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ABSTRACT of the PLL. However, an N-fold increase in the lock range
Phase locked loops (PLLs) are frequently used in Softwayould be possible if one could extend the latter range to
Defined Radios (SDR) for carrier recovery and symbol timing-N7 to Nx. This is exactly what we strive to achieve in
synchronization. Unfortunately, conventional PLLs can functiothis paper. We propose a method to extend the lock range of
correctly only when the frequency offset remains within #e conventional PLLS bynwrappingthe phase of the PD.

relatively small and limited range. This limited lock range is :
direct consequence of the inability of the phase detector to reso?we termwrappingrefers to the fact that when a phase angle

any phase error that lies outside a given range. In this paper, Cycles through a range that goes beyond the pre-specified
we propose an extended lock range PLL that benefits from thase range, it wraps back to a point within the range. For
flexibilities offered when the design is implemented in softwaresxample, if the base range isr to +x, any phase angle

We describe and examine the FPGA implementation of a traCki%tside this range is brought back to the range by adding
system that uses the extended range PLL to perform carrier recovery. btracti ltivles afr ired t
The proposed system is applicable to both QAM and PSK signalilq subtracting as many multples as required to go

and shown to function at a relatively fast clock frequency using B2cK to[—, 7|. When the PLL is implemented in traditional
very small percentage of the resources on a Xilinx Virtex-IV FPGAanalog circuits, the phase detector has no memory and thus

automatically generates phase angles that are within a base
range, [2].
To illustrate the operation of our extended-range PLL, we
Software Defined Radios (SDR) are highly configurablgevelop a complete carrier acquisition and tracking system
hardware platforms that provide the technology for migrathat is applicable to both QAM and PSK modulated signals.
ing many radio functions, traditionally performed in analoghis system takes the demodulated received signal as input
circuits, to DSP based implementations. While these inand presents, through a series of multi-stage filtering a
plementations can be performed on a number of differendise free sine wave to the PLL. The output of the PLL
silicon devices such as digital signal processors (DSPs)isrinterpolated and then multiplied by the input signal to
general purpose processors (GPPs), field programmable gaimpensate for the carrier offset.
arrays (FPGAs) present themselves as an attractive option foThe implementation of the system using a recent system
complex processing tasks for reasons of performance, powsrel design tool called System Generator for DSP is pre-
consumption and speed, [1]. sented. Design decisions such as usage of polyphase struc-
Synchronization is one of the most important tasks thaires andcoordinate rotation digital compute(CORDIC)
needs to be performed for successful operation of any dafidthmetic are made to optimize for space and clock rate.
receiver. The receiver should find the exact frequency of thewe begin by introducing the theory governing our
carrier that is modulated by the transmit data. If modulaticsxtended-range PLL in Section 2. Section 3 presents a de-
is done coherently, the receiver should also synchronigsiled analysis of the PLL based carrier recovery system. We
with the phase of the carrier, [2]. There are many ways tiscuss the FPGA implementation of the system in Section
implement carrier recovery and frequency synchronizatiehand, finally, draw our conclusions in Section 5.
in a digital communication system. At the heart of all the
methods is the phase locked loop (PLL), [1]. 2. PLL WITH EXTENDED LOCK RANGE
The phase detector (PD) whose task is to find the phaseAn all digital receiver is implemented using a conventional
difference between the reference input and the PLL outputdgyital phase locked loop (CPLL) such as that shown in
the key element in the PLL. This phase detector - whethEigure 1.
implemented as a EXOR phase detector, a JK-flipflop detec-The CPLL have three basic components: a phase detector
tor or a Hilbert Transform detector (to name only a few) (PD), a loop filter and a voltage controlled oscillator (VCO).
proves unable to resolve any phase error that lies outsidd ke phase detector measures the difference between the
pre-specifie®r range. The phase-frequency detector (PF[Pphase of the local oscillator and the input cardgt]. This
implementation extends this range to a limit4f, [3], but phase errore[n], is fed into the loop filterL(z) whose
this wider range cannot be further extended. specifications are chosen to track changes in both carrier
The ambiguity imposed by the limited range of the phadeequency and phase offset. The outpufgt), c[n], controls
detector output is the main reason for the limited lock randgke phase anglé[n] output of the VCO.

