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(57) Abstract

An RF modulator that allows precise, stable phase shifts to be obtained. The modulator uses a PLL structure including an auxiliary
feedforward path including an adaptive gain amplifier (411) used to inject 2 modulation signal into the PLL at a point past a loop filter
(403). A phase demodulator (419) recovers from the output of the PLL phase information which is compared in a comparator (417) to the
phase information of the modulation signal. A resulting error signal is used to control the gain of the adaptive gain amplifier (411). The
modulator compensates for variability of the VCO (405) and other components of the PLL. ' .
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' known signal or waveform, i.e., a carrier, as a function of some unknown signal or
waveform that conveys information. In radio-frequency (RF) communication sys-
tems, the carrier is typically a sinusoid, and there are several methods of modulat-
ing the carrier. These include linear modulation, angle modulation, and various
types of pulse modulation. Given a sinusoidal carrier described by the equation
A(t)cos(mpt + §(2)), there are two parameters, the amplitude and the phase
angle, that can be varied in accordance with an information signal. Linear modula-
tion results when the amplitude is varied as a linear function of the information sig-
nal. Angle modulation includes phase modulation and frequency modulation. If a
term is included in the argument of the sinusoidal function that varies in proportion
to the information s1gnal the result is phase modulation. If the argument is such
that the difference in the instantaneous frequency and the carrier frequency is pro-
portional to the information signal, the result is frequency modulation.

Demodulation of RF signals has typically involved a quadrature detector

having two branches, an I (“in-phase”) branch and a Q (“quadrature” or 90° phase-
shifted) branch. In the I branch, a received signal is multiplied by the cosine form
of the carrier signal and then passed through a low-pass filter. In the Q branch, the
received signal is multiplied by the sine form of the carrier signal and pass through
a low-pass. filter. Quadrature detectors of this type are linear, well-understood, and
almost universally used. To obtain the information signal from the I and Q compo-
nents produced by the respective I and Q branches of the quadrature detectdr, sig-
nal processing is performed. In particular, the phase of the signal may be obtained

by taking the inverse tatigent- of the ratio of Q to I. The amplitude of the signal may
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Q) that is linear and a second signal processing step to which non-linearities are
relegated. Second, a coordinate system conversion is first performed and then

| reversed. That is, the received signal, which may be readily described in polar
coordinates in terms of the desired quantities of amplitude and phase, is first con-
verted to rectangular coordinates by projecting the instantaneous signal vector in
polar coordinates onto the X (I) and Y (Q) axes, and is then converted back to polér
coordinates to obtain amplitude and phase; Such conversions require circuitry that
occupies space and consumes power—both of which may be precious commodi-
ties, especially in mobile applications such as cellular telephones, pagers, etc. Such
conversions may also entail substantial inaccuracies.

A similar situation exists on the transmit side with respect to RF modula-
tors. That is, amplitude and phase information is originally represented in polar
form. I and Q processing is then performed in which amplitude and phase informa-
tion is encoded as I and Q signals which are then converted back to polar form and .
summed to form the final output signal. This process is illustrated in Figure 1. One
widely used type of modulation, 'Phase Shift Keying (PSK), requires the transmit
signal to undergo accurate phase shifts and to exhibit good phase stability. PSK is
used in GSM cellular telephones, for example. A conventional modulator of the
quadrature type, while it exhibits good phase stability, achieves dnly marginal
accuracy. Sophisticated coding schemes may be required to compensate for inac-
curacies of the modulator, and performance under noisy conditions may noticeably
deteriorate.

Beside conventional quadfature techniques, various other modulation tech-

- niques are known. In one such technique, a phase lock loop (PLL) is used to multi-
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examﬁle. If a modulated signal cos(®,t + §(z)) is applied to the input of the cir-
cuit, then ideally, a modulated signal cos(N Wt + N§(2)) is produced at the out-
put of the circuit. The stability of the circuit, however, is _pobr unless the loop filter
is made to have a narrow bandwidth. With a narrow bandwidth loop filter, the cir-

~ cuit is no longer able to track rapid changes in the modulated input signal, produc-

ing inaccuracies in the modulated output signal.

To overcome the foregoing difficulty, an arrangement shown in Figure 3
has been devised. A baseband modulation signal is applied to a Voltage Controlled
Crystal Oscillator (VCXO) 309 to produce a modulated signal which is applied to

- the input of a PLL, as before. An additional feedforward path is used to inject the
baseband modulation signal into the PLL at a point past the loop filter. More par-
ticularly, the baseband modulation signal is applied to an adjustable gain amplifier
311. The output of the adjustable gain amplifier is applied to an adder 313 situated
between the loop filter and the VCO. The gain of the amplifier is adjusted so that
the effects of the loop filter in removing some of the modulation is precisely offset
by reinjecting the modulation signal. Unfortunately, achieving precisely the correct
adjustment is a painstaking manual process. Furthermore, although sufficient pre-
cision may be obtained for FM radio communications, the precision required for
PSK radio communications is lacking.

The present invention, generally speaking, provides an RF modulator that
allows precise, stable phase shifts to be obtained. The modulator uses a PLL struc-
ture including an auxiliary feedforward path used to inject a baseband. modulation
signal into the PLL at a point past a loop filter of the PLL. A phase demodulator

recovers phase information from the output signal of the PLL. The recovered phase
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summed to formthe final output signal. This process is illustrated in
Figure 1. One Figure 1 is a block diagram of a conventional quadrature RF modulator;

Figure 2 is a block diagram of a conventional PLL-based RF modulator;

Figure 3 is a block diagram of a conventional PLL-based RF modulator
having a baseband modulation signal injection feature;

Figure 4 is a block diagram of an RF modulator in accordance with the
present invention;

Figure 5 is a first timing diagram illustrating operation of the frequency
sampling circuit of Figure 21;

Figure 6 is a second timing diagram illustrating operation of the frequency
sampling circuit of Figure 21;

Figure 7 is a graph of two alternative weighting functions that may be used
to perform digital filtering of a digital bit stream produced by a circuit such
as that of Figure 21;

Figure 8 is a graph illustrating the accuracy obtained from a digital fre-
quency discriminator using a constant weighting function;

Figure 9 is a graph illustrating the accuracy obtained from a digital fre-
quency discriminator using a triangular weighting function;

Figure 10 is a block diagram of one example of a digital filter that may be
used in conjunction with a frequency sampling circuit such as that of Fig-
ure 21;

Figure 11A is a tabulation illustrating one method of digital phase discrim-
ination;

Figure 11B is a plot Showing results of the method of Figure 11A;

Figure 11C is a plot of a weighting function used in connection with Fig-
ures 11A and 11B; :

Figure 12A is a tabulation illustrating another method of digital phase dis-
crimination;
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Figure 14Aisa a tabulation illustrating yet another method of digital phase
discrimination;

Figure 14B is a plot showing results of the method of Figure 14A;

Figure 14C is a plot of a weighting function used in connection with Fig-
ures 14A and 14B;

Figure 15 is a block diagram of digital phase discrimination hardware in
accordance with the technique of Figure 14; :

Figure 16A is a tabulation illustrating still another method of digital phase
discrimination;

Figure 16B is a plot showing results of the method of Figure 16A;

Figure 16C is a plot of a weighting function used in connection with Fig--
ures 16A and 16B; '

Figure 17 is a block diagram of digital phase discrimination hardware in
accordance with the technique of Figure 16.

