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Abstract :-The Linear Frequency Modulation (LFM) waveform is the most commonly and extensively used signal in 

practical radar system. This paper introduces a new scheme of Piecewise Nonlinear Frequency Modulation (PNFM) for 

generating good code sets. Each code set has good autocorrelation with small peak sidelobes and cross-correlation. A 

weighting function is usually applied in order to reduce the sidelobes. In an effort to achieve low autocorrelation 

sidelobe level without applying weighting function, PNFM signal has been investigated. The new class codes is shown 

to have good ambiguity function with the ability to tolerate a realistic range of Doppler shift. At the receiver a matched 

filter is used which improvement in Doppler detection with good SNR. 
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I. INTRODUCTION 

Chirp system are the only spread spectrum system that do not normally employ a code sequence to control their output 

signal spectra. Chirp signal is generated by sliding the carrier over a given range of frequency in a linear or some other 

known manner during a fixed pulse period as shown in figure 1. The chirp spread spectrum receiver can employ a 

matched filter [7] to reassemble the time-dispersed carrier power. Chirp signals are angle modulated sweeping signals. 

It can be linear, that is time-bandwidth is constant or non-linear way for the whole frequency bandwidth B (Hz) by a 

sinusoidal waveform of constant amplitude within a certain time (Ts). If the sequence of frequency is swept from the 

lowest to the highest frequency limit, we called it as up-chirp. In the opposite direction it is down-chirp. The bandwidth 

of signal inside the pulse are very high hence it is spread spectrum modulation technique and gets the advantage of 

spread spectrum. When passed through a matched filter, this technique gives implementation of pulse compression 

[17]. For a given range resolution, pulse compression results in increased sensitivity.Pulse compression techniques 

have recently become more attractive, because of lower average power, higher sensitivity and higher scanning speed 

with increasedresolution. Hence the chirp spread spectrum is more suitable for spread spectrum radar altimeter design. 

 

The importance of chirp waveform in proposed scheme has following advantages. First the constant envelope of time 

domain waveform leads to a maximum efficiency of the transmitted module. Second, the chirp spectrum approaches a 

regular sinc shape as time-bandwidth product increases so that its spectral efficiency and signal-to-noise ratio can be 

maximized. Finally exploit the linear frequency-time characteristics of chirp in signal processing. 

 

The recent chirp system discussion such as classic chirp, spread spectrum system uses Surface Acoustic Wave (SAW) 

devices for chirp spreading and dispreading via SAW filtering. Most of the mature solution reaches lower Ultra Wide 

Band (UWB) based on binary sequence spreading [7, 10]. On the other side, there is fast pace development of the low-

cost and low-power CMOS RF technology on which the majority of low-power UWB solutions are based. 

 

The radar receiver is mainly divided into front-end processing and back-end processing. The front-end processing 

consists of down converting the received RF signal. The components of front-end receiver are antenna, pre-filter, low 

noise amplifier (LNA), mixer for fixing of receiver signal with local oscillator or the transmitted signal. In this process 

of mixing the high frequency is down converted to lower frequency. It is further divided and mixed with quadrature 

mixing 90º shifted local oscillator. This signal is further amplified with LNA. The splitted intermediate frequency (IF) 

converted to digital by Analog to digital converter (ADC).The back-end processing starts from processing of signal for 

detection of range (distance) and velocity. The digital signal is processed by the DSP processor in digital domain or 

frequency domain. In back-end processing of the receiver, signal is compressed in frequency domain which can be 
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regarded as dual to pulse compression reduces time-bandwidth (TB) product of the signal. Thus the number of samples 

needed to sample the compressed signal can be reduced.  

 
Figure 1. Linear chirp pulse (a) transmitter pulse envelope, (b) transmitter pulse frequency and (c) transmitted pulse RF waveform 

 

The time side lobes suppression is realized thanks to weighting operation being a result of intended introduced 

mismatch to the filter. Unfortunately, such the operation causes moreover losses concerning the output signal that 

causes the radar range limitation among others. The nonlinear frequency modulation (NLFM) signal application is the 

other method for the time side lobe suppression. Such the method islossless but for the signal synthesis it needs 

complicated analytical tools. Moreover, the NLFM signal is more sensitive for the Doppler effect. 
 

 
 

Figure 2. Typical LFM waveform a) upchirp b) downchirp 

The purpose of this paper is to evaluate the Piecewise Linear Frequency Modulated Pulse Compression (PLFM) [1] and 

propose Piecewise Non Linear Frequency Modulation (PNFM). The ability of PNFM is increasing effective power and 

sensitivity, as well as producing good quality estimates of radar measurable. The objective of this paper is to use a good 

class of PNFM codes that form sets such that all codes in each set have superior autocorrelation and such that every 

pair in the set has miniature cross-correlation. This is in addition to preserving the Doppler Tolerance and Detection 

properties (improved further with the use of an extended matched filter), as in the Triangular FM [1]. These old codes 

set applied for, where time duration and frequency sweeps are fixed belonging to the set. The new class of good code 

sets is compared to related classes that could be formed by changing the chirp rate while keeping the time-bandwidth 

product constant. 

