to the number of correlation

sidelobes after the receive filter that are significantly strong. For example, if it is desired to

cancel a strong target echo to a level of -60 dB relative its uncanceled value, then FIGs. 30

and 3 1 illustrate that, for a receiver filter BT factor of 0.53 that gives a 1 dB loss of signal-

to-noise ratio compared to a matched filter, the correlation sidelobes at +/-1 .5 chips are at

a level of approximately -62 dB. Thus, canceling the principal lobe and sidelobes at +/-1

chip will result in a 62 dB suppression even with the maximum +/- 0.5 chip mis-sampling.

Compared with FIGs. 11 and 12 , the amount of suppression using GMSK would be

approximately 48 dB. Thus, the raised cosine modulation provides a significant

improvement over GMSK as regards to strong target suppression with a 3-tap interference

canceler.

[00141] Other receiver filters can be considered, such as Boxcar filters, Bessel filters and

the like, however, the present invention is more concerned with determining an optimum

transmitter modulation. The transmitter modulation performances have therefore been

compared using the same range of receiver filter characteristics, typified by a Gaussian

filter with a range of -3 dB points relative to the chiprate determined by using various BT

factors.

[00142] The choice of a raised cosine, as mentioned above, was arbitrarily based on it being

a known smooth function. A consideration may also be made as to what other properties

such a function should have for a radar application, with a view to producing optimized

properties. FIG. 32 illustrates the shape of the exemplary class of functions to be

investigated. The function is zero for a bit interval of 0.5 < x < -0.5, will have unity area, so

as to equate to a unit area impulse in terms of the phase change it will cause when used



as a frequency modulating waveform, and will have as many zero derivatives as possible

at +/-0.5. As the function will be multiplied by the bit polarities, when the bit polarity

changes at x = +0.5, any non-zero derivative at that point flips in sign, exhibiting a step,

and the next highest order derivative will therefore exhibit impulses. The ultimate rate of

fall off of spectral sidelobes is 6N db/octave when N is the order of the derivative of the

waveform at which impulses first appear. Impulses have a flat spectrum, so working

backwards, integrating N times will produce an increase in spectral roll-off slope by an

extra 6 db/octave for each integration. Therefore it is desired that the function should have

as many zero derivatives as possible at x = = +0.5 in order to avoid discontinuities when

the function is flipped by the random sign of a code chip.

[00143] Therefore, given the criteria a function f(x) should satisfy, namely:

a . (i) Unit area when integrated from x= -0.5 to x= +0.5.

b. (ii) As many zero derivatives as possible at x = +0.5, and optionally

c . (iii) a prescribed not-to-be-exceeded value at x=0,

a set of simultaneous equations can be solved for the coefficients of a polynomial in (x/2)2

that meet the above criteria, of which a few are plotted in FIG. 33.

[00144] The polynomials found by the above method were of the form

2 4 6
[00145] ao + a1x + a2x + a3x (6)

[00146] with the following coefficients:

[00147] FIG. 33 illustrates the shaping functions of second, third and fourth order that are

computed without constraint (iii) above. However, if constraint (iii) is applied, curves with a

peak frequency deviation limited to different values can be obtained for each order by

giving up one of the zero derivative constraints (ii).



[00148] The effect on eye pattern, correlation sidelobes, and spectral sidelobes may also be

explored to determine shaping functions that may be better in a given application (such as

exemplified by the raised cosine shape discussed herein). However, the over-exploration

of different functions has limited merit because such a function will only be used for a

limited number of samples per bit (e.g., 4 , 8 or 16 , and those 4 , 8 or 16 values are going to

be quantized to a limited number of bits of accuracy). When using N samples per bit, the

spectrum is only defined out to +/- N/2 chiprates, and thus, small differences in the

functions that cause higher or lower far-out spectral sidelobes may be masked by the time

and value quantizations. Attention is thus turned to the effect of value quantization of the

l,Q waveforms and methods to determine the best quantized values and how to digital-to-

analog convert them.

