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ABSTRACT 

Radar signal processing is a very important aspect of Radar systems. This paper gives an overview of modern Radar signal processing 

techniques. It involves Pulse Compression (PC), Adaptive Beamforming (ABF), Space-time Adaptive Processing (STAP) and all are 

based on the basic concept of matched filtering to achieve high signal-to-interference ratio, which in turn is a form of coherent 

integration. This paper reviews the impact of signal-to-interference ratio and resolution on fundamental system goals of detection, 

tracking and imaging of target by the important core Radar signal processing techniques. 
 

Keywords: Radar signal processing, Pulse Compression (PC), Adaptive Beamforming (ABF), Space-time Adaptive 

Processing (STAP) 

1. INTRODUCTION 

An acronym for ―Radio Detection and Ranging‖ was originally a Radar. Radar is a system in which electromagnetic waves are 

used to detect, locate and measure the speed of reflecting objects such as aircraft, ships, spacecraft, vehicles, people, weather 

formations, and terrain. The electromagnetic waves are transmitted into space and the echo signals reflected from objects are 

received. The reflecting objects can be detected by applying signal processing techniques on the reflected waveforms[1]. This 

paper is organized as follows: Radar signal processing is explained in Section 2. The detailed explaination of Radar Signal 

Processing Techniques are given in the Sections 3, 4 and 5. The Section 3 briefs about the Pulse Compression technique and 

Section 4 explains Adaptive Beamforming with needed diagrams. STAP is discussed in brief in Section 5. Finally, conclusion 

is provided in Section 6. 

2. Radar Signal Processing 

Signal processing relies on the characteristic differences between signals from the targets and the interfering signals. Target 

signals exhibit orderliness, interferers exhibit randomness[2]. The rate of change of the phase (d/dt) of the orderly signals is 

deterministic unlike the d/dt of the interferer signals. On the basis of Doppler content and amplitude characteristics, the signal 

processing seperates targets from clutter and thus signal-to-interference ratio and target detection is improved. The target-

masking effects of clutter are reduced by Radar signal processing and hence Radar vulnerability to Electronic countermeasures 

are reduced. Information on target characteristics and behavior can also be extracted. This is explained very nicely in [3]. 

Signal integration, correlation, filtering and spectrum analysis are the essential processes for enhancing target signals while 

suppressing interference signals. 

 

2.1 Signal processing Block Diagram 
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Figure 1 Block Diagram of Signal Processor [2] 
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Figure 1 shows a typical signal processor possessing digital Pulse Compression. In the A/D converter, analog signals are 

transformed into digital words at specific times and rates. The Storage keeps the digitized signals temporarily and waits for all  

signals required for process to be gathered. The Pulse Compression matched filter correlates the echo signal with the delayed 

copy of the transmitted signal. Signal filter removes portion of the Doppler spectrum (slow time) to reduce clutter. Spectrum 

analysis segregates signal components by Doppler shift. 

There are three main signal processing techniques in Radar called Pulse Compression, Adaptive Beamforming and Space 

Time Adaptive Processing which are discussed in Sections 4, 5 and 6 respectively. 

3. PULSE COMPRESSION 

Pulse Compression is an important signal processing technique used in Radar Systems. The peak power of a Radar pulse is 

reduced by increasing the length of the pulse, without sacrificing the range resolution associated with a shorter pulse [4].  

 

3.1 Need of Pulse Compression 

Pulsed Radars often utilize a technique called Pulse Compression to achieve the desired range resolution and SNR 

performance with low power. The SNR and range resolution characteristics of the Radar system is determined by the energy 

and bandwidth of the transmitted pulse respectively. Radar range resolution depends on the bandwidth of the received signal. 

The relation of both is shown in equation (1).  
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                                                                                     (1) 

where, c = speed of light, ρ = range resolution, τ = pulse duration, B = signal bandwidth. The bandwidth of a time-gated 

sinusoid is inversely proportional to the pulse duration. Hence, good range resolution is achieved with a shorter pulse. The 

design of transmitters and receivers is made difficult by High Peak Power since the components used to construct these must 

be able to withstand the peak power. Pulse Compression  is a widely known technique used to achieve the energy and 

bandwidth characteristics of a short high power pulse with a longer low power modulated waveform by appropriately filtering 

the received signal by Pulse Compression filter [5].  Also phase or amplitude modulation of a longer pulse helps to achieve the 

high bandwidth of a temporally short pulse. 

