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Abstract 
A high-performance digital phase-lock loop subsystem 

has been designed as part, of t,he upgrade to the magnet 
power supplies in the booster ring at the Nat,ional Syn- 
chrotron Light Source. The I’LL subsystem uses a dedi- 
cnt#ed float,ing-point, digital signal processor to implement 
the required filters and the startup. fault-handling, and 
running logic. The subsystem con&s of two loops; the 
first loop t,racks long-term changes in t,he line frequency, 
while the second t,racks more rapid variations. To achieve 
t#hc required prrformance, the order of the loop transfer 
functions was t,aken to be five, in contrast to the second- 
or third-order loops usually used. The use of such higtl- 
order loops required design techniques different from those 
normally used for PLL filter design. The hardware and 
softwarc elemcnt,s of the subsystem are described, and the 
design met,hodology used for the filters is presented. Per- 
formance is described and compared to theoretical predic- 
tions. 

I. INTRODUCTION 

Output voltage control of high-current power supplies 
is usually based on the firing of thyristors at the appropri- 
ate phase-angle of the rectified A.C. line voltage. For this 
reason, accurate control requires a phase-reference which 
is accurat,ely synchronized to the line over its range of fre- 
quency variat,ion (rfO.l Hz); this is typically provided by 
a phase-locked loop (PLL) driven by the A.C. line. As 
the accuracy requirements of power supplies become more 
st,ringentf, the performance demands on the PLL increase 
correspondingly. 

To address t,his need, a higll-accuracy digital PLL has 
been designed as part of the upgrade to the NSLS booster 
magnet power supplies. The design is based on the dig- 
ital PLL previously used in this application [l]; in ad- 
dition, to achieve the required performance, it was de- 
cided t,o use a relatively inexpensive floating-point digi- 
tal signal-processing (DSP) chip, the Texas Instrurnents 
TMS320C.31, to implement the required filters. 

Since the design of DSP-based filters for PLL use is 
subst,antially different from that of analog filters, and the 
use of a signa.l-processing chip promo& a diffcrcnt design 
approach, the main emphasis in the following will be on 
the design of these filters. 

*Work performed under the auspices of the U.S. Department of 
Energy under contract DE-AC02-76CH00016 

II. PLL HARDWARE 

A. Overall System 

A block diagram of the overall PLL subsystem is shown 
in figure 1. The core of the system is the block labeled 
“Fast Loop”; in normal operation, this provides the re- 
quired phase-reference signal. The slow loop’s function is 
to provide a rrlat,ively constant reference for short-time 
variations in the lint and the fast loop; this is used mainly 
for diagnostic and measurement purposes. A secondary 
purpose is to provide a reference to which the fast loop 
can switch when the line fails. 

It was decided, rather than at,tempt ing to provide rnul- 
t,iple samples per cycle of the line phase, which would be 
sensitive to the purity of the line voltage, to use only a 
measurement of the length of each cycle. Since this is sen- 
sit.ive t,o noise in the zero-crossing region, the prefilter is 
used to provide a clean GO Hz squarewave as input to the 
loops. 
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Figure 1: PLL Subsystem Block Diagram 

R. Fast Loop 

The fast loop follows the usual PLL configuration; a 
block diagram is shown in figure 2. The digit,al VCO is 
essentially an overflow adder driven by a 23.592960 MHz 
crystal-controlled clock, and configured so that the output 
frequency is Linearly proport,ional to the 20-bit input value, 
with an output frequency of 5.898240 MHz at midrange 
input, and a maximum frequency deviation of & 737.28 
kHz at inputs of 1 and 220 - 1. The frequency divider 
divides by 98,304 to give a center output frequency of 60 
Hz, and a deviation of & 7.5 Hz. The phase comparator 
consists of a 20-bit counter clocked at 10 MHz; this gives 
a resolution of ,002 degrees. 

c. SlOUl Loop 

The slow loop is similar t,o the fast loop except for 
the following: 1) the VCO is a volt,age-cont,rollcd crystal 
oscillator, with the control voltage set by the output of a 
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Figure 2: Fast Loop Block Diagram 

lG-bit D/A converter; 2) since this gives a very low fre- 
quency range, t,he frequency divider is also tnade variable 
to increase the range. This arrangement was chosen t,o 
a.chieve cxt,remely fine resolut.ion for VCO, since the timc- 
constant, for the slow loop is of the order of hours. 

