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Abstract— This paper proposes a novel phase error compensation 

algorithm for the direct digital synthesizer (DDS) chirp generator of 

high-resolution synthetic aperture radar (SAR). The proposed 

compensation algorithm adopts the curve fitting method to calculate 

the error of transmission SAR signal called chirp. In addition, this 

paper proposes the polynomial modeling method during chirp 

generation stage to improve spectrum characteristics. The 

mathematical equations proposed in this paper indicate that the phase 

shift of chirp in time domain can be eliminated clearly. Simulation 

results show that the proposed compensation algorithm enhances the 

peak-to-side lobe ratio (PSLR) and the integrated side ratio (ISLR) up 

to -0.2068 dB and -0.1091 dB respectively. In addition, spur 

components have been reduced when compared to the spectrum output 

of conventional DDS output. 
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I. INTRODUCTION 

HE synthetic aperture radar (SAR) provides the high 

resolution image of target in remote area regardless of the 

weather and day-light conditions [1]. Therefore, research issues 

to enhance the image quality and resolution of SAR are being 

remarkably handled. The general design requirements of radar 

system are the long detection range and the high resolution 

image of target. To achieve these requirements, radar system 

should support high transmission power and short pulse length. 

However, designing the radar system that satisfies those 

requirements is complicated due to the physical limitations. The 

resolution of radar system is inverse proportional to the signal 

bandwidth, therefore SAR adopts the linearly frequency 

modulated (LFM) signal called chirp instead of transmitting the 

high powered short pulse. The chirp has relatively long pulse 

length and low peak power but it generates the high resolution 

image of interested area by expanding the signal bandwidth. 

Because the instantaneous frequency of chirp increases 

according to the time variable, the chirp is able to provide wide 

bandwidth compared to single-tone sinusoid [2]. On the post 

processing stage, the SAR image processor operates pulse 

compression between chirp and the back-scattered signal from 

target. To obtain clear images, SAR should generate chirp as 

ideal as possible to obtain clear images. Recently, the design 

requirement on bandwidth has been increased up to 300–500 

MHz to provide the sub-meter resolution (less than 1 m) [3]. 

Until now, several types of chirp generators have been 

introduced such as frequency multiplier, the memory-map 

generator, and the direct digital synthesizer (DDS) [4]. Among 

those signal generators, the memory-map based chirp generator 

shows ideal-like signal output. However, when it generates 

wideband chirp, it requires large memory capacity [5]. In the 

case of space-borne SAR, because of high energy particle of 

cosmic ray, the memory units are vulnerable. Therefore, signal 

generator that stores the whole predefined waveform data in 

PROM and reconstructs the signal might suffer from bit error 

problem easily. To reduce the memory dependency in space 

environment, the DDS chirp generator implemented on the field 

programmable gate array (FPGA) has been studying to be used 

on satellite on-board SAR [6]. 

Compared to the conventional phase-locked loop (PLL) 

based frequency synthesizers, the DDS has several advantages; 

the high-performance of frequency resolution, high speed 

switching, and etc [2]. When DDS generates the desired signal, 

it truncates some of expression bits [7]. Truncation process can 

reduce power consumption, however DDS output shows phase 

errors and spurious. Therefore, the time domain output shows 

phase error on the signal center and the frequency domain 

output shows low spectrum purity which leads to the waste of 

frequency resource. Those problems above are detailed in 

following sections. This paper proposes a novel phase error 

compensation algorithm for the FPGA based wideband chirp 

generator to enhance the performance of SAR. 
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II. DDS CHIRP SIGNAL GENERATOR 

