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Abstract—Linear amplification with nonlinear components 
(LINC) technique is a linearization technique for power 
amplifier designs. By using LINC, the nonlinear power 
amplifier with high power efficiency can be used to amplify the 
input signal in a transmitter system with high linearity 
performance. In this paper, we propose a DSP engine design 
for LINC wireless transmitter under the WCDMA 
specification. New algorithms and architectures are proposed, 
and they can reduce the hardware cost efficiently. We also 
utilize Agilent ADS to perform mixed-mode system simulation 
to verify our design. The DSP engine is implemented by 
Verilog and synthesized with UMC 0.18µm process. The DSP 
engine area is 0.155 mm2 and the maximum clock frequency is 
117 MHz. Finally, we use a FPGA to verify our design. 

I. INTRODUCTION 
To prolong the battery life of mobile handset devices, the 

demands of power efficiency of wireless mobile communication 
system is becoming more and more important. In general, the most 
power-hungry device in a transceiver is the power amplifier (PA) 
which has a nonlinear characteristic. In addition, the PA linearity is 
a strict demand in the modulation scheme of nonconstant envelope. 
Thus, linearity and power efficiency must be traded off in the PA. 

PA linearization techniques are usually adopted to improve the 
linearity and power efficiency of the transmitter. Numerous 
linearization techniques such as feedforward, predistortion, 
feedback, envelope, linear amplification with nonlinear components 
(LINC) [1], and combined analogue locked loop universal 
modulator (CALLUM) have been proposed [2]. LINC increases the 
linearity and power-efficiency of the transmitter. Moreover, there is 
no stability problem due to its open loop architecture. Besides, this 
approach is suitable for wideband application like 3G WCDMA 
system because of wide bandwidth. Several research of LINC are 
proposed in recent years [3]. 

Our design target is to meet WCDMA transmitter specification. 
We adopt digital signal processing (DSP) techniques to replace the 
analog circuits in the LINC system because DSP methods can 
perform more accurate computation of the signals than analog 
circuits. Therefore, we design a low complexity DSP engine for the 
LINC transmitter to achieve high signal linearity and high power 
efficiency at the same time. 

 
Figure 1.  LINC architecture. 

 
Figure 2.  Proposed LINC transmitter architecture. 

II. LINC TRANSMITTER OVERVIEW 
The LINC architecture is illustrated with Fig. 1. Assume input 

signal Vin is a varying envelope signal. The signal separator split Vin 
into two constant envelope signals V1 and V2 where Vin = V1+V2. 
Then two PAs amplify two signals separately. Because nonlinear 
PA can amplify constant envelope signal linearly [1], we can use 
high power efficiency and nonlinear PA in this architecture. Finally, 
the two amplified signal is combined with a power combiner. We 
can obtain the linearly amplified signal at combiner output. 
Therefore, LINC technique has the advantages of high linearity and 
high power efficiency. 

In a LINC transmitter, we use the following equations (1)-(4) to 
generate the two constant-envelope signals V1(t) and V2(t). R(t) is 
the magnitude of the original signal andψ(t) denotes the signal 
phase. 
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Fig. 2 shows our proposed LINC transmitter architecture. Input 
baseband signals I(t) and Q(t) are first processed by a rectangular-
to-polar converter (RPC) and converted to polar form. The envelope 
R(t) is then scaled by a factor V0

-1 and normalized between 0 and 1. 
Out-phasing angle θ(t) is obtained by inverse cosine computation. 
Phase signals )()( tt θφ +  and )()( tt θφ −  are obtained by an adder 
and a subtractor. Then the signals are fed into two digital phase 
modulators (DPM) to generate two constant-envelope signals. The 
signals are now in intermediate frequency (IF) rather than baseband. 
After that, digital output signals are passed through two digital-to-
analog converters (DAC) and low-pass reconstruction filters (LPF) 
to convert to analog waveforms. Two mixers and an oscillator 
perform up-conversion. RF signals are obtained at the two mixer 
outputs. Two band-pass filters (BPF) then filter out the unwanted 
sideband. Next, the RF signals are amplified by two PAs and 
combined with a power combiner. The shaded block shows the 
proposed DSP engine which includes three major components: RPC, 
inverse trigonometric computation module, and DPM. In the 
following three sections, we will introduce the design of these three 
elements. 

III. RECTANGULAR-TO-POLAR CONVERTER 
We apply vectoring mode coordinate rotation digital computer 

(CORDIC) algorithm and unrolled CORDIC architecture [4][5]. In 
addition, we use two numerical approaches to reduce the cost of 
original pipelined CORDIC architecture. 
A. Distributed Arithmetic 

First, we can use the distributed arithmetic concept. Because the 
final phase result is a combination of a set of elementary angles by 
addition or subtraction, we can off-line pre-compute all possible 
results and store the values in a ROM table. In addition, the index of 
the ROM can be determined from MSB of yi. Therefore, several 
add/ subtractor can be replaced by a ROM. 
B. Approximation 

Consider the approximation 
,22tan 1 ii −−− ≈  (5) 

when i is large enough. Also we use original elementary angles   
tan-1(2-i) when i is small. If we define the sum of the elementary 
rotation angles which use (5) asψL, we can derive: 
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Finally, the difference of the two summations can be derived from 
binary mathematics as (7): 

 

(7) 

In the final result, all additions or subtractions inψL are eliminated. 
Besides, the variable bi can be derived directly from the MSB of yi. 
For example, when k=5 and N=12, the architecture of ψ L 
computation is illustrated in Fig. 3. All the adder/ subtractors on the 
z path are eliminated and replaced by several inverters. The 
conventional architecture hardware cost can be reduced drastically. 