III. I’LL FILTER, DESIGN 

A. Loop Requaremenis 

‘l’lie main requirements were for accept,able acquisit,ion 
t,itnc (not more t,hatt a few sccotlds), asymptotic tracking 
error of Mter than .02 degree across the frequency range 
59.9-60.1 Hz, and good reject,ion of noise, harmonic dist#or- 
t,ion (120 Hz up)! and dist,urhances induced hy the power 
supply ramping it,sclf (25 Hz down). 

Sincr a DSP chip is being used, low order is 7tot a 
rPquiremettt. This makes the “coprime fractional rrpre- 
sentat,iott” approa.ch t,o feedback design [2] very attractive; 
tlrc> version used hcr(’ is t#akrn from [3]. 

Il. Fa.yf Loop 

Since tltp phase differeric(~ is sntnplrd at the, end of 
each cycles and gives t!he average’ phase difference over that, 
cycle. the t,ransfer funct,ion of t,hr VCO and frequency di- 
vidcr, as scan by the filter, can 1~ tnodeled as 

wltcrc, li is a hartlware-depend1Pnt. gain. The phase- 
cotiiparat,or is simply a diff~~rcnc-c: operator followed by a 
gain I<d. 

The problem tfhen becomes: find a filter F(z) which 
sl ahilizes t,liis loop, asympt>ot,ically t#racks a ramp input.. 
artd rejects noise and disburbances. Tracking of a ra,tttp 
input, is requirc,d since a st,?p change in frequency is a ramp 
in plia~, and asytnpt~otically zero phase error is dcGrr,d 
ov(‘r t,liiy fr?qu<~ncy ratigcb. 

Following the mrt hod in [3] I C’( 2) is first, expressed as 
a quot,ictti. 71~,/d~,; in this case’ 71$, = I\-=-’ and cl*, = 1 -z-l 
arc nat,ural choices. Thr~ pair of futtct,iotts zip = l/A and 
1’ ,’ = 1 is then cliosc~n as a solution for the equation (2.15 
itI [3]) 

up 77 p + VI? d,, = 1 

NfTt,, sitice the Z-t~ratisform of a. ramp is 
z-l/( 1 - ,-‘)Z, t.11t> f unctions in equation 3.2 in [3] can 

be t,aken to be n2 = Z-I, dt = (1 - z-l)‘, u1 = 2 - Z-‘, 
and trt = 1. 

In a similar way, t,he functions uPl and cpt in equa- 
tion 3.14 in [3] can be taken t.o be (2 - z-l)/A’ and 1, 
respectively, and the functions in equation 3.28 in [3] can 
be taken to be n, = 1, d, = 1 - z-l, u, = l! and w, = 0. 

It then follows from the theory present,cd in [3] that,, 
for all stable functions e(z), the filt#er 

F(z) = & +f:pP 
P 

= - -1ie(z)(l - 2 1 -y2 + 3 - 3:-l + z-2 

Ii Iid Iie(z)z-l( 1 - 2-l) + (1 - z-l):! 

(1) 

will give a stable closed-loop syst,etn which will track a 
ramp input, and that all such filt,ers are of this form. Fur- 
ther, t,hc gain from t,he input, t#o the sampled output is 
given by 

H(z) = -+(z)d,dpn,, + dpupuplnp + upnp (2) 
YE 1-(1-=-l )“(l - z-t + 1<e(z)z-‘) (3) 

which is linear (more accurately, afftne) in lie(:). The 
arbit,rary stable funct,ion h-e(z) can therefore be taken as 
a free parameter to opf,imize the ot,lier requirements. In 
this case, e(z) was taken to be a general second-order stahle 
transfer funct,ion, and t,he coefftcients were chosen to give a 
low-pass characteristic with good rejection at, 2 Hz, which 
is the ramp frequency of the final system [4]. The filter 
transfer function for t.his weighting factor was found by 
substituting this Ice(z) in equat,ion 1; the result was 

F(z) = 0.92262464 3 - ;y’ -‘, =-2 
z 

1.022612 - i-l 

x 1+ .29733659:-l 
1+=-t 

’ 1 - .318960652-l + .072725713z-2 

which was itnplctnrnt~cd in cascade form. 

c. Slow Loop 

The procedure for the slow loop was idetAca1 except 
for the loop const,ant,s and the wcight,ing fact,or; t,hp latter 
was chosen so that t,he 3-(111 point of the I’LL frequency 
response was about, 6 x lo-’ IIz, corresponding t,o about, 
4.6 hours response t itttc. 