Figure 18 is a block diagram illustraﬁng a sampled-data model of a Sigma-
Delta modulator and of a sampling circuit applied to frequency sampling in
accordance with one embodiment of the present invention;

Figure 19 is a table helpful in explaining operation of the circuit model of
Figure 18 in the instance of an input frequency that is 0.6875 times a refer-
ence frequency;

Figure 20 is a timing diagram illustrating the principle of operation of the
circuit model of Figure 18 as applied to frequency sampling;

Figure 21 is a schematic diagram of one example of a frequency samplmg
circuit described by the circuit model of Figure 18.

Referring now to Figure 4, a block diagram of an RF modulator in accor-
dance with the present invention is shown. A portion of the modulator indicated
within dashed lines is substantially the same as a corresponding portion of the con-

ventional modulator of Figure 3. Optionally, the modulator of Figure 4 may
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the | oop filtehandled by the divide by N counter. Note, however, that in other instances N may
" be equal to one. Also, the modulator of Figure 4 may optionally include an ampli-
tude modulation stage 421. In some modulation schemes, both the amplitude and
phase characteristics of the signal may be modulated, in which instance the ampli-
tude modulation stage is ﬁscd to impart the desired amplitude modulation.
Preferably, instead of the VCXO of Figure 3, the modulator of Figure 4
uses a Direct Digital Synthesis (DDS) circuit 415 to produce a modulated input
signal that is applied as a reference signal to the PLL. Such a DDS circuit may be
based upon a known Number Controlled Modulated Oscillator (NCMO) described -
in U.S. Patent No. 4,746,880 issued May 24, 1988, entitled Number Controlled
Modulated Oscillator, incorporated herein by reference. A baseband modulation
signal is applied to the DDS circuit to produce the modulated input signal, which is
then applied as a reference signal to the PLL.
. The stability and precision of the present modulator derive from an addi-
tional feedback loop including a phasé demodulator 419 and a comparison circuit
417. The phase demodulator may be of a type described in U.S. Patént Application
No. 69/006,938 (Auty. Dkt. No. 32219-003), entitled DIGITAL PHASE DIE-
SCRIMINATION BASED ON FREQUENCY SAMPLING, ﬁléd January 14,
1998, incorporated hereinafter.
The phase demodulator 419 recovers phase infofmation from the output
signal of the PLL. Using a comparison circuit 417, the recovered phase informa-
tion is compared to the phase information of the baseband modulation signal. A
resulting error signal is used to control injection of the baseband modulation signal
into the PLL, to automatically achieve the correct “dosage.” Thaf is, an output sig-

nal of the comparison circuit 417 sets the gain of the adaptive gain amplifier 411 to
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The phase demodulator of U.S. Patent Apphcatlon No 09/006,938 (Atty.
~ Dkt. No. 32219-003), entitled DIGITAL PHASE DIESCRIMINATION BASED
ON FREQUENCY SAMPLING, filed January 14, 1998, will now be described.

The approach followed by the digital frequency discriminator of the present inven-
tion may be appreciated by analogy to Sigma-Delta A/D conversidn, well-docu-
mented in the prior art by such references as "Oversampling Delta-Sigma Data
Converters", Candy, et al., JEEE Press, pages 1-6, Piscataway, NJ (1992). A
-Sigma-Delta converter modulaies a varying-amplitude analog input signal into a
simple digital code at a frequency much higher than the Nyquist rate. The design

| of the modulator allows resolution in time to be traded for resolution in amplitude.
A sampled-data circuit model of a Sigma-Delta modulator, shown in Figure 1, may
be directly applied to frequency sampling as described herein.

Referring to Figure 18, an input signal x; occurring at sample time i has
subtracted from it the output signal y; at sample time i. The result is applied to an
accumulator having an output signal w;. A "new" input signal of the accumulator
at sample time i is combined with the "old" output signal of the accumulator to
form a new output signal of the accumulator. The output signal of the accumulator
is quantized, the quantization being represented as the addition of an error ¢;. The
output signal of the qﬁantizer is the final output signal y;.

-Assume now that x; is the ratio of two frequencies and that the quantizer is
a two-level quantizer. Further assume that the ratio of the two frequencies for the
time period in questidn is, say, 0.6875. As shown in Figure 19, the latter value is
accumulated a first time, giving an accumulated value of 0.6875. This valuing
being less than 1, the value 0.6875 is again added to the accumulated value, giving
a new accumulated value of 1.375. Since this value is now greater than 1, 1 is sub-
tracted from 0.6875 and the result (0.6875 - 1 = -0.3125) added to the accumulator
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P lower clock signal during the period of interest is 0.6875. At time t =0, rising

edges of both clock signals coincide. At the first subsequent rising edge of the

~ lower clock signal, 0.6875 periods of the upper clock signal have elapsed. Atthe
next rising edge of the lower clock signal, 1.375 periods of the ixpper clock signal
have elapséd. At the next rising edge of the lower clock signal, 1.0625 periods of -
the upper clock signal have elapsed since the elapse of the first period of the upper
clock signal, and so on.

A schematic diagram of a capture circuit, or frequency sampling circuit,
that may be used to data samples corresponding to the data stream described in the
foregoing example is shown in Figure 21. In the illustrated embodiment, it is
éssumed that the ratio of the clock signals is such that no more than one rising edge
of the faster clock will occur during a single period of the slower clock. In other
embodiments, this assumption need not apply.

The capture circuit includes a input portion 2101 and an output portion
2103. The input portion includes two sections Ch1 and Ch2 that must be carefully -
matched to minimize errors. Each section comprises a chain of two or more D
flip-flops coupled in series. In the following description, the same reference
numerals will be used to reference the respective flip-flops themselves and their
respective output signals.

Within each section, the first flip-flop in the chain is clocked by a sampled-
clock signal Fx. The succeeding flip-flops in the chain are clocked by a sampling
clock signal Fs. The D input of the first flip-flop Q1 in the upper section is cou-
pled to the Q output of the same. The D input of the first flip-flop in the lower sec-
tion is coupled to the Q output of the first flip-flop in the upper section. The
remaining flip-flops in both sections are coupled in series--i.e., Qto D, Qto D.