[00149] When l,Q values of digital FM signals are computed to a high degree of accuracy, a

2
constant envelope will be maintained, namely I + Q = 1. When however, the I and Q

values are quantized to integer values less than some maximum value, such as +/- 3 1 for

6-bit quantizing, +/- 63 for 7-bit quantizing, or +/- 127 for 8-bit quantizing, it is not possible

to guarantee that the squares of all pairs of integers sum to the same integer value, and

thus, a constant envelope cannot be maintained exactly, and the quantized l,Q values will

have both amplitude and phase errors. However, since the transmit power amplifier is

hard limiting, the amplitude errors will be substantially shaved off, leaving only the phase

errors. Therefore, in one exemplary embodiment, a higher priority when selecting

quantized l,Q values is given to pairs of values that are closest in phase to the

unquantized vector without regard to amplitude error. Too much amplitude error may not

be acceptable, but seeking pairs of quantized l,Q values (Kx,Ky) that are closest in phase

angle, where Kx is within +/- 1 quantizing step of the closest quantizing to I and Ky is

within +/- 1 quantizing step of the closest quantizing to Q , should give lower spectral

sidelobes after hard limiting. This was confirmed to be so. However, there are low-pass

filters ( 1060A,B) after the digital-to-analog converters ( 1050A,B) of FIG. 5 that alter the

modified l,Q values, so it is necessary to compute the merit of this alternative quantization

after these filters are included. This was done using Gaussian filters with a -3 dB cutoff

point of 2 bitrates, and it was found that it was still beneficial to search for quantized values

within +/-1 LSB that best matched the phase of l,Q.



[00150] Mathematically, integer values (Kx',Ky') within +/- 1 of (Kx,Ky) are sought for which:

2 2
[00151] (Kx7 Rk - I/R) + (Ky7 Rk - Q/R) is a minimum

2 2 2 2
[00152] where Rk = V(Kx' + Kx' ) and R = V(I + Q ) .

[00153] The modified values (Κχ ' ,Κν ') were found to give lower spectral sidelobes after

filters ( 1060A.B) and hard limiting in the transmit power amplifier.

[00154] Another practical imperfection that can give rise to elevated spectral sidelobes is

digital-to-analog converter (DAC) accuracy. If the DAC does not give equal steps, this can

result in additional quantizing noise. In particular, if a strong signal cancellation unit

attempts to mimic the quantizing in the transmitter in order to maximize cancellation, the

differences between the transmit DAC and the model used for cancellation will result in

less effective cancellation. To mitigate this, a special form of DAC may be used that

effectively guarantees equal quantizing steps in the mean, and this is briefly described

below.

[00155] A n exemplary 8-bit DAC ( 1050A.B) comprises 256 nominally equal current sources,

each of which can be turned on and off by logic fed via an 8-bit value. When the 8-bit

value is zero, no current sources are turned on, and when the 8-bit value is 255, 255

current sources are turned on (with one current source remaining turned off). In one

exemplary embodiment, the 256 current sources are arranged in a ring, with those that are

turned on occupying a first segment of the circle and those that are turned off occupying

the other part of the circle. Whenever a new 8-bit value is received, it is first determined

whether more current sources will be turned on, or whether current sources will be turned

off. If more current sources are to be turned on, the additional one(s) of the currently OFF

current sources clockwise of the O N segment are turned ON, while if fewer current

sources are to be ON, then current sources counterclockwise of the currently ON segment

are turned OFF. In this way, the O N segment of current sources and the OFF segment of

current sources continuously rotate giving all current sources equal use in the mean for

contributing to every desired analog value. Moreover, the time between a current turning

on and off is maximized, thus reducing the effect of any speed limitations. In this way, the

error spectrum in the mean is zero and is reduced for lower frequencies so that the error



power spectrum is quadratic rather than flat with reduced total net error power. In one

exemplary embodiment, the digital-to-analog converter (DAC) is also balanced, like much

of the rest of the high-frequency circuitry for the reasons mentioned above. A balanced

DAC would transfer a current from a "+ output" to a "- output" in dependence on the digital

value, thus providing a bipolar conversion with the digital value represented in the

difference of the currents at the + and - outputs.