A. Mechanism of DDS Chirp Generator 

DDS consists of digital counter and adder which work as 

accumulator and look-up table (LUT) [5]. The DDS chirp 

generator has two accumulators in a row and it generates the 

phase of desired waveform. LUT stores the amplitude 

information of sinusoid and reconstructs output signal by 

matching the amplitude according to the phase address. Figure 1 

shows the functional block diagram of DDS chirp generator. It 

consists of the amplitude and phase accumulators, LUT, digital-

to-analog converter (DAC), and clock oscillator. Input signal, 

the N-bit frequency control word (FCW), is accumulated by 

each clock then DDS generates the phase of desired signal. The 

value of FCW indicates a step size of phase increment within 

the accumulator capacity. LUT that stores amplitude value of 

sinusoid reconstructs the desired signal according to the phase 

address from accumulator. A mathematical expression of the 

baseband ideal chirp 𝑠(𝑡) is 
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Equation (1) indicates that the instantaneous frequency of chirp 

varies with K linearly within time 𝑡. Therefore, the bandwidth 

of chirp equals to K𝑡. To investigate the phase and frequency 

components of chirp signal, (2) and (3) are shown as 
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B. Problems of conventional chirp generator 

Since DDS operates in digital circuit, we express some 

important discrete chirp parameters below [1]. This paper 

assumes that FCW is N-bit long. When expressing the clock 

frequency as 𝑓clk, the frequency resolution ∆𝑓 and the maximum 

output frequency 𝑓max are defined as 
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The accumulator of conventional DDS chirp generator 

accumulates the input (FCW) in every clock so that it can be 

considered as the time-integration operator. In every clock time, 

the accumulator accumulates input value continuously and 

overflows it when the accumulated output reaches its capacity 

value. When accumulator unit calculates continuously, the 

output overflows when it reaches 2π [9]. However, since DDS 

is a digital system, the overflow output truncates in the rising 

edge of clock signal. According to the phase wheel fundamental 

[2], the starting phase of each cycle does not equal to offset. 

Because of offset mismatch within each cycle, the conventional 

DDS has phase error in its time domain signal center. Because 

the proposed DDS is implemented with N-bit, the overflow 

value is evenly spaced by 2𝑁 within [0,2𝜋). 
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where 𝑓FA(𝑡) , 𝜙FA(𝑡) , and 𝑝 are the output from frequency and 

phase accumulators, and 𝑝-truncated bit respectively. 

 
Figure 1 Functional block diagram of DDS chirp generator 

 
(a)  

 
(b) 

Figure 2 Ideal chirp and conventional DDS output. 

(a) Time domain chirp; (b) Spectrum output 
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Figure 2(a) and Figure 2(b) show the comparison of time and 

frequency domain output between ideal chirp and conventional 

DDS output. In Figure 2(a), the solid line and the dashed line 

represent the ideal chirp waveform and the conventional DDS 

chirp output in time domain, respectively. As expressed in (1), 

the real part of chirp signal has cosine term, therefore the time 

domain waveform should have the cosine waveform 

characteristics. However, the signal center of DDS output 

shows slight phase shift. This phenomenon leads to spurious 

shown in Figure 2(b). Solid line in Figure 2(b), the idea chirp 

waveform in frequency domain, attenuates ideally. DDS 

spectrum output also attenuates but spur exists such as spectral 

regrowth, ripple noise, and etc. To solve these problems, this 

paper proposes a novel phase error compensation algorithm 

using polynomial modeling that enhance the spectrum 

characteristic of DDS chirp generator. 

III. PROPOSED METHOD 

The proposed algorithm has two main features. Firstly, it 

applies the curve fitting method. Secondly, it calculate the error 

compensation coefficient, then compensates error on each 

accumulator block. 

A. Error modeling using polynomial 

During signal generation stage, each accumulator in DDS 

occurs residual offset error because of the roll-over in every 

overflow cycle [10]. We denote the residual error components 

of the frequency and phase accumulators as 𝑓x  and 𝜙x 

respectively. Using (6) and (7), the output model of each 

accumulator can be expanded as 
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This paper denotes the phase error of DDS 𝜙error(𝑡) as 
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To model the error from phase accumulator, we apply the 

curve fitting process on the DDS phase error 𝜙error(𝑡) using 2nd 

order polynomial 𝜙cf(𝑡) shown as 
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where 𝛼, 𝛽, 𝛾 indicate the quadrature, linear, and random error 

coefficients of conventional DDS respectively. The coefficients 

above will be used to compensate the residual error from DDS 

components. 