The function of the input portion is to 1) produce two signals, logical
inverses of one another, that transition on rising edges of the clock signal Fx; 2) to
latch the values of the two signals on the rising edge of the clock signal Fs; and 3)
to detect transitions from one clock to the next. Additional intermediate stages in

8
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The output portions include, in an exemplary embodiment, three two-input
NAND gates. Respective NAND gates N1 and N2 are coupled to the D and Qssig-
nal of the final flip-flop stages of the input sections. Output signals of the NAND
gates N1 and N2 are combined in the further NAND gate N3 to form the final out-
put of the capture circuit. _

The function of the output portion is to detect a change in the input clock
signal level from one sample clock to the next in either of two channels formed by
the two input sections. The two input sections function in a ping-pong fashion,
alternately detecting changes in the input clock signal level.

Operation of the capture circuit of Figure 21 may be more fully appreciated
with reference to the timing diagram of Figure 5. The first stages of the two chan-
neis form inverse signals Q1 and Q2 approximately coincident with (but slightly
delayed from) rising edges of the input clock signal. The signals Q3 and Q4 are
formed by sampling the signals Q1 and Q2, respectively, in accordance with the-
sample clock. The signals Q5 and Q6, respectively, are delayed replicas of the sig-
nals Q3 and Q4. The NAND gates together realize the logic function X = Q3-Q3 v

Q4-Q6.

In the example of Figure 5, the illustrated signals are all idealized
square-wave signals. In actuality, the signals will have finite rise and fall times.
The possible effect of the finite rise and fall times of the signals Q1 and Q2 and the
asynchrony of the circuit is metastability, as illustrated in Figure 6. Here, the sig-
nals Q3 and QS and the signals Q4 and Q6 are each in an indeterminate state for
one cycle. The resulting output of the circuit may or may not be correct. However,
because the decision was a "close call” to begin with, the effect of an occasional
erroneous decision on the overall operation of the circuit is negligible. The time
window of instabﬂity is reduced by increasing the overall gain in the path. If the
gain in Q3 and Q09 is sufficient to reduce the probability of an error to an accept-
able level, then no additional circuitry is required. If not, then additional circuitry
will be required to increase the gain. '_

~ In order to recover the ratio of the frequencies of the two clock signals from
the data stream prodiced by a capture circuit such as the one of Figure 21, digital

9
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sanmpling circui t.vefghtﬁg%ﬁ&oﬁlhlgh mmc%lﬁh%géﬁgtgﬁ.}ea a graph of two

al ternative wei ghtdng_function to performdigital
filtering of a digit ebvengmcimpbpmdu@te@smyemmplmtm r. The weight- t hat

Ot o S o i 3 QU e S S48 P B EAGR B
. wei ghting funct mgtheory It should be recogmzed however, that IIR filters can also beused. In
the process of FIR digital filtering, the weighting function is applied to a "window"
of data samples to obtain an estimate of the ratio of frequencies in the center of the
window. The window is then "picked up and moved" to the next sequence of sam-
ples. Windowing will typically overlap. A window may include 256 samples, for
example. |

- Referring to Figure 7, two alternative weighting functions are shown for a
window of 256 samples. The weighting functions are normalized, meaning that
the area under the weighting function is unity. One weighting function, indicated
in dashed lines, is a straight-line, constant weighting function. Another weighting
function, indicated in solid line, is a triangular weighting function. The weighting
function is the impulse response function in digital filters.

Results of digital filtering using the straight-line weighting function and the
triangular weighting function respectively, are shown in Figure 8 and Figure 9. In
the case of both Figure 8 and Figure 9, the frequency ratio was increased from just
under 0.687 to just over 0.693. As seen in Figure 8, using a straight-line weighting
function, the quantized signal oscillates between two levels that are adjacent to the
input in such a manner that its local average equals the average input. The average
error was calculated to be 1772ppm. As seen in Figure 9, using a triangular
weighting function, the quantized signal tracks the input with an average error of
83ppm.

A schematic diagram of an exemplary frequency accumulator that applies a
triangular weighting function and that may be used to accomplish the desired digi-
tal filtering is shown in Figure 10. In the example shown, the frequency accumula-
tor uses a 7-bit counter 101, a 14-bit adder 103 and a 14-bit register 105. The 7-bit
counter is clocked by the sample frequency Fs. The output of the 7-bit counter is
provided to one input of the adder. The function of the 7-bit counter is to count up
from O to 127 and then down from 127 to 0. The count of 127 occurs twice in suc-
cession. This behavior is achieved using a flip-flop 107. The flip-flop is clocked

10



"Figure 9 is a graph illustrating the accuracy obtained froma digital fre-
quency di scrwdiosaseRo using a triangular weighting function; PCT/U[S)9ﬁ63%§e
10 is a block diagram of one exanple of a digital filter that may be _

used in conjunction with a frequency sanpling circuit such as that of Fig-

ure 21; bytheusample frequency Fs.aBuleaminahCotntisignahof uh? 7ebivadder limimbpufh to
e o . iy _ ) Le a0l ot owi g
fesul ts of the tEhbTon The ousbdBf i iip-op is coplhd ¥ §ohml oG of BE
wei ghti ng funct Vit aps@teri n connection with Fig- ures 11A and 11B;

flgure 12A1s a tabulgbhgDe dolgied” bl Akl R'D5heHE £ oSt sbhil ok e RIS
di s- crim nat i on;

' When the current bit of the data stream is a 1, an addition is performed. When the
‘current bit is a 0, no addition is performed. A Carry In input of the adder is tied
high, effectively causing the range of weights to be 1 to 128.

The 14-bit register is clocked by the sample frequency Fs. Its output is
applied to the other input of the adder. Its input receives the output word produced
by the adder. The function of the 14-bit adder is to perform an accumulation oper-
ation for 256 clocks. At the conclusion of the 256 clocks, the output of the 14-bit
adder is used as an estimator for the frequency ratio. More particularly, in the
example shown, the output of the accumulator is equal to R x 128 x 129, where R
is the frequency ratio estimator.

The foregoing technique may be readily extended to phase discrimination.,
Various different methods and apparatus for digital phase discrimination will be
described entailing different design tradeoffs.