1. INTRODUCTION



by [n] come this limitation by appending an unwrapping mechanism
to the PD to reverse the effect of wrapping. To this end, we
make the reasonable assumption tHaf varies slowly and
A €l L(2) cnl | pz=! | oln] proceed to examine the incremental vallgs] — e[n — 1]|.
1—z271 This ability of using memory to save[n — 1] and thus
track the signal variation is a key element in the successful
operation of our EPLL.
The unwrapping mechanism performs the exact opposite
Fig. 1. Linear model of discrete PLL function as wrapping. When a new phase estimdte
is output from the PD, the unwrapper compares it to the
previous estimate[n — 1]. The incremental value is then
used to decide on whether wrapping has been done and
consequently reverse its effect. For examplesif] = 7/4
¥nd e[n — 1] = 27 — /8, clearly, e[n] has been wrapped,

The CPLL is kept in its lock range as long g&] remains
within the [—7, 7] range. This phase ambiguity caused b

the PD limits the locking capabilities of the PLL. Herein . ; :
. and the unwrapper will have to unwrap it by addig, to
we propose a PLL with an extended lock range. We wi :
obtain the unwrappeeln] equal to2w 4 /8.

refer to the new PLL as EPLL. The EPLL has the same . : .
S Keeping track of the incremental phase values and adding
building blocks as the CPLL above. The key element that !
: . . roper multiples of2r to e[n] thus allow us to unwrap the
differentiate the EPLL from the CPLL is the phase detector. . .
; . . .~ phase estimate of the PD and consequently increase the lock
To increase the lock range, the PD in the EPLL is equippéd . e
. . . range of the PLL. The unwrapping mechanism is based on
with a phase unwrapping mechanism.

the simple update equation:

A. Phase unwrapping mechanism €[n] = €[n] + 27 x round (W) (2
To illustrate the operation of the PD with the phase "
unwrapping mechanism, we first assume that the input T§is unwrapping scheme is very easy to implement in
the EPLL is a complex-valued sinusoidal sigméh] of the software defined PLLs and unwrapping can be done to any
form: range[—N=, N« one finds suitable.
nln] = aelfln] 4 ¥ln), (1) After unwrapping, the phase estimate is fed into the loop
) N . filter. The parameters of the loop filter depend on the design
where)[n] is an additive noisef[n] = 2wAfecn + 6o and  gpecifications and follow directly from the analysis of the

Af. is a carrier frequency offset. CPLL, for details see [2] or [3].
As will be demonstrated in the next section such complex Note that when the frequency offset is non-zero, the

sinusoidal signal can be obtained from the received Sigrl?r{wrapped outpud[n] may grow indefinitely. To avoid this
through a demodulation process. The PLL strives to find a‘b?'oblem one needs to wragin] to [—, 7] before feeding
track the variations of[n). it back to the PD. ’

The block diagram of the proposed EPLL is shown in
Figure 2. The inputs to the PD are now the noisy complex- 3. CARRIER ACQUISITION AND TRACKING SYSTEM
valued sine-wave)[n], and the synthesized sine-waw&!"]

fed back from the loop filter. The PD is designed to deIiveSrtlI;) |Ig52a;%;fj§a?§e;$tg) dn 3;:2; EaF;Lt}s\,i\;s)r?rZizn:chi?se
an estimate of the phase differende] = 6[n] — ¢[n]. y q g

system applicable to QAM and PSK modulated signals. The
system, shown in Figure 3, takes the demodulated received

nln] = 7" 1 y[n] signal y[n] as input and outputs the carrier compensated
\ signaly’[n].
Phase G[nL P az C[”L pz=t P ", The system can be divided into three parts: (i) Front-end
Detector ot 1—z71 processing to remove the data dependency of the input signal,

4 (ii) EPLL to track the variation of the phase/frequency offset,

- and (iii) Interpolator and phase compensator to produce the
€ desired output.

edeln]

A. Front-end processing
Fig. 2. PLL with extended lock range

Ignoring the channel noise, the demodulated input signal

) ) y[n] in a QAM signal finds the following form, [2]:
The PD, usually implemented as an arctan function, wraps

the phase estimatén] to a pre-specifie@r range. We over- y[n] = (zg[n] + jxrn])e’? (3)
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Fig. 3. Block diagram of a fine carrier acquisition and tracking procedure for QAM systems

wherezg[n] and z;[n] are respectively the real and imagi-could not be used as an input to the EPLL. To furtblean

nary parts of the complex baseband signal, dpd is the the input signal to the PLL, one may use another stage of

phase difference between the modulated received signal diltdring: a bandpass adaptive filtéh(z) that is designed to

a locally generated carrier at the receiver. Assuming a carrartomatically tune itself to the desired toneda f..

frequency offsetA f. and a phase offsék,, we get The filter parameters that are used in the front-end pro-

cessing should be chosen with special care. The passband

O] = 2mAfen + 6. “) edge ofG;(z) is selected according to the frequency offset

The PLL has to estimaté[n] and remove the undesirableAf.. If the frequency offset is such thal\ f.| < Afraz,

factor /"] from the right-hand side of (3). the passband edgg; is selected equal tdA £,