II. GENERAL CONCEPTS 

 

Pulse compression (PC) is of wide use in radar systems to increase return energy without an increase in power, via 

relatively long pulses of sufficient time-bandwidth, so that no degradation in range resolution occurs. Assuming an 

additive white noise environment and a stationary point scatter there is no better processor than the matched filter. 

Pulse compression obviates the tradeoff between radar probing distance (and the need for high energy) and range 

resolution (short pulses desired) by internal modulation of a long pulse, and has significantly contributed to the 

development of radar systems since the 1950s. Sidelobe deduction has good application in radar and radar related 

application. Radar systems detect both the range (distance) and the Doppler (speed) of a target, whether it is on the 

ground or in space. Chirp waveforms are utilized in radar systems in order to detect both range and speed, 
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simultaneously [17]. A chirp waveform is essentially a sinusoid with a frequency that varies over time. For the 

purposes of this research project the time-domain chirp is defined as the following: 


  dfj

etx
)(2

)( )1(  

where )(f is the linear chirp on a frequency vs. time plot.  

Piecewise linear chirp is a new approach used to optimizing the radar chirp. The frequency vs. time characteristic of the 

chirp is required to be piecewise linear. Gradually changing the frequency of the chirp instead of instantaneously 

varying it could potentially yield more desirable spectral characteristics [2]. Two main goals exist for this chirp 

optimization: 1 the energy within the band of the chirp signal must be maximized, and 2 the in-band evenness should 

be as flat as possible while the spectrum is contained by a regulatory spectral mask.  

 

Pulse compression radar is the practical implementation of a matched-filter system. The received echo is fed into a 

matched filter whose frequency response is the complex conjugate H*(ω) of the coding filter. The output of the 

matched filter, y(t) is the compressed pulse which is just the inverse Fourier transform of the product of the signal 

spectrum and the matched filter response. 
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A filter is also matched if the signal is the complex conjugate of the time inverse of the filter‟s impulse-response. 

 
Figure 3. Matched filter response. 

This is often achieved by applying the time inverse of the received signal to the pulse-compression filter. 

 dthhty )(*)()(  

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In the chirp case this function is implemented by taking the product of the received signal with the transmitted signal 

and filtering to obtain a constant frequency beat. Spectrum is then determined using the Fourier transform or a similar 

spectral estimation process. 

 

The ambiguity function [16] as shown in figure 4 is the time response of a filter matched to a given finite energy signal 

when the signal is received with a delay and a Doppler shift relative to the nominal values expected by the filter. No 

matter how we design our waveform, the volume of the ambiguity function remains constant.  





 dttjtutu )2exp()(*)(),(  )4(  

LFM increases the bandwidth and subsequently improved the range resolution of the signal by a factor equal to the 

time bandwidth product. However, relatively high peak sidelobes remain in the autocorrelation function are 

unacceptable in some radar applications, where more than one target is present, giving rise to echo of different 

amplitudes. Three major techniques have been implemented to obtain lower sidelobes level, i.e., (1) weighting in time 

domain, (2) frequency domain weighting and (3) NLFM [2,5,6]. NLFM waveform is designed as matched filter 

response satisfies the sidelobe requirements. Since the receiver is matched with to the signal shape, no mismatch losses 

as in time domain weighting and frequency domain weighting. Several papers suggest that an issue for NLFM 

waveforms is their tolerance to Doppler shifts, i.e., maintaining their desirable sidelobe properties when Doppler 

shifted. However Johnson and Fairhead [22] state “the choice of window function [i.e. desired PSD taper for NLFM 

design] appears less important than previously supposed, although the truncated Gaussian window does give slightly 

better tolerance than the others to Doppler shift.”  Morgan [23] proposes a hybrid approach to deal with this. It is easy 
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to notice that the autocorrelation function side lobes level and their structure are much better in the case of the NLFM 

signal than in the case of LFM signal despite the mainlobe broadening. New proposed method called Piecewise Non-

Linear FM (PNLFM) is similar to NLFM but has the advantage of time sidelobe reduction. 

 
Figure 4. Simple ambiguity function of chirp signal. 

III. MATHEMATICAL MODELING AND PROCESSING 

A. Ideal linear chirp pulse 

Both the transmitter and receiver uses a linear chirp pulse generator. In the generator, ideally linear chirp pulse of 

central frequency f0, duration Tp and frequency sweep of cf  is generated. Instantaneous chirp frequency can be 

expressed as  

fi(t)=f0+Kct,          -Tp/2 ≤ t ≤ Tp/2      )5(  

whereKc =

p

c

T

f
 is chirp phase of its instantaneous frequency 
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Ideal chirp pulse waveform 
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where ),2/,( ppi TTtw  is the rectangular window function with limit t1 and t2. 