[00156] Other methods for optimizing the spectrum can be attempted when the number of

samples per bit used to represent shaped digital FM signals is small. For example, at 4

samples per bit, if the vector is starting out at the 90 degree position [(l,Q) = (0,1 )] and

heading for the 0 degree position [(l,Q) = ( 1 ,0)] in four steps, the first sample is (0.1 ) , the

middle sample, no. 3 , is at 45 degrees (0.7071 ,0.7071 ) , and the 5th sample is ( 1 ,0). Only

samples 2 and 4 remain to be defined and symmetry dictates that sample 2 is the same

angular displacement from 90 degrees as sample 4 is from 0 degrees. Therefore, there is

only one variable that can be explored to reduce spectral sidelobes.

[00157] Alternatively, the sample instants can be displaced by half a sample either side of

the +/- 90 and 0/1 80 points. The displacement is then a first variable and the angular

position of the samples on either side of the 45 degree points is then a second variable.

The spectrum can now be explored and optimized as a function of those two variables.

The correlation function may be broader for this alternative, however, as the constellation

points all depend on two bits and never only one.

[00158] Yet again, it can be beneficial if the vector dwells for two samples around each of

the +/- 90 and 0/1 80 degree points. The latter case was investigated and the values

optimized for best spectrum, giving the following l,Q values quantized to 8 bits accuracy

are listed below:



[00159] The above values are used either with a + or - sign depending on the I and Q bit

polarities required. It will be seen that the values (0,127) or ( 127,0) are repeated twice at

the junction of two successive bits.

[001 60] When sampling as coarse as 4 samples per bit, it is necessary to have a sharper

cutoff in the post DAC filters to suppress sidelobes beyond +/- 2 bitrates; for example, a

Gaussian -3 dB cutoff in the region of 0.8 bitrates. Moreover, after hard limiting in the

power amplifier, the correlation sidelobes were improved compared to using higher cutoff

frequencies. The eye diagram, when using the above l,Q values, is illustrated in FIG. 35.

The spectrum with a Gaussian post DAC filter BT factor of 0.8 is illustrated in FIG. 36,

while the correlation sidelobes are illustrated in FIG. 37.

[001 61] With 8 samples per bit, if the starting and ending sample values are as above at 90

degrees and 0 degrees respectively, then the middle sample 5 will be 45 degrees and

samples 2 , 3 , and 4 will be at the same angles from 90 degrees, as samples 8 , 6 , and 7

will be from 0 degrees, so there are three variables to explore. Defining the quantity to be

optimized, for example, as the total spectral energy beyond an exemplary +/-1 .5 bitrates, it

is within the computational capabilities of a PC to explore this as a function of three

variables within a reasonable time if so desired.

[001 62] Several methods have been discussed for optimizing a constant envelope

modulation for use in a millimeter wave digital FMCW automotive radar with regard to the

parameters that are important in such a system. The modulation is defined by a limited

number of l,Q samples per bit, such as 4 , 8 , or 16 , that are quantized in an optimum

manner to a limited word length of, for example, 6 , 7 , or 8 bits. The l,Q samples are stored

in memory ( 1030) from where they are recalled in dependence on the polarity of the

modulation bits from a code generator, which may be precoded, and with regard to the

current angular quadrant. Precoding and keeping track of the quadrant is performed by

the state machine of l,Q selection logic ( 1 020). The selected quantized l,Q samples are

digital-to-analog converted using the above described analog-to-digital conversion

techniques that shape the digital to analog quantization error noise to facilitate accurate

subtraction of strong target echoes in the receiver by using a replica of the transmit

modulator to generate a delayed, phase changed, and amplitude-weighted version that



best matches the signal to be subtracted. The digital-to-analog converted analog signals

are low-pass filtered by post digital-to-analog filters ( 1060A,B) and then a radar carrier

signal is quadrature modulated at a desired center or mean frequency.

] The exemplary embodiments disclosed herein cover many variations of constant

envelope signals including GMSK, Raised Cosine shaped pulse-FM, and polynomial

shaped pulse FM, and a person of normal skill in the art can derive many other variations

using the principles exposed herein without departing from the spirit and scope of the

invention as described by the attached claims.