The unknown complex factoxg([n] + jz;[n] causes a  The proper operation of the line enhancgs(z) requires
phase ambiguity that does not allow direct estimatiofijof the input to be a narrow-band signal burried in a wide-band
from y[n]. This problem is resolved by taking the fourtmoise. In order to ensure the presence of the wide-band noise,
power of y[n]. The output of the(-)* block in Figure 3 is the stop-band edgés, of the low-pass filteiG;(z) and the
obtained as, [2], decimation ratelM, are chosen such that the signal spectra

40T 40 over the transition band and the aliased spectra add up to a
y'n] = myae” 0 4 o]0 ) flat spectra. This dictates the following relationship between
wherem,y = avgak[n] + x4[n] — 62%[n]z3[n]] andvln] is  fpb: fso » M2 and the input sampling ratg;.
a zero-mean wideband signal.

Recalling (4), (5) shows that![n] is the sum of a complex- foo +fsb _ fa1 ©6)
valued sine-wave with frequency f, and phasetf, - the 2 2M>
parameters that the PLL strives to estimate - and a wideban

i j40[n] i
Slg[\rl]s,:évt(ﬁlﬁ sinc,etPoE:t I\T_a;ysbKestirena;;esd t?fe r;glusretzﬁ ower ruIhere is an FIR-LMS adaptive filter. The spectra of the signals
gnas, P Before filtering, afteiG1(z) and afterG,(z) are presented in

cannot be applied, a power of M block is used instead. Tr&el,- ure 4. One can clearly see the gradual enhancement in

rest of the .system remains unalltered.. Here, for _the Saketﬁe quality of the signal that will eventually be fed into the
demonstration, we assume the input is a QAM signal. EPLL

Direct application of the output of)* block to the PLL
does not lead to a satisfactory result, because proper operaB'or’bLL
of the EPLL requires a relatively clean sine-wave. One cari
obtain a cleaner (less noisy) version of the desired sine-We follow the EPLL presented in Section 2. To be able
wave, by passing*[n] through a low-pass filte; (z). After to compensate for both carrier frequency and phase offset,
low-pass filtering, the result is decimated to save on thee choose a second order PLL, [3]. The parameters of the
computational complexity. loop filter of the EPLL are selected according to the sampling
Depending on the quality of the channel, the output of thate at the input of the phase detector, the noise bandwidth
low pass filter and decimator may still be noisy and thusnd the damping factor. These computations, as mentioned

(Note that the adaptive line enhanagh(z) that we use
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Fig. 4. The power spectrum af‘[n] (a) before filtering, (b) after low pass filtering and decimation, (c) after the line enhancer

earlier, follow directly from the analysis of digital PLLs,( [2], multiplied by the delayed signg[n — A] to yield the desired

[3D). outputy’[n] of the carrier recovery system:
The EPLL strives to track the time-varying phase angle , 0
40[n]. Since the desired phase that should be removed from y'[n] = yln — Ale™"[n]. )

the demodulated signal ig[n], the output of the PLL is
divided by4 before any further processing. This divide-by-4
block is shown in Figure 3. Note that the factor #fcan In this section, we present the hardware architecture of a 4-
alternatively be compensated for inside the EPLL. For thiAM carrier recovery system based on EPLL structure. The
purpose, we include a factor gf in the transfer function of System Generator implementation of the designed system is
the loop filter, to effectively generate a phase output equaldfown in Figure 5.
¢[n] /4, and feed back/*?l"~1] to the PD instead af"~!l. " gystem Generator, an add-on to Simulink provided by
Xilinx, produces a highly optimized FPGA realization since
each module used in the architecture maps to an FPGA
The output of the PLL is an estimate of th¥,-fold library component that has been carefully constructed and
decimated phase error inin — A] where A is the delay optimized for the FPGA target device. Moreover, the System
caused by the low-pass filté€t; (z), the adaptive filtez2(2) Generator provides us with a visual representation of the
and the EPLL. This delay is evaluated &g, /2 whereN,;  system that not only serves as the design specification, but
is the length ofG; (z). The line enhancer does not cause args the behavioral simulation model and the source definition
delay, since its output is an estimate of the input. Similarl§or the hardware. The system Generator implementation also
the EPLL does not cause a delay, since upon convergenfegilitates the rapid investigation of various design options in
the outpute[n] is equal tou[n). the system. The various parameters used in the data flow are
The samples o8[n], output of the PLL $[n] = 8[nM]), specified as variables in the MATLAB Workspace, [1], [4].
need to be interpolated to the original sampling rdie. ~ The system was synthesized for a XILINX VIRTEX-IV
There are many methods to carry out this interpolation. HexeC4VSX35 FPGA. DSP48 slices were used to measure the
we choose to use the simple linear interpolation methedsources utilization of the FPGA. Throughout the circuit,
assuming that[n] is a piece-wise linear phase. signals were represented using 16 bit vectors, 10-12 bits were
After interpolation, the samples @fn], now at the same used to represent the fractional part of the numbers depending
rate as the demodulated signgh|, are converted into the on the growth incurred in each block as the signals propagate.
phase compensation facter7?[”l, This factor is finally The carrier recovery system occupies 3 out of 192 DSP48