The first method is conceptually straightforward but computationally
expensive. Referring to Figure 11A, the same observed frequency data stream and
the same set of weights corresponding to a triangular weighting function (Fig.
11B) are used. The ratio of the reference frequency to the sampled frequency over
a relatively long period of time is first determined using the technique described
previously. Having obtained this frequency ratio estimator, short-term frequency -
deviations are estimated by calc‘ﬁlating the same frequency estimate as before but
at a relatively high rate, as often as once per sample period. That is, successive
samples are all taken using the circuit of Figure 10, as often as each sample period.
The difference (aF) of each frequency estimate (F) from the previously-deter-
mined frequency ratio (Fr) is calculated, multiplied by an appropriate scale factor k
and accumulated to obtain a corresponding phase estimate Pf. (The first value of
Pf is an arbitrarily chosen initial condition, chosen for comparison to an ideal esti-
‘mate. In practice, the phase may be initialized to a value based on a priori knowl-
edge of signal characterisﬁcs; or, absent such a priori knowledge, may be set to
zero upon detection of a phase inflection point.) o

A phase-plot simulation comparing actual phase of a specified waveform
(solid-line) with estimated phase using the foregoing phase estimation method

11



Fi gure 12B i showi ng results of the method of Figure Jl?cél, o/3285 -
Figure 12C |v2029/ g‘? of a weighting function used in connection w %/0[22

ures 12A and 12B; Figure 13 is a block diagram of digital phase
di scrim nation (thslﬁhnbhm)imshowanigcbm dance with the technique of EI gurfe
12; Figure 1 S at ni | ustratin et anot‘lﬂgr met hod o
digital phase 4@?5 rF??’H’ i erencer%ﬁng%glqnsmg fl i Campin

results of the ﬁu’lﬂlycbxpéndive;ﬂnnmuébékﬁ the need to calculyt feeqéficy EstimdtbDit axklad

wei ghting funct {i\(r)eriy Hlsg%dra{ep A Qgrré?s%trﬁrga on &x%echingé" phase estimation method obviates
this requirement.' Referring to Figure 124, instead of subtracting the frequency
ratio from a frequency estimate, the frequency ratio Fr is subtracted from the sam-
pled data stream itself. Assuming that the data stream is a bit stream of ones and
zeros only, and assuming a frequency ratio Fr = 0.6875, then the pre-summation
difference Y will have one of only two values, Y=1-0.6875=.31250rY =0 -
0.6875 = - 0.6875. The Y values are accumulated to obtain corresponding values
PX. Phase estimates PP, are obtained by filtering the PX values in substantially

the same manner as described previo;jsly in relation to forming frequency esti-
mates (using the identical weighting function, Fig. 12B, for example) with the
| exception that the filtered values are scaled by the scale-factor k.

The pre-summation difference phase—calculation may be shown to be math-
ematically equivalent to the frequency difference phase calculation. Simulation
results, shown in Fig. 12C, are therefore the same as in Fig. 11C. The hardware
realizatibn, however, may be considerably simpler using the pre-summation differ-
ence phase calculation, since only one computatxon is required per phase pomt.
Such a hardware realization is shown in Figure 13. '

The pre-summation difference phase estimator of Figure 13 includes gener-
ally a first accomulator ACC1, a weight generator WG similar or identical to the
weight generator previously described in relation to Figure 10, and a second accu-
mulator ACC2.

The accumulator ACC1 functions to produce phase numbers PX; in corre-

spondence to bits(or in other embodiments, symbols) of the observed frequency
data stream and includes a multiplexer 1301, an adder 1303 and a register (e.g., a
16-bit register) 1305. The multiplexer 1301 selects one of the two possible values
of Y; in accordance with the value of X and applies Y, to the adder 1303. The reg-

ister value is added to Y; to form PX;, which is then strobed into the register. The
adder 1303 and register 1305 therefore accumulate the PX; values.
“The PX values are then filtered in the accumulator ACC2, which includes a

multiplier 1307, an adder 1309 and a register 131 1. The multiplier receives
weights from the weight generator WG and PX; values from the accumulator

12



ures 14A and 14B; Figure 15 is a bl ock di agram of di gi tal phase
d| SCI’I m nat re I n accordance with the techniq e

wggd?u%e 16A is a tabulation illustrating still another metﬁ*bg of
d| g| tal phase di scri m nati on; Figure 16B is a plot show ng
results of the A@.‘honesjecﬁvgwefghnﬁma PX; values aFé muitiplied @nd theeprpliwtts adcua
wei ghting function used in connection with Fig ures_16Aand 16B;
Figure 17 is amyHaed, BaforlASslock gicies t%fag@%mﬁﬁ%mw hEhemahs in
accordance wi t ?hEPEJaS'%E'EBh éélf dso':ds%' lgslﬁﬁm scale fact rﬁo@é&l‘i’pmubtsdlﬁ‘u&'tﬁék
di agramil | ust atln‘glaa sarrpe ta no
modul at or and @fcumylappn pragess-rcuit appli ed to frequency sarrpl | ng I n
accordance with one M alHA38oR tach dlﬁeEéI%re 19
is a table helpful in explal ?er{ggoper%t fne%zq%factﬁe Cl rﬁ)% r

phase calculatmn The integer difference phase calculation is not mathematlcally

equivalent to the foregoing methods, but is very close. Referring to Fig. 14A, this
method uses, in addition to the observed frequency data stream, a reference fre-
quency data stream that would result if the reference frequency were applied to the
capture circuit of Figure 4 (with the same clock). A running sum D, is then formed
of the integer difference X;-R;. In many practical applications, such as the one
illustrated in Figures 14 and 15, D; will have the values 1, 0 and -1 exclusively.
The general case in which D; takes on other values may be appreciated and under-
stood, however, from the present example, and is embraced by the present descrip-
tion. | .

Phase estimates are formed by filtering the D; values in the same or similar

* manner as previously described. The same triangular weighting function may be

used Fig. 14B. The integer difference phase calculation method produces identical
simulation results, Fig. 14C, as the preceding methods,

Referring to Figure 15, in the instance whete D takes on the values 1, 0 and
-1 exclusively, the corresponding hardware realization may be substantially simpli-
fied (as compared to that of Figure 13, for example).

' The integer difference phase estimator of Fig. 15, like that of Fig. 13,
includes generally a first accumulator ACC1, a weight generator WG, and a second
accumulator ACC2. The accumulator ACC1 is of conmderably different construc-
tion than the corresponding structure of Figure 13. The accumulator ACC1 of Fxg—
ure 15 includes a reference pattern generator 1501, a 1-bit subtractor 1503, a 2-bit
adder 1505 and a 2-bit register 1507. The 1-bit subtractor subtracts respective R
values from respective X values. The 2-bit adder and the register accumulate the
resulting D; values which, as explained previously, may be constrained to 1, 0, -1
only. | .