CLAIMS

1. A radar system for a vehicle, the radar system comprising:

at least one transmitter configured for installation and use on a vehicle;

wherein each of the at least one transmitter is configured to generate a sequence of

chips at a selected chiprate, and wherein a modulation interval between successive chips is

a reciprocal of the chiprate;

wherein each of the at least one transmitter is configured to generate a radio signal

with a desired center frequency and to frequency modulate the radio signal using shaped

frequency pulses to generate a frequency modulated radio signal, wherein the shaped

frequency pulses correspond to a first signal, the frequency of which deviates from the

desired center frequency during each of the modulation intervals according to a selected

pulse shape, and wherein the selected pulse shape is determined by the generated

sequence of chips;

wherein the at least one transmitter is configured to transmit the frequency modulated

radio signal; and

at least one receiver configured for installation and use on the vehicle, and configured

to receive the transmitted frequency modulated radio signal reflected from objects in the

environment.

2 . The radar system of Claim 1, wherein each of the at least one transmitter comprises

a frequency generator configured to generate the radio signal with the desired center

frequency.

3 . The radar system of Claim 2 , wherein the frequency generator of the transmitter is

configured to produce the first signal having a same center carrier frequency as the radio

signal and having a constant relative phase.

4 . The radar system of Claim 2 , wherein the frequency generator is a carrier frequency

generator.



5 . The radar system of Claim 2 , wherein the frequency generator comprises a

quadrature local oscillator with provision for injection locking to a common sub-harmonic

injection signal.

6 . The radar system of Claim 1, wherein each of the at least one transmitter comprises

a code generator configured to generate the sequence of chips at the selected chiprate.

7 . The radar system of Claim 6 , wherein the code generators of each of the at least one

transmitter are configured to produce different codes.

8 . The radar system of Claim 1, wherein each of the at least one transmitter comprises

a power amplifier configured to amplify the modulated radio signal at a desired transmit

power level.

9 . The radar system of Claim 1, wherein the power amplifier is a constant-envelope

power amplifier.

10 . The radar system of Claim 1, wherein each of the at least one transmitter is coupled

to an antenna to transmit the frequency modulated radio signal.

11. The radar system of Claim 1, wherein the radio signal is a carrier signal.

12 . The radar system of Claim 1, wherein each of the at least one transmitter comprises a

modulator configured to frequency modulate the radio signal using the shaped frequency

pulses.

13. The radar system of Claim 12, wherein the frequency of the radio signal deviates

from the desired center frequency during each of the modulation intervals according to a

selected pulse shape that is selected from a set of predetermined smooth frequency-

deviation pulse shapes.

14 . The radar system of Claim 13 , wherein the modulator further comprises:



a waveform memory configured to store a number of precomputed I , Q waveforms,

each precomputed at a number of samples for each of the modulation intervals, to

correspond to a frequency modulated signal with one of the sets of predetermined smooth

frequency-deviation pulse shapes;

waveform selection logic configured to select one of the precomputed I , Q waveforms

depending on the current chip value and those of its neighbors, wherein the total number of

neighboring values on which the selection depends corresponds in number and value with

the values used for the precomputation of the selected I , Q waveform;

a digital-to-analog convertor configured to convert each I and Q samples of the

selected I , Q waveform to corresponding analog I and Q signals; and

an I , Q modulator configured to modulate the radio signal with the analog I and Q

signals to produce the frequency modulated radio signal.

15 . The radar system of Claim 1, wherein the desired center frequency is in a wave

region of 70 to 80 GHz.

16. The radar system of Claim 1, wherein pulse shapes are frequency deviation pulse

shapes defined by a number of samples per each of the modulation intervals, and wherein

an integral of each frequency deviation pulse shape over its entire impulse response length

produces an incremental signal phase change of + 90 degrees.

17. The radar system of Claim 1, wherein the selected pulse shape is determined by a

limited number of successive ones of chips.

18. The radar system of Claim 17, wherein the limited number of successive ones of the

chips which determine a selected pulse shape is a maximum of three.

19. The radar system of Claim 17, wherein the limited number of successive ones of the

chips with determine a selected pulse shape is a maximum of two.

20. The radar system of Claim 1, wherein the code generator produces a sequence of

bits which is a maximum length sequence.
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