D. Prflfili f 7 

The problem with the prefiltcr wits to design a battd- 
pass filt,er with approxitnakly conslanl phase across a 
small region in the middle of the band. This was achieved 
by first sat,isfying the condit,ion at. 0 Hz in the analog do- 
main, using a frequency t~ratisforttiation to transform t,o 
a bandpass flkr, and a bilinear transform to transform 
to t,ltc, Z-dornaiti. Marc specifically, since pliascl arid atn- 
plit,ude mat~chittg was required at DC, and a second-order 
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rolloff at, was desired at, high frequency~ the transfer func- 
i iou of thr> protot.yp<> filter had to takr the valur> 1 to t.hr~ 
second ordrr at zfxro (assulning unit,y gain), and had to 
ha\.<‘ a sc,cond-order zero at, infinity. This led t,o t,he form 

Ha(s) = 
CllS + a0 

53 + a252 + (21s + no 

arid the valrlc>s CLI), (~1, and nz were determined by itera.- 
t,ion. Aft,cr the, lo~~~l)“ss-t,o-barrtlpass and bilinear t,ralisfor- 
mnt.ions, t,he following sixt,h-order filtcf was obt~ained (in 
cascade form): 

6.9’)80052 - 11.976087--’ 
H(2) ZzI c . ’ - 

+ 6.98801872-’ 

1 - 1.9965836:~’ + 0,9980031z-” 
5 x lo-“i(1 - Z-1)2 

’ 1 - 1.988673z-’ + O.Y9008866z-” 
(1+,-1)2 

’ I - 1.9886052r-1 + 0.99001764~-2 

IV. PERFORh4A1\JCIE 

A Predicted Perfornluizce 

‘l‘hc calculated amplit~ude response for the fast loop is 
plot,t.cd in figure 3; its 3-dB frcqllcrlcy is .6 Hz. By design, 
t hl, filt,r,r is stiiblf~, and has zero asymptot.ic t,i-ncking error 
for a ramp input,. 
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Figure 3: Fast Loop Amplitude Response 

The calculat,ed amplitude response for the prefilter had 
a bandpass charact,rristic with 3-dR points at, 53 and 67 Hz, 
and had an att,enuat,ion of > 27dB brlow 30 Hz and above 
120 Hz. 

Finally, t#hc prefilter phase response for the range 59.9 
60.1 Hz is shown in figure 4; t,he maximum phase devia- 

tion over the band of interest is less t,han zt.01 degrees. 

Ll. Measured Performance 

The prefilter and the remainder of the PLL system 
w~~rc implcmcntc~d separat,ctly. 
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Figure 4: Prefilter Phase Response 

The prefilter was implemcntcd on the Texas Inst,ru- 
ments TMS320C30 EVM board, and was t,ested with a 
funct,ion generator as input,. Within the limits of measure- 
ment, error, it, functioned as predicted. 

The remainder of t,hc I’LL system was implemcnt~etl 
on a VME-bus systmcwr, cnnt,rolled by a VME-based 
TMS320C30 board; the algorithm included all initializa- 
t,ion. st,atus, error condit,ion handling, and the loop fil- 
ters. The measured steady-sta.te ramp t,racking error was 
0 across the frequency band (within the resolution of t,he 
phase detector) when the input was t,aken from a bench 
function generator. 

Because of the long time-constant,, precise measure- 
men& of t,he slow loop were not, possible; however, it func- 
tioned as expected, and had an rxt,remely long response 
time. The lock-in performance of the fa.st loop is so good 
that the slow loop will be necessary only for measurement, 
and diagnostics. 
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