The weight generator WG and the accumulator ACC2 are substantially the
same as in Figure 13, described previously. However, because D; takes on the val-

13



Figure 18 i Rydbsigagt ance of an i nput frequency that is 0.6875pé&tRS9/65285
refer- ence frequency; Figure 20 is a timng diagram

illustrating the principle of operation of the circuit nodel of
Figure 18 as appes éd)amdﬂr@q:lusmew sampﬂtlpl@rlsreqmred lﬁsgsadafDJ;:hthcwelght

desor bed byt ndmEp it e 0 gpmeler wiid, and ir S ﬁ&?m&hﬁﬂ%bﬁ?
Figure 4, a bl O%CQHanf@f'-ob 8 aFuni Ml ShRE rérﬁzcailli} Gﬁéhan e‘@g{'ﬁ\%}s Iaﬁa

present invention Is hown. A portion of the no at or nd| cat

dashed lines is haxdv@rantulnp]iefm mpamauiar a&vmtagerdfﬂmmplemmmmﬁ oPRigofl5! he

ﬁoﬂéy ventional nmodu lﬁ tfurrthe?'fmelifmg&J ofe phase gjulmfgﬂ)%l 1}3¥efe1:[rgc? to as tﬁe gltocft lggastllle'egur ©
phase calculation method Referring to Figure 16A, this method is similar to the
previous integer difference phase calculation method insofar as R, X and D are
concerned. This method, however, uses in addition to the reference frequency data .
stream R, "clock measure” numbers RG, which are the same as the numbers
appearing in Fig. 2. Moreover, the weight function used is distinctly different, as
shown in Figure 16B. Clock measure phase estimate values PC are obtained using

the following formula:

PC, =k ( n—JTacRG, +05+Z(W iene 64))
i

Simulation results using the clock measure phase calculation method are
shown in Figure 16C.

Referring to Figure 17, the clock measure phase estimator includes gener-
ally a first accumulator ACC1, a weight generator WG, and a second accumulator
ACC2. The estimator additionally includes a summation block 1701.

The accumulator block ACC1 is substantially the same as the accumulator
block ACC1 of Figure 15. Note, however, that the reference pattern generator gen-
erates both the reference frequency data stream R, used within the accumulator
ACC1, and the clock measure data stream RG which is input to the summation
block 1701.

The weight generator includes a counter 1703 and weight generator logic’
1705. ,

The accumulator ACC2 includes an adder 1707 and a register 1709. When
X = 1, the weight value from the weight generator is added to the contents of the
register 1709. The output of the adder becomes the new input of the register,
which performs an accumulator operation for, e.g., 128 clock cycles.

At the conclusion of the accumulation operation of ACC2, the outputs of
ACC1 and ACC2, together with the correspondmg RG value, are summed in the

summation block 1701.
14



i nclude a downconverter 420 consisting of a frequency synthesizer, a m xer

and a |low pass filter. In instances where the output frequenc ﬁ%
nodul at or i?@é?@”sﬂi gh, the downconverter reduces the frequen% g’@ﬁ’ézss

that may be nore readily handled by the divide by N counter. Note,
however, that iWhattiselaimedisances N may be equal to one. Also, the
modul ator of Figure 4 may optionally include an anpli- tude nodul ation
stage 421. In sone rnibdul aAn®F molelats cohmpirisitighe anpl i tude and phase
characteristics of the signal nmay be nodul ated, in which instance the
anpl i - tude nodul ati on sa phgseileckioep inauding arloop fikenhndireeaiviagasianioput
modul at i on. Preferably, instead of the VCXO of Figure 3, the
nmodul at or of Fi gur e signal a baseband modulation signal and producing as an output signal a
modulated RF signal;
circuitry for producing an injection modulation signal;
circuitry for injecting the injection modulation signal into the phase
lock loop at a point past the loop filter; and
control circuitry, coupled to the circuitry for injection the injecﬁon
modulation signal, for controlling the amplitude of the injection modula-

tion signal.

2. The apparatus of Claim 1, wherein said circuitry for injecting com-

prises an adaptive gain amplifier.

3. The apparatus of Claim 2, wherein said control circuitry includes a

phase demodulator.

4.  The apparatus of Claim 3, wherein said phase demodulator is digi-
tal. |

5. The apparatus of Claim 4, wherein said control circuitry further

comprises a comparison circuit.

-6. The apparatus of Claim 5, wherein the comparison circuit compares
the baseband modulation signal to a phase information signal recovered by the

phase demodulator and produces an error signal.

7. The apparatus of Claim 6, wherein said error signal is used to set

the gain of the adaptive gain amplifier.

Ll
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uses a Direct Digital Synthesis (DDS) circuit 415 to produce a nodul at ed
i nput  si gnXfOMBO8Y s applied as a reference signal to the PLIPCHHENI285Ds
circuit may be based upon a known Nunmber Controlled Mdul ated Gscill ator

(NCMO) described ingU. S. TRauppdraiss of Claidb]l, FoAhércdufpisivya difect BRI syn-
entitled Nunber Controlled Mdulated Gscillator, incorporated herein by
ref erence. A bathesispifcuibfbrlreteiving the basebandsnegijaticndsigmalf predimfifig aicooei t t 0
produce the nodul at ed in(i)ut signal, which is then applied as a reference
_signal to the Piponding modulatwd signaknd applyingdhe medulstessigial td thephasenck
nodul at or derive froman addi- tional feedback |oop including a phase
denodul at or 419108Bd a conparison circuit 417. The phase denodul ator may be
of a type described in U S. Patent Application '

9. The apparatus of Claim 8, wherein the direct digital synthesis cir-

cuit include a number controlled modulated oscillator.

10.  The apparatus of Claim 1, wherein said pha§é lock loop includes a

divide by N counter.

11.  The apparatus of Claim 1, wherein said phase lock loop includes a

downconverter.

12.  The apparatus of Claim 1, further comprising a amplitude modula-

tion stage coupled to the output signal of the phase lock loop.

13. A method of producing precise, stable phase shifts in a modulated
RF signal, comprising the steps of:
ﬁsing a baseband modulation signal, producing a modulated signal;
applying the modulated signal as a reference signal to a phase lock
loop; and
automatically deriving an adaptive gain factor and applying the
adaptive gain factor to the baseband modulation signal to produce an injec-
tion signal and injecting the injection signal into the phase lock loop;
wherein the injection signal compensates fof the phase lock loop

partially removing modulation introduced by the baseband modulation sig-

nal.
* ¢ L M s x
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No. 09/006,938 (Atty. Dkt. No. 32219-003), entitled D A TAL PHASE DI E-

SCRI M NATI A ON FREQUENCY SAMPLING filed January 14, 1998
i ncor por at %53?5?%3“&. The phase denodul ator 419 reESWng’%e

information fromthe output signal of the PLL. Using a conparison circuit

417, the recovered phése Thtapparatusiof Qlaiins]3; wheesin dutomatiballypderdving an

i nformati on of the baseband nodul ation signal. A resulting error signal is

used to cont r ol adapfive gainfactor compiiseseband nodul ation signal into the PLL, .

to automatically achieve the correct "dosage." That is, an output sig-. nal

of the conparison circuit reppyerieg phaspinfgematiosn fremannuntisignabef the phpsei f i er
6

41l to , lock loop;

comparing the phase information to the baseband modulation signal
and producing an error signal, the adaptive gain factor being derived from

the error signal.