 
Figure 2 Received Radar Signal before Pulse Compression[5] 

 
Figure 3 Received Radar Signal after Pulse Compression [5] 

  Figure 2 depicts a received Radar signal before Pulse Compression and Figure 3 displays the resulting profile estimate after 

Pulse Compression. It is not evident in Figure 2 that two targets are present however, the range resolution and SNR is 

improved after a Pulse Compression filter is applied and the two targets can easily be resolved as seen in Figure 3.  

 

3.2 Pulse Compression Radar system 

The Block diagram of a Pulse Compression Radar system is shown in Figure 4. 

  The transmitted pulse is either frequency or phase modulated to increase the bandwidth. Transreceiver (TR) is a switching 

unit helps to use the same antennas at the transmitter and receiver. The Pulse Compression filter is usually a matched filter 

whose frequency response matches with the spectrum of the transmitted waveform. The filter performs a correlation between 

the transmitted and the received pulses. The received pulses with similar characteristics to the transmitted pulses are picked up 

by the matched filter whereas other received signals are comparatively ignored by the receiver. 
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Figure 4 Block diagram of Pulse Compression Radar system 

  Pulse Compression Techniques[7] 

 
3.2.1 Analog Techniques  

(a)   Chirp 

In this case, Pulse Compression is accomplished by adding frequency modulation to a long pulse at transmission, and by using 

a matched filter receiver in order to compress the received signal. It is known that using LFM within a rectangular pulse 

compresses the matched filter output by ξ = Bτ factor, which is directly proportional to the pulse width and bandwidth. By 

using long pulses and wideband LFM modulation large compression ratios are achieved. This is also known as ―Correlation 

processing‖ Or chirp technique.   

(b) Stretch Processing 

Active Correlation, also known as ―stretch processing,‖ is normally used to process extremely high bandwidth LFM 

waveforms. This processing technique consists of the various steps discussed in [7].  

3.2.2 Digital Techniques 

(a) Barker Code Length 

One family of binary phase codes that produce compressed waveforms with constant side lobe levels equal to unity is the 

Barker code. Here is a table of all known Barker codes, where negations and reversals of the codes have been omitted. A 

Barker code has a maximum autocorrelation sequence which has side lobes no larger than 2 and which thus has better RMS 

performance than  the codes below. Table 1 shows all known Barker codes; it is conjectured that no other perfect binary phase 

codes exist.  

Table 1: Barker codes[7] 
CODE 

SYMBOL 

CODE 

LENGTH 

CODE ELEMENT SIDELOBE 

REDUCTION (Db) 

B2 2 +- 

++ 

6.0 

B3 3 ++- 9.5 

B4 4 ++-+ 

+++- 

12.0 

B5 5 +++-+ 14.0 

B7       7 +++--+- 16.9 

B11      11 +++---+--+- 20.8 

B13      13 +++++--++-+-+ 22.3 

  In general, the autocorrelation function (which is an approximation for the matched filter output) for a Barker code will be 

2NΔτ wide. The main lobe is 2Δτ wide; the peak value is equal to N. There are (N-1)/2 side lobes on either side of the main 

lobe. Barker codes of length N equal to 11 and 13 are used in direct-sequence spread spectrum and Pulse Compression Radar 

systems because of their low autocorrelation properties[7]. For example, Figure 5 illustrates this concept for a Barker code of 

length seven. 
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Figure 5 Barker – 7 code, baseband representation [7] 

(b) Costas Codes 

Costas signals (or codes) are similar to Stepped Frequency Waveforms, except that the frequencies for the sub pulses are 

selected in a random fashion, according to some predetermined rule or logic.  

(c) Frank Codes 

Codes that use any harmonically related phases based on a certain fundamental phase increment are called poly-phase codes. 

In this case, a single pulse of width τ is divided into equal groups; each group is subsequently divided into other. Sub-pulses 

each of width Δτ. Therefore, the total number of sub-pulses within each pulse is N^2 , and the compression ratio is ξ=N^2. 