4. FPGAIMPLEMENTATION

C. Interpolator and phase compensator
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Fig. 5. The carrier acquisition system in system generator for DSP

slices available on the FPGA chip and can run at a maximyshase of the filtered baseband signal through an arctan(l,Q)
clock frequency of 20 MHz. computation.
There are many options for computing arc-tangents, one
alternative that is suited to an FPGA implementation is
The front-end processing begins by two stages of complthe coordinate rotation digital compute(CORDIC) arith-
multiplication to raise the input signal to the power of founnetic [7]. The CORDIC algorithm is highly suitable for
Each complex multiplication block is implemented usingrPGA designs because it consists of a series of additions and
adders/subtractors to save on the amount of resources usetractions, these functions are very efficiently implemented
[5]. by FPGA technology and require a small number of logic
For the low pass filter and the decimation, we use sices.
polyphase filter structure to reduce the complexity of the The CORDIC algorithm converges only for input angles in
implementation. Two polyphase low-pass filters are requirge interval[—=/2,7/2]. In order to support the full range
here, one for each of the | and Q processing arms. Thdser, 7], a coarse angle rotation is first performed to map
filters are 125-tap symmetrical FIR filters with 10 bitghe input arguments into quadrant 1, the CORDIC algorithm
coefficients and support 16-bit precision input samples. Theicro-rotations are then performed and finally a quadrant
filters were generated using the Xilinx Core generator MAGorrection is applied to account for the coarse angle rotation.
FIR block, [6]. The implementation of each filter occupies The number of fine-angle iterations required to carry the arc-
DSP48 slice. tan operation and the bit precisions of the CORDIC elements
The line enhancer was not implemented for this particulare investigated through simulation. The phase detector we
presentation. This can be justified by the fact that we awsed was implemented using 4 iterations and 16 bit signal
implementing a QPSK carrier recovery system. If we werngrecision.
to implement a higher order QAM modulation, this adaptive To unwrap the output of the phase detector, the angle
LMS filter was required. output of the CORDIC arctan block is compared to the output
of the EPLL. This difference:[n] = 4 x 0[n] — 4 x ¢[n],
along with the previous phase estimate — 1] are fed to an
The extended lock range PLL implementation is showmnwrappingblock where proper multiples dir are added
in Figure 6. This implementation begins by extracting th® ¢[n] depending on the incremental valde. — 1] — €[n].

A. Front-end implementation

B. EPLL implementation
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Fig. 6. The EPLL in system generator for DSP

The unwrapping block consists of multiplexers, adders ampadwer of 2 (twice). This multiplication yields the final output
subtractors. For the sake of illustration, we unwrapped thén].
signal up to[—10m, 107].

After unwrapping, the signal is fed into the Pl second
order loop filter. This is implemented as two first order IIR In this paper, we presented a method to increase the
filters. An IIR filter of one pole and one zero followed by adock range of the conventional phase locked loop. This was
integrator. made possible by the flexibilities offered when the system

After the loop filter, the phase israppedback to[—, 7] is implemented in software. To illustrate the functionality
before interpolation. This is performed by comparing ead¥ the extended-lock range PLL (EPLL), a carrier recovery
#[n] with = if positive and by— if negative and if¢| > =, System was designed and implemented on an FPGA. The
2w, respectively—2r, is added to the phase output. Thigmplementation was done using System Generator for DSP
wrapping mechanism is implemented using two multiplexegd was optimized to occupy 3 DSP48 slices while running
and four adders/subtractors. at a maximum clock frequency of 20 MHz.

5. CONCLUSION

C. post-PLL implementation 6. REFERENCES
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adders/subtractors and multiplexers, an accumulator and an

upsampler whose purpose is to atld zeros after each input

signal to allocate space to the intermediate samples being

computed.
The interpolated phase samples are finally used to compen-

sate for the input signal. The CORDIC algorithm in rotation

mode is used here to compute the sine and cosine of the phase

6[n]. The complex phasatos(6)+ j sin(6) is then multiplied

by the delayed input signal using a complex multiplication

block similar to the one used to raise the input signal to the