Iy
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the value required in order to match the phase information carried by the
output signal to the desired phase information. The pai nstaki ng adjust nment
"process chaWoO 99:43e88ri stic of the prior 142% is elininated. FurPGEPRIYVB28% he
adaptation process per- fornmed by the present nodulator is continuous,
operating whenever the nodulator is turned on. The effects of

envi ronnental conditions, conponent variations, com ponent aging, etc.,"

can all be conpensated for. - The phase denodul ator of U.S. Patent
Application No. 09/006, 938 (Atty.
gt‘” 107
103
Alty
ENLOVER ——— S'(e)
)




Dkt. No. 32219-003), entitled D G TAL PHASE DI ESCRI M NATI ON BASED ON

. FREQUENCY SAMPLING, filed January 14,1998, will now be described. The
appr oach fol the digital freque di scrimnator of th

inven- tion may 4e?’B%/lppr eci ated by anal ogr%?)ééo Sigma-Delta A/D C§ﬁ€éﬁ§§’/§#s
wel | -docu- nented in the prior art by such references as "Oversanpling
Del ta-Signa Data Converters", Candy, et al., |EEE Press, pages 1-6,

Pi scataway, NJ (1992). A Sigma-Delta converter nodul ates a

varyi ng- anpli tude anal og |nput si gnal ,wlgo a sinple Q| gital code at a
frequency nuch higher than 12Phe Nyqui st rate - The desigri of the nodul at or
allows resolution in tine o be resolutiop in anplitude. A

sanpl ed- data CI)I‘CUI'[ nmoge _shown 'r}r,lf‘(gu{€+“d(€)) '

may lﬁan c%"_ i ed her
Referring to Figure 18, “gf ignal_xi_pccurring at fsanple tinme i has
subtracted fromit the oytput signal yi at _sanple tine i]. The result is

applied to an accunul at or] havi ng an out @f<signal wi. Al'new'.input signal
of the accunul ator at sarple tinme i is c{orrbi ned with thg "ol d* out put
signal of the accunul atorf to fogmra TewW out put signal off the accumnul ator.
The output signal of theaccumiliatorel s} quagd+zee—tRe—guanti zation being
represented as the addition of @n erfol” ei.| The output signal of the
quanti zer is the final output sigpat—yt: Assune now that xi is the
ratio of two frequencies and that the quantizer is

Tie 2
/Pﬂ.ltt_ F\QT

3
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a two-level quantizer. Further assune that the ratio of the two frequencies
for the tinme period in question is, say, 0.6875. As shown in Figure 19, the
| atter value is accunulated a first time, giving an accunul ated val ue of

0. 6875. Thi sWo943989 bei ng | ess than 1, 3121% val ue 0.6875 i s adRGHUSRINLBS! O
t he accunul ated val ue, giving a new accunul ated val ue of 1.375. Since this
value is now greater than 1, 1 is sub- tracted fromO0. 6875 and the result
(0.6875 - 1 = -0.3125) added to the accunul at or

7 to give a value of 1.0625. Operation proceeds in this fashion.
During the forego- ing sequence of opesations, a data streamis produced by
taking the integer portion, 1 or O, ofé?ach accunul at ed val ue.

Referring to Figure 20, the interpretatg.on of the sequence of nunbers shown
in Figure 19 may be appreciated. Two clsock signals are shown. Again, it is
assunmed that the ratio of the frequenczénf t he upper clock signal to that
of the

A eas (i

X F— si®
G20

yry

' c&wvAge :

74




| ower clock signal during the period of interest is 0.6875. At tinet =0,
risi.ng edges of both clock signal's coincide. At the first subsequent rising
edge of the WORRH3WOock signal, 0.6875 pf/?hods of the upper cl S&TEIYQ3385
have el apsed. At the next rising edge of e lower clock signal, 1.375
periods of the upper clock signal have el apsed. At the next rising edge of
the I ower clock signal, 1.0625 periods of the upper clock signal have

el apsed since the el apse of the first period of the upper clock signal; and

so on. A sch i C)gHagra a [ e reh cuipr—igggrequency
sanpling circuit, thti e u tio as es tes ing to the
data stream describ gﬁhgniff_lnpeg iing eX s 1showhd igure 21. In
the illustrated e ' it s edl t hat t jo ofr tl | ock
signal's is such that.dn.ﬂﬂ#ﬁ_iﬂﬁi_ge riding pdgelof the faster clock will
occur during a singﬂﬂgperio of:thelslommr clock. il n ofther F podi ment s,
this assunption ne ah%ﬁ&f_ILJ Theﬂca ture.cireuit includes a input
portion 2101 and aﬁHEuﬁilu_ i o ’EIkL_TT edn -ilnjﬂﬂbu_in‘ des two

I p
sections Chl and Ch2_that hust Eﬂ_ﬁﬁ;efully matchedd tolminilm ze errors.
Each section conpri@&s-a chain bof t ortnopred D fliip-f opstcoupﬂed in

series. In the follomnng_descrﬂptio sanb refierente n ls wll be
used to reference (h&:respl i fp-f1 J | ves t heir respective
out put signal s. | Wthin gach sectipon, tihe first flip-flop in the

cchain is clocked bVA|sanp! ed dl ockfsignpl Fx._Thd sucteedijng fTip-flops in
|

the chain are clockediby a samnling i ]
fJfJ-JL_ﬁ_—"ﬂI
I

Q6!
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clock signal Fs. The D input of the first flip-flop QL in the upper section
is cou- pled to the Q output of the sane. The D input of the first

flip-flop i nwheskoser sec- tion is coupled to the Q output of gdiguddofosiss
flip-flop in the upper section. The renmebfgsng flip-flops in both sections
are coupled in series--i.e., Qto D, Qto D. The function of the

i nput portion is to 1) produce two signals, logical inverses of one
another, that transition on rising edges of the clock signal Fx; 2) to

| atch the values-of the two signals on the rising edge of the clock signal
Fs; and 3) to detect transitions fromone clock to the next. Additional

internmedi ate stages in 8
series with @B fand 4 may be required tolmnimze netastabili sul ting

e e e — — —— e ——— — - - a— —— ————— — e an e - ———

fromthe asynchrony of the two clock sighals, and in fact nul LPpld seed
stages may be desirable in a particular gesign. 132
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The out put portions include,
NAND gates. Wespe@bsove NAND gates N1 and N2 are coupled to the goragghofgssiso-

nal

the final

of the final

I n an exenpl ary enbodi nent,

put of the capture circuit.

al flip-flop stages of th&/B&put sections.
the NAND gates N1 and N2 are conbined in the further NAND gate N3 to form
out -
out put portion is to detect a change in the input clock signal

The functi on .of

| evel

t he

t hree two-i nput

Qut put signal s of

from

one sanple clock to the next in either of two channels forned by the two

i nput secti ons.
alternately detecting changes in the input clock signa

| evel .