The proposed reduced-complexity pipelined CORDIC 
architecture is shown in Fig. 4. In the first k stages, we apply the 

 
Figure 3.  Hardware ofψL computation. 

 
Figure 4.  Architecture of the reduced complexity pipelined CORDIC. 

TABLE I.  COMPARISON OF THE HARDWARE COST OF PIPELINED 
CORDIC ARCHITECTURES. 

 
distributed arithmetic concept. We store all possible result values in 
a ROM and use the MSB of variable y as ROM indexes. In the 
other stages, we apply the approximation to generateψL by only 
inverters. Final phaseψcan be obtained by an adder. All adder/ 
subtractors are eliminated and replaced by a small ROM, an adder, 
and some inverters. 

We compare the proposed architecture with conventional radix-
2 pipelined architecture [5] and scaling free CORDIC [6] in Table 1. 
All architectures have one carry propagation adder (CPA) delay. N 
is the number of stages. From Table 1 we found that the proposed 
architecture has lower hardware cost under the same speed. 

IV. INVERSE TRIGONOMETRIC COMPUTATION 
The module computes the inverse cosine of an input numeric 

value. Original envelope signal is changed to a phase signal by this 
computation. We use piecewise polynomial approximation [7][8] in 
the module design. A function f(x) can be split into s segments. 
Each segment can be approximated by a polynomial of order N. 
The piecewise polynomial equation can be written as: 

2)()()( kkkkk xxpxxmyxf −+−+=  

,0,...1, 11 ==<≤ + xskxxxfor kk  
(8) 

where xk is the segment boundary. All the coefficients yk, mk, pk can 
be off-line computed and stored in a ROM table. Different segment 
has different coefficient set. If we set s as a power of two number  
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Figure 5.  Accuracy comparison of different approximation algorithms 

 
Figure 6.  Comparison of different number of segments and order of 
approximation. 

 
Figure 7.  Proposed inverse trigonometric computation architecture. 

(set s=2u), hardware can be further simplified. For example, assume 
the wordlength of input x is W, we can use u(=log2s) MSBs of x as 
the address of the ROM that store the polynomial coefficients. The 
remaining (W-u) LSBs of x is x-xk. The property is very suitable for 
VLSI implementation. 

The three different approximation algorithms are compared in 
Fig. 5. The interval [0,1] is divided into 32 segments. We use 
maximum absolute error (MAE) of a segment as our approximation 
index. -log2MAE represents the approximation accuracy. When       
-log2MAE is large, there are more correct bits in a binary number 
and the accuracy is higher. We find that MAE is larger when 
segment index increases. The last segment (index 32) has the largest 
MAE. On average, least square approximation method (LS) has the 
best performance (higher accuracy). All three methods have very 
large MAE on the last segments. The approximation of different s 
(number of segments) and N (order of polynomial for 
approximation) are shown in Fig. 6. We use least square 
approximation method in this figure. We can observe that the 
performance of quadratic approximation is better than linear 
approximation. Also, the performance is better when s is large. All 
five curves have very large MAE on the last segments. The reason 
of the large MAE on the last segments is that the slope of the last 
segments has very large value and is hard to be approximated by a 
polynomial function. 

In order to increase the approximation accuracy of the boundary 
segments and reduce the wordlength of the coefficients and ROM 

 
Figure 8.  Detailed architecture of the digital phase modulator.  

 
Figure 9.  Relation between SFDR and design parameters of DDFS. 

size, we propose a new approach to realize our inverse 
trigonometric module. ROMs which have the quantized result of 
inverse trigonometric are used directly to enhance the 
approximation accuracy of the last segments. We called these 
ROMs as "boundary ROM". 

Based on the previous simulation result and the fixed point 
simulation of the DSP engine, we choose N=1 (linear 
approximation) and s=64 in the inverse trigonometric computation 
module. The proposed hardware architecture is illustrated in Fig. 7. 
The architecture is based on (8). The coefficients yk and mk are 
stored into two ROMs. Three segments of the total 64 segments use 
the boundary ROM to store the result.  We calculate the sin-1 value 
and derive cos-1 value at the output so that we can use only 
unsigned arithmetic before the subtraction. 

We compare the area of our piecewise approximation based 
design to the area of a ROM table which has the same input and 
output precision as our design. According to the Design Compiler 
synthesis result, our design area is only 42% of the ROM table’s. 