3.3 Important Encoding methods for Pulse Compression 

3.3.1  Linear Frequency Modulation (LFM) Pulse Compression 

One example of an encoding signal that has a narrow auto-correlation function is a harmonic whose frequency increases 

linearly with time. This signal is called a Linear Chirp and the technique to produce it is called Linear Frequency Modulation. 

A linear chirp signal is shown in Figure 6. 

 
Figure 6 A Linear Frequency Modulation Pulse Compression Technique[8] 

3.3.2 Binary Phase Coded Pulse Compression 

Another form of encoding used in Pulse Compression is a Binary Phase Code. A binary phase code used in Pulse Compression 

is a ―random‖ string of 1’s and −1’s having very low autocorrelation at lags different from zero. Such a ―random‖ phase code 

modulates a sinewave carrier to produce long bandwidth waveforms for transmission as shown in Figure 7. 

 
Figure 7 Binary Phase Code Pulse Compression technique[6] 

3.4 Comparison of LFM and Binary Phase Codes - Simulation Results 

The matched filter output of the modulated signals suffer from the sidelobes. These sidelobes may hide the small targets or 

may cause false target detection. The sidelobe having largest amplitude is called peaksidelobe. The lower the peak sidelobe 

level (PSL) the better is the code. This can be defined as shown in equation (2). 

plitudemainlobeam

ebeamplitudpeaksidelo
dBPSL log

10
20)(                                                         (2) 

  The objective of Pulse Compression technique is to achieve appreciable lowest PSL and acceptable range sidelobes in an 

economical manner. The efficiency of different approaches are evaluated by the PSL, hardware complexity involved and loss 

in SNR as compared to matched filter. Based upon these issues, Matlab version 2010a simulation results are obtained for PSL 

of LFM and Barker Code techniques as shown in Figure 8. This illustrates that there are several comparisons in the Radar 

Pulse Compression Techniques. Figure 8a illustrates PSL for LFM. It is seen that the PSL obtained here is 13dB down the 

main lobe which is very high. Such high PSL can cause masking of weaker targets. Also the mainlobe is quite wide so the 
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range resolution of LFM is found to be poor. Figure 9 illustrates PSL for Barker Code which is 22.28dB down the mainlobe 

peak. PSL of Barker code is lower than that of LFM code. Also the mainlobe width is narrow. This shows that Barker Code 

has good range resolution. But Barker Code has more no. of sidelobes compared to LFM. 
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Figure 8 Matlab Simulation Results of PSL for Linear Frequency Modulation (LFM) and Barker Code 

4. ADAPTIVE BEAMFORMING 

Beamforming is a signal processing technique in which weights are applied to the signals[9]. By changing the amplitude and 

phase of the signals at each array element and then adding them together, we get the desired output. Beamforming [10] is used 

in sensor arrays for directional signal transmission or reception. Adaptive Beamforming is carried out by using Least Mean 

Square (LMS) technique for updating the weights. Using LMS technique, firstly unknown weights are considered and then 

updated. Then, the ML weights are found and then updated. ML processing is used to estimate the amplitude and angle of 

arrival (AOA) of the target. The mean square error, also called weight error is calculated for unknown as well as ML weights. 

The improved angle accuracy is obtained by reducing the weight error using ABF. In ML procedure, a search is performed 

over all possible angular directions of the target. After performing the search, a direction is selected such that it gives a set of 

beam weights that produces the highest probability of the target detection. Here, only receive operation is considered. The first 

approach is using non – adaptive beamforming, in which no weight feedback is provided to the array elements. The second 

approach is using ABF, in which weight feedback is provided to the array elements so as to give the correct AOA estimate. 

LMS technique is used to update the weights. ML is common for both, adaptive and nonadaptive beamforming techniques. 

  Adaptive Beamforming is used to detect and estimate the signal-of-interest at the output of a sensor array by means of data-

adaptive spatial filtering and interference rejection. The "pointing direction" is called the Maximum Response Angle (MRA), 

and can be arbitrarily chosen for the beams. 