The two input sections function in a ping-pong fashion,

Operation of the capture circuit of Figure 21 may be nore fully appreciated

with reference to the timng diagramof Figure 5. The first stages of the
2 approxrmategry cornqeident with

ck si gjal £CZhe

two chan-
(but slightly
signals B an
respectively,
Fespectively,
gates togethe
the exanple o
squar e-wave S
fall tines.
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The possible effect of the finite rise and fall tines of the signals QL -and
@ and the asynchrony of the circuit is netastability, as illustrated in
Figure 6. HEW®,9914B@80si g- nals B and B _and the signals 4 andPQh/UsSOR03285 h
in an indeterm nate state for one cycle77?ﬁe resul ting output of the
circuit may or may not be correct. However, because the decision was a
"close call" to begin with, the effect of an occasi onal erroneous deci sion
on the overall operation of the circuit is negligible. The tinme w ndow of
instability is reduced by increasing the overall gain in the path. If the
gain in 3 and @ is sufficient to reduce the probability of an error to an
accept- able level, then no additional circuitry is required. If not, then
additional circuitry will be required to increase the gain. ~ In order

to recover thefratroo—ttre—fregrerctes—of—tre—t-pe—cte m t he
data stream pr P1
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filtering is applied. Advantageously,

filtering ta¥@99IM3080es applicable to Si
converters may be applied directly to t
usi ng an appropri ately-chosen wei ghting function,

B

an extensive body of digital
ma- Del ta (or Delt a- Si REA/USID3285
é?%lgltal stream Furthernore,
hi gh accuracy may be

by

obt ai ned. The wei ght sum of products is an exanple of an FIR
filter. The weight- ing fu i on described heretofore is therefore that of
an FIR filter in digrrtar tTTNHrer- Thg tnheory. 1t snhould De recogni Zed,
however, that IR fijlters cgn al so be used. In the process of FIR didital
filtering, the weightingrfonctripoils applied to a "mﬁgpomf of data sgnpl es
to obtain an estinatie of{the rajio 4qf frequencie £ne center of tHe
wi hdow. The w ndow ifs then "picked Up and noved"‘td“t next sequencq of
sam ples. Wndow n ] typi caftyfjoverlap. A wixdBwsmay incl ude 256
sanpl es, for exanpl ¢- Refp-efr+rg—to—aur e of, ot alternative
wei ghting functionslare shown fhr MAndOMIOf 256ESE | es. The wei ght}i ng
functions are nornmalli zed] ngpnlnq t Ra® & he area ggrcthe wei ghti ng
function is unity. fne wei g&in furdEggg§ i ndi caged £n dashed lines) is a
strai ght-1ine, consfant meidhti E§ Anot BEr W&i ghting functi g¢n,
indicated in solid lHre; igha t é§<ne|ght|ng function. The wei ghting
function is the inp r e@ons cdion in ¢ {{ters.
Results of digital {iltdgring usfing M straight-1ine we hting functilon and
the triangular weighting functijon r¢spectively, are shownN\n Figure and
Figure 9. In the cape off both Higur¢ 8 and Fipure 9, the frsguency ratio
was i ncreased from [UST g
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under 0.687 to just over 0.693. As seen in Figure 8, using a straight-line
wei ghting function, the quantized signal oscillates between two | evels that
are adj acentwiomolddesel Nnput in such a manner that its |ocal avenegeudidsiss

t he average input. The average error wa®/2%l cul ated to be 1772ppm As seen
in Figure 9, using a triangular weighting function, the quantized signal
tracks the input with an _average error of 83ppm A schematic di agram

of an exenpql aObsferﬂétﬁency accumul ator t ats’ﬂf Iles a triangul ar wei ghting
re

f [ d d =d 0 di
i gng'ﬁllo\(l)mn ?ﬁ ﬁggﬁ%ﬁ?g USE% t O eefer e desire | g 77 ri 79
by hn S

quenexdubney 4o
uses a 7-bi Wel/@@qamtcy F4- pi t regl ster 105. The

7-bit count er is Xl nr‘l(nr‘l bnple freguency Es. _The out put of the
7-bit countler_is forovideld tolone | nput of:88&5adder. The function of the
7-bit countler is o counf up2from 0 to 127 and then down from 127 to 0. The
count of 1247 occyys tw ce I n3suc- cession. This behavior is achieved using
a flip-flog— 07— The 11 -rlgp 5t cl ocked
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by the sanple frequency Fs. A Term nal Count signal of the 7-bit adder is
i nput to thewd édmzbgep. The output of the flip-flop is coupl ed gegngs

Down input of the 7-bit counter. 10M28 "oversanpl ed" data streami1s
coupled to a control input of the adder. Wen the current bit of the data
streamis a 1, an addition is perforned. Wen the current bit is a 0, no
addition is perforned. A Carry In input of the adder is tied high,

effectively causing the range of weights to be 1 to 128. The 14-bit
regi st er—rs—chocked | e—f+ equeney- F£3: S -out-put— i-s—apph+ ed- to—
the oth ' ' ~—{ts input receives the output word produced
by the ' he 14-bit adder is to perform an
accunul @ti on oper- atfi on 4&®r 256 cl ocks. At the conclusion of the 256
cl ocks, {the out put off theg24-bit adder is used as an estimator for the
frequengy Tat - VOT e parzgcul rly, in the exanple shown, the output of the
accumul at-ot = egtat—to 2] +2B x 129, where Ris the frequency ratio
esti mat g+ THe fJﬁ‘%ggmg techni que nay be readily extended to phase
di scri mnatiod Varidus ferent methods and apparatus for digital phase
discrinmnatio@ wll Qe de_ﬂcri bed entailing different design tradeoffs.
The firpt nethfod is qoncéRually straightforward but conmputationally
A 53 ' ' "
0 54
7 55
7 56
0 57
/ - 58
7 59
0 60 Frequency Estimate Integration
i % he | af= T pp=
] 63 Correct ZI( W; #Xiepn)| F; ~Fr Ratio | PF,_; #kxOF;
0 64 Phase F AF Pf .
7 64 =53.714763 | 0.686058 | -0.001442 | -55.876923
7 63 -54.394811 0.686058 | -0.001442 | -56.615385
0 62 ~55.066978 | 0.686058 | -0.001447 | -57.353846 |
7 61 -55.731139 0.686058 | -0.001442 | -58.092308
7 60 -56.387171 | 0.686058 | —0.001442 | -58.830769
0: 59 -57.034949 | 0.686058 | —0.001442 | —59.569231
/ 58 ~-57.674350 | 0.686058 | —0.001442 | —60.307692