 

 

 

B. Error compensation using coefficients 

The compensated phase output of DDS 𝜙comp(𝑡)  using 

proposed algorithm can be expressed as 
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(12) 

From (8) and (10), we can assure that the phase output of the 

proposed method theoretically compensates the error. After 

extracting the error compensation coefficients, we design the 

block diagram of the proposed error compensation algorithm. 

Figure 3 shows that the phase output of DDS is processed with 

curve fitting to generate 2nd order polynomial model. Next, the 

ideal phase of chirp generated DDS IP core subtracts its signal 

with the DDS phase output. Last, we estimate the error 

compensation coefficients, then calculates the quadrature, 

linear, and random errors respectively. By differentiating 𝜙cf(𝑡), 

we divide each compensation coefficient according to the signal 

generation process of DDS. 2𝛼 , 𝛽 , and 𝛾  compensate FCW 

error, the residual error of frequency and phase accumulators 

respectively. 

 
Figure 3 Block diagram of the proposed error compensation 

algorithm 

IV. PERFORMANCE ANALYSIS 

In this section, the impulse response function (IRF) and 

spectrum output comparison are analyzed to verify the 

feasibility of the proposed error compensation algorithm. In 

addition, we conduct the point target analysis simulation to 

verify the effect of phase error and proposed method on SAR 

image. 

Table 1 Simulation environment of RF system 

Parameters Value 

Center frequency 9.4 GHz (X-band) 

Pulse width 3.6 μs 

Bandwidth ±200 MHz from center frequency 

HPA type SSPA 

Integrated phase noise -60 dBc 

Phase noise floor -120 dBc/Hz 
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A. Comparison of impulse response function and spectrum 

We investigate the peak-to-side lobe ratio (PSLR) and the 

integrated side lobe ratio (ISLR) from IRF. PSLR indicates the 

noise level between peak and side lobe. ISLR presents the 

proportion of energy between the main lobe and the side lobe 

from the first to 10th nulls on both side. To analyze the 

performance of proposed algorithm, this paper exploits the 

design parameters described in Table 1. 

Figure 4(a) and Figure 4(b) show the IRF and spectrum output 

of the conventional DDS and the proposed method respectively. 

For the simulation, 400 MHz of chirp with 3.6 μs pulse width 

which is centered in 9.4 GHz has been generated. In both 

figures, the dashed line and the solid line indicate the graph of 

conventional DDS and the proposed method output 

respectively. The mathematical expressions of PSLR and ISLR 

are presented as 

 PSLR main xI I [dB] I [dB]   (13) 
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where Imain and Ix are the peak value of main-lobe and side-lobe 

[1]. From Figure 4(a), the conventional DDS shows -13.3920 dB 

of PSLR and -10.0857 dB of ISLR. On the other hand, the DDS 

using proposed method shows higher PSLR and ISLR;  

-13.5688 dB and -10.1948 dB respectively. It means that IRF 

performance has been enhanced when using the proposed 

method. Table 2 shows the comparison of IRF output between 

the conventional and proposed DDS. 

Table 2 Result of IRF analysis 

Parameters Conv. Proposed Enhancement 

PSLR [dB] -13.3920 -13.5688 -0.2068 

ISLR [dB] -10.0857 -10.1948 -0.1091 

 

A comparison of spectrum output is shown in Figure 4(b). As 

shown in Figure 4(b), the conventional DDS shows spurs. 

However, the solid line in Figure 4(b) shows stable output 

compared to the conventional DDS output. We can assure that 

the proposed error compensation algorithm is able to reduce 

spur components in noise band. 