4.1 Implementation of a Beamformer 

Time-domain beamforming [10] is done by delaying and adding shaded outputs from an array of transducers. Each beam is 

formed by delaying and summing sensor elements. A single beam is formed from N transducers, in a beamformer as shown in 

Figure 9. The delay used for each sensor element is determined by an array geometry and the desired MRA. Projecting the 

elements onto a line which is perpendicular to the beam's MRA gives a distance for each element. This distance (divided by 

the speed of sound) gives the delay required to form the beam at the desired MRA. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 9 Beamformer Implementation[10] 
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4.2 Beamforming Methods 

Analog Beamforming and Digital Beamforming are the two beamforming methods. In analog beamforming [10] the received 

pulses reflected from a particular focal point along a beam are stored for each channel, then aligned in time, and coherently 

summed—this provides spatial processing gain because the noise of the channels is uncorrelated. Images may be formed as 

either a sequence of analog levels that are delayed with analog delay lines, summed, and converted to digital after summation 

or digitally by sampling the analog levels as close as possible to the transducer elements, storing them in a memory, and then 

summing them digitally. This is shown in Figure 10 and 11. 

  Both types of systems require perfect channel-to-channel matching. The variable-gain amplifiers (VGAs) are needed in both 

implementations—and will continue to be in the digital case until ADCs with a large enough dynamic range become available 

at reasonable cost and low enough power. An Analog Beam Forming imaging system needs only one very high resolution and 

high speed ADC, but a Digital Beam Forming system requires many high speed, high resolution ADCs. Sometimes a 

logarithmic amplifier is used in the Analog Beamforming systems to compress the dynamic range before the ADC[11]. 

 
Figure 10 Simplified block diagram of Analog BeamForming system[12] 

 
Figure 11 Simplified Block Diagram of Digital BeamForming system[12] 

4.3 Beamforming Systems 

The basic concept of adaptive beamforming is to enhance the signal in a certain direction and attenuate noise. Some commonly 

used adaptive beamforming methods are: 

 Minimum Mean-Square Error : The shape of the desired received signal waveform is known by the receiver. 

Complex weights are adjusted to minimize the mean-square error between the beamformer   output and the expected 

signal waveform. 

 Maximum Signal-to-Interference Ratio : The receiver can estimate the strengths of the desired signal and of an 

interfering signal, weights are adjusted to maximize the ratio. 

 Minimum Variance : If the signal shape and source direction are both known, chose the weights to minimize the noise 

on the beamformer output. 

5. SPACE TIME ADAPTIVE PROCESSING 

The adaptive techniques for processing the data from airborne antenna arrays are called STAP [13]. The goal in STAP is to 

detect the moving target on the ground and estimate its position and velocity. Moving target indication (MTI) is a common 

Radar mission involving the detection of airborne or ground moving targets. It is based on the fact that the Radar echoes of 

moving targets are Doppler shifted. A simple high-pass Doppler filter is obviously sufficient for suppressing clutter echoes if 

the Radar is not moving, i.e. the echoes of stationary scatterers. If the Radar platform is moving, the clutter echoes as well are 

Doppler shifted.  

  The need for combined space-time processing in airborne Radar comes from the inherent problem of platform motion-

induced Doppler shift. The clutter ridge for a moving Radar is more complicated than that of a stationary system. If the 

platform did not have motion, then the clutter would occur at zero Doppler. A simple notch filter could be used to remove it in 

this case. However, the clutter spans a range of Doppler frequencies and is more difficult to resolve if the Radar is moving. 

STAP uses the Doppler shifted returns in a coherent processing interval (CPI) and the signal’s direction of arrival (DOA) to 

estimate and remove clutter[14]. 
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6. CONCLUSION 

This paper describes the need and importance of signal processing techniques in Radar. The various Pulse Compression 

techniques are discussed and comparison is known. Pulse Compression improves SNR and range resolution even for weaker 

targets. This is done with the help of its several analog (LFM) and digital (Biphase) techniques. Adaptive Beamforming is 

used to detect and estimate the signal-of-interest at the output of a sensor array by means of data-adaptive spatial filtering and 

interference rejection. STAP is an adaptive technique used to detect the moving target on the ground and estimate its position 

and velocity. 
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