V. DIGITAL PHASE MODULATOR 
The DPM inputs are two phase signals. The outputs are two 

constant-envelope and phase-modulated waveforms in IF. The 
architecture of our DPM in the LINC transmitter is shown in Fig. 8. 
Two single phase direct digital frequency synthesizers (DDFS) are 
used to generate two constant-envelope signals. The two DDFS 
share the same phase accumulator. Two extra adders are required 
for phase modulation. In the phase-to-amplitude converter (PAC), 
we use forth wave symmetry (π/2-symmetry). We use the waveform 
in [0,π/2] to generate one period of sinusoid waveform. Some extra 
control logic and complement blocks are required. The algorithm 
we used to generate the waveform is piecewise polynomial as 
mentioned in previous section. 

)()( tt θφ −

)()( tt θφ +
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In order to give enough design margins for the analog/ RF part, 
we set the target spurious free dynamic range (SFDR) of our DDFS 
to 70 dBc. To meet around 70 dBc SFDR, we choose 1st order LS 
approximation. The relation between different number of segments, 
the 1st order coefficient ROM width, and SFDR are shown in Fig. 9. 
We find that if more segments are used, the SFDR will be higher. 
Besides, if the ROM width is larger, the SFDR will also be higher. 
According to the above simulations, we choose s=32 and 1st 
coefficient ROM width as 6 bit to achieve enough accuracy and 
SFDR. Finally the SFDR of the design is 76 dBc. 

Our PAC architecture is similar to Fig. 7, but there are some 
differences between them. Boundary ROM in the inverse 
trigonometric approximation is not required in sinusoidal 
approximation because there is no infinity slope problem (the 
largest absolute value of the slope is ±1). Besides, a rounding 
processing element at the output is used to improve quantization 
error and increase SFDR.  

The channel selection can be controlled in the digital domain in 
advance. The concept from [9] is adopted to realize the design of 
the phase modulator. The main idea is using an integer-N phase-
locked loop (PLL) circuit to generate coarse carrier frequencies at 
the RF stage. The fine-tune frequencies are generated by the DDFS 
circuit. DDFS interpolates the carrier frequencies between the 
output coarse frequencies of the PLL. The difference between 
coarse frequency is set to be 5 MHz (carrier spacing in WCDMA 
specification). That is, the reference frequency of the integer-N PLL 
is 5MHz. The fine tune frequency is done by DDFS with the 
frequency resolution 200 kHz (channel raster in WCDMA 
specification). In our design, we choose IF as 30 MHz. The digital 
fine-tuning frequencies are located at 30~34.8 MHz frequency band. 
The upsampling ratio is 26 and the clock rate of DDFS is 99.84 
MHz (the same for the data sampling rate). 

VI. LINC SYSTEM SIMULATION AND VERIFICATION 
The design and implementation of the proposed DSP engine is 

based on the fixed-point simulation of Agilent electronic design 
automation (EDA) software Advanced Design System (ADS) and 
MathWorks MATLAB. We utilize the analog and RF models in the 
ADS which is able to include the nonideal effects. Fig. 10 is the 
final mixed-mode system simulation result of spectral emission. 
Nonideality of analog and RF blocks are considered. The final error 
vector magnitude (EVM) is 1.265% which is less than 17.5% of the 
specification. The spectral emission also meets the spectral mask of 
WCDMA specification. 

The proposed DSP engine is implemented by hardware 
description language Verilog. We utilize Synopsys Design 
Compiler to synthesize the RTL codes using UMC Artisan 0.18µm 
standard cell library. According to the synthesis result, the area is 
0.155 mm2 and maximum clock frequency is 117 MHz. We use the 
FPGA board Xilinx Virtex-II XC2V1000 to verify our DSP engine. 
The spectral characteristic of the output signals is measured by the 
spectrum analyzer. Fig. 11 is the spectrum of the sum of the two 
constant-envelope signals. The center of this IF signal is 10 MHz. 
We can see that the band-limited WCDMA signal spectrum at the 
centre of 10 MHz frequency. The results consist with system 
simulation and our expectation. 

VII. CONCLUSION 
A DSP engine for LINC wireless transmitter systems is 

proposed. There are three major modules in this DSP engine. Firstly, 
in our RPC design, the proposed reduced-complexity pipelined 
architecture is based on modified CORDIC algorithm. The 

 
Figure 10.  Final mixed-mode system simulation result of spectral emission. 

 
Figure 11.  Spectrum of the sum of the two constant-envelope signals. 

hardware cost is 67% of the conventional architecture. Secondly, 
we proposed a low-cost architecture to compute inverse 
trigonometric function and the hardware cost is only 42% of the 
table lookup approach. Thirdly, we adopted the DDFS architecture 
to realize DPM and our design has the advantage of fast frequency 
switching and high frequency resolution. We also utilized the 
mixed-mode EDA tool ADS to perform a complete system 
simulation of the LINC transmitter system. In addition, our design 
is verified by FPGA. Finally, we observed the output of our design 
on the spectrum analyzer and proved that our DSP engine works 
correctly. 
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