B. Point target analysis 

To verify the feasibility of proposed algorithm, this paper 

conducts point target analysis using the chirp from conventional 

DDS and the proposed DDS. In this simulation, we have one 

target in the center of interested area. The point target images 

are processed using the range Doppler algorithm (RDA) and the 

range cell migration (RCM) has been compensated. In addition, 

zero padding has been applied to obtain clear images. 

Figure 5 shows the point target analysis results. Figure 5(a) and 

Figure 5(b) are the point target images when using the 

conventional DDS and the proposed DDS respectively. In both 

figures, the 2-dimensional point targets are shown along range 

and azimuth axis. The bright points in the center of Figure 5(a) 

and Figure 5(b) are considered as the main lobe of point target. 

We can find that side lobe exists from the main lobe and it can 

be considered as noise. In Figure 5(a), the fist null of side lobe 

near the main lobe cannot be distinguished clearly. However, 

Figure 5(b) shows that the border between main lobe and side 

lobe can be discriminated clearly compared to the conventional 

DDS output. From results above, we can assure that the 

proposed DDS can reduce the noise near point target and it can 

enhance the image quality. To compare the point target analysis 

result using amplitude value, Figure 5(c) and Figure 5(d) are 

shown. We capture the signal strength from point target along 

the standard azimuth line. Figure 5(c) and Figure 5(d) show the 

IRF of conventional DDS and proposed method respectively. 

Figure 5(d), the target amplitude of proposed DDS, shows less 

noise on side lobes when compared to Figure 5(c). It shows that 

the proposed error compensation algorithm is able to enhance 

the point target image quality. 

Figure 5(e) and Figure 5(f) are shown to compare the image 

quality enhancement when there are multiple targets in the area 

of interest. We plot four-point-taget in the field and conduct the 

same procedure of point target analysis. The points captured in 

this simulation are the outer sidelobe of overlapped point 

targets. The amplitude level of Figure 5(e) and Figure 5(f) show 

4214 and 3848 respectively. It indicates that the proposed 

algorithm is able to suppress the outer sidelobes where there are 

two or more targets in the area. Similarly, we plot the inner 

sidelobe level in Figure 5(g) and Figure 5(h). In case of 

conventional DDS, the inner sidelobe level shows -15.57 dB 

while the proposed DDS shows -16.61 dB. We could suppress 

the inner sidelobe up to -1.04 dB when using the proposed phase 

error compensation algorithm. 

 
(a)  

 
(b) 

Figure 4 Conventional DDS and proposed DDS output: (a) IRF output; (b) Spectrum output 
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(g) 

 

 
(h) 

Figure 5 Result of point target analysis: 

(a) Conventional output; (b) Proposed DDS output; (c) IRF of conventional DDS; (d) IRF of proposed DDS; 

(e) Contour plot of multiple targets from conventional DDS; (f) Contour plot of targets from proposed DDS; 

(g) Multiple target IRF of conventional DDS; (h) Multiple target IRF of proposed DDS 

 

V. CONCLUSIONS 

This paper proposed a novel phase error compensation 

algorithm for chirp generator to improve the performance and 

spectrum characteristic. The proposed algorithm calculates the 

error coefficient of the residual noise of each DDS and 

compensates phase error. Numerical results show that the 

proposed algorithm is able to enhance the IRF characteristics 

and spectrum output. In case of IRF, the PSLR and ISLR of the 

proposed algorithm have been enhanced up to -0.2068 dB and 

-0.1091 dB respectively. It means the DDS is able to suppress 

the side lobe noise when using the proposed method. Spectrum 

output shows that spurious components such as spectral 

regrowth are reduced remarkably. Point target analysis results 

show that the proposed method is able to suppress side lobe and 

it is able to enhance the image quality. Moreover, when there 

are multiple targets in the area of interest, the proposed 

algorithm could suppress both inner and outer sidelobe level. In 

the case of inner sidelobe suppression has been enhanced up to 

-1.04 dB. 
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