Time bandwidth product gives the number of independent complex samples needed to characterize the waveform. 

pcc TfTB  )9(  

B. Non-ideal linear chirp pulse 

Linear VCO that would typically use linear chirp pulse never has an ideally linear turning curve 

),,()(
))()((
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here )(td  is the chirp phase non-ideality function 
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where )(df  is chirp frequency error )(to  is phase modulation by the system component. 

C. Practical synthesized NLFM 

The synthesized NLFM signal s(t) realizable in practice is the waveform with finite duration time, constantamplitude 

and continuous inner pulse frequency modulation. Its shape describes the formula as follows: 
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where A — signal amplitude, it  — signal duration timeand θ(t) — the angle modulation function. Realizing the limit 

change from the parameters m and n integer set to the values interval from the real number set one can change from the 

case of frequency manipulation to the case of continuous frequency modulation. 

D. Receiver-end processing and correlation 

Received signal are process for detection of range (distance) and velocity. In receiver, signal is compressed in 

frequency domain which can be regarded as dual to pulse compression reduces time-bandwidth (TB) product of the 

signal. Distance is calculated from time delay and velocity from frequency shift by the effect of Doppler shifting. Pulse 

compression is obtained by cross-correlation of received signal with transmitted signal. The effect of delay on each 

code set is considered in such a way that all the cross-correlation peaks are lined up at a single point in time, which 

make analysis difficult. Figure shows optimum matched filter and correlation integration. 

 
Figure. 5: Optimum correlation integration receiver 

 

The receiver corresponding to the i
th

 code will be analyzed. The receiver signal is given by 

)()()( 1 tntctr l

M

l   )13(  

Upon reception of r(t) at the receiver for i
th

 code , decision variable is obtained by cross-correlation r(t) with matched 

filter normalized to unit energy.To get complete cross-correlation between the matched filter and code, we add the 

output of the pieces of the matched filter, )(a

ijR  and )(b

ijR  
b

ij

a

ijij RRR )( )14(  

IV. SIMULATION RESULT 

 

Simulation was performed to compare different code set to improve the ambiguity function. The good code set contain 

good ambiguity function with single main-lobe and many peak side-lobes. Code set contain the combination of up-

chirp and down-chirp which are usually used in the radar, altimeter and communication fields. This stimulation helps to 

optimize the signal to noise ratio and spectral efficiency in the radar receivers. The figures also contain the 

instantaneous frequency plots corresponding to the 3D ambiguity functions for the types of codes being analyzed. A 

sample chirp ambiguity function is given below. While seeing the figure main amblitude and side lobes are close to 

each other. So this is not a good response to a recever with noise. The time side lobe should be maximum.In figure 6 

shows the ambiguity function of PLFM with down-chirp up-chirp combination and triangular FM chirp codes [1]. 

 

If we convert to frequency-time plot the first plot is „V‟ shaped and second plot is „Λ‟, triangular FM chirp. Triangular 

shaped chirp has the ability to both tolerate and detector Doppler shifts because time side lobe levels are more.The 

proposed PNFM code set as shown in Figure 7 has superior ambiguity function with good time side lobe level. These 

types of code sets are better immune to jammer noise and good detection when used as radar receiver.When the 

instantaneous frequency plots corresponding to chirp code set gives a nonlinear frequency modulation of the signal. 

The time side-lobe level is good which is useful in radar like applications.  
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  Chirp code set Ambiguity function 

  

 
 

Figure 6. Ambiguity function of  Linear chirp code set with time bandwidth product as constant 

  Chirp code set Ambiguity function 

  

 

 

Figure 7. Ambiguity function of non-linear chirp code set with time bandwidth product is constant. 
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Time domain weighting is equals to the amplitude modulation of the transmitted signal. However such implementation 

will lead to reduction of transmitted power, and therefore a signal to noise ratio loss will occur. Frequency domain 

weighting spectrum shaping using well knows weighting windows such as Hann and Hamming [10]. However the 

implementation of weighting windows may lead to the penalty of main-lobe broadening. NLFM waveform is designed 

such that its matched filter response satisfies the side-lobe requirements. Since the receiver is matched with to the signal 

shape, no mismatch losses as in time domain weighting and frequency domain weighting [2]. 

 

V. CONCLUSION 

 

Non-linear FM (NLFM) is becoming more practical use because of its various benefits such as inherently low range 

sidelobes which yields an advantage in SNR compared to Linear FM. In this paper compared PLFM and proposed with 

new class of PNFM. The 3D ambiguity function plots of the proposed PNFM are compared with those of NLFM codes. 

The main sidelobe to peak sidelobe ratio could be increased considerable, without using weighting function window. 

The PNFM code set proposed in this paper could be implemented as a digital code set for modern digital radar. Since the 

analysis relating to MCI is very pessimistic, it is suitable to use a stochastic method of analysis. 
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