FIG. 11A-2



expensive. Referring to Figure 1 A the sanme observed frequency data stream
and the sa wei ghts corresponding to a triangular wei |

function (ﬁ&sﬁ;ﬂ’@% are used. The ratiqqypjsthe reference freq%’ggﬁ{ogzstshe
sanpl ed frequency over a relatively long period of tinme is first determ ned
usi ng the techni que described previously. Having obtained this frequency
ratio estimator, short-termfrequency deviations ‘are estinmated by
calculating the same frequency estimaté as before but at a relatively high
rate, as oftelyoas once per sanple period. That is. successive sanples are
al | taken usifdg fhe circuit of Figure 10, ps often as e,'ach sanpl e peri od.
The differenc%é err]F) of ea_th frequenc timate (F) _lFfr_(_)Lnthe
previ ousl y-deP® I mined frequency rati oA F ) S calculated, nmultipliled by

“mned frequency rafig

an appropriate s¢ale factor k}and acc | at ed obtain a correspondi ng
phase esti mat 8P~ «(-The—first+val-ue; 1’--F->f—+s—arr brergrity-chosen—iqniti al
condi tion, chosemn for conpari éon an i dehl mate; In practic the

phase may be i@ ti-aldzed-t06--alvglie-based- pa-a—pr-
characteristics,jor, absent s
upon detectioggol_a_phase._l
conpari ng actual | phase of
phase using tEa oregoin

a priori know edge,
ectiQn poinfu) . __ A
speci fi ed wavelf orm (solid-1i

Cphape_estinmtion method i N

_ —Weighting . Function
10 f—=A———————p-======== Fo=mmeme o= Fo= N

y be set to
e-plot_sijul ation
with esf{i mted

[EEp—

Ave Error=1.501453
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(dashed-line) is shown in Fig. 11C. The foregoing "frequency
di fference" whasma3osati mati on nethod is cor&lt a- tionally expen®Crasssensasse
of the need to calculate frequency esti h&f at arela- tively high rate.

"pre-summation difference" phase estimation nmethod obviates this

A

requi rengnt. ReferTyng torFrgure I2A nstead of S
rati o frpmppséseguency estimte, the frequency ratijo Fr i fr Reloracted fyom
t he sam gﬁ?a streani d ik
stream o p}-,(gg @ ,ZI an)lt; /anc@ﬁ ’ﬂegﬁ n%%ré'kfe prl“—%bén%m&
t hen the %ti fference Y W II hav one 0 %‘{F‘ %f’ﬁ@s =1
- 0.6875} = ’2 ?‘%er Y# ol- 06875 = - 10 687%X The ¥ val uesl.88 'accunmul bt ed
to obtaip_corfespondi g vhl uesORKZPhade edf.idQA@s |PPn are obt ai ned by
filtering thesPX vdluegs ip subgi3ng al lly t h@ Hase nner as descri bed
revi ous I nar el atjfi oz t o] T or eqyen tes f t
ipdent I ca yVVEIOﬂIILI g lgnl OTT, rEB;’5 : f Sg‘%gr nl;i W mgegﬁi .C-)l
t hat t heH++ered—val-des—pare {the +gctor K. The
pre-su i r_wn7 diffar nz‘;n nhaq:aeﬂ 1|;3_1’ ian JIZ$CTQ=- hown to be nat h-
emat i cal | y_ed@i val dnt 6t o |t he +PEfBNCy |di HAHIAE ghase cal cul ati on.
Simul atijon regul ts,| showny i n RD.GIZE2C, |are@.H256X orle the sanme as in Fig.
| 1C. The hardware rfealg zdtion,glggwever | may) pg7gongi derably sinpler using
t he pre- SummggToN ¢T 1 ger - -0.-6875 —0.5000
1 10 0.3125 -0.1875
1 11 0.3125 0.1250
7 12 0.3125 0.4375
o) 13 -0.6875 -0.2500
] 14 0.3125 0.0625
1 15 0.3125 0.3750
a 16 —0.6875 —-0.3125
! 17 0.3125 0.0000
! 18 0.3125 0.3125 -1 |
4] 19 -0.6875 -0.3750 FIG. 12A-1 B
1 20 0.3125 —-0.0625
! 21 0.3125 _0.2500
0 22 —-0.6875 ~0.4375
1 23 0.3125 -0.1250
1 24 0.3125 0.1875
o 25 -0.6875 -0.5000
1 _26 0.3125 -0.1875
! 27 0.3125 0.1250 '
7 28 T0.3125 0.4375 FiG. 12A-2
0 29 —-0.6875 ~0.2500
! Jo 0.3125 0.0625
! J17 0.3125 0.3750
9, 32 . —0.6875 -0.3125
1 33 0.3125 0.0000
! 34 03125 0.3125
0 35 -0.6875 -0.3750 FIG- 12A
l 36 0.3125 -0.0625
! 37 0.3125 0.2500
0 J8 -0.6875 -0.4375
N 39 0.3125 —0.1250
.1 40 0.3125 0.1875
0 41 —-0.6875 ~0.5000
l 42 0.3125 -0.1875
! 43 0.3125 0.1250 - _



ence phase cal cul ation, since only one conputation is required per phase

point. Such_a hardware realization is shown in Figure 13.
Figure 13 incl udespcél'é“%%gloséqsl y

pre- summat i P P4308 ence phase estimato {342%
a first accunulator ACCL, a weight gene r W simlar or identical to the

wei ght generator previously described in relation to Figure 10, and a
second accu- mil ator ACC2. The accunul ator ACCl functions to produce
-_spaondence to bits. (or in_other enphodiments

phase nuphers PXi in corr
symbol s) | of _tBe obsler4dd frequlr§78at 4 sti@®@8628nd |i ncl udes a nul ti pl exer
1301, an|addey 1303 a#ig al regigtFyZ5e. 4., -0 28600 t {regi ster) 1305. The
mul ti pl eKer lf(ﬂ sel egps one Op 37% twc po?ﬂ?ﬁ?@ val ues of Yi in accordance
wi th theprvatug—of—s a%? p.. 5.3125° tre @3. The reg- ister value
i s added-e—{—t-e—HorH-PX en nto the register. The
adder 13p3 and reg’mt@ 1R05 Tﬂeﬁ&zgre acTéhyl he PXi val ues.
The PXi palueg are |t h€8 flilter@BNAD t he accu@l0Bt of ACC2, which includes a
mul tiplier 13p7, ar] afi@er| 130 .@idP5a r¢gi sBF72811} The nultiplier receives
wei ghts fromghe Wi gb} generapgg @8> and Eg 3ygpucs from the accunul ator
12 1 52 0.3125 ~0.0625
1 53 0.3125 0.2500
0 54 -0.6875 —-0.4375
1 55 0.3125 -0.1250
1 - 56 0.3125 0.1875
0 57 ~0.6875 -0.5000
/ 58 0.3125 -0.1875
1 59 0.3125 0.1250
0 60 —-0.6875 -0.5625
1 61 0.3125 —-0.2500 PP =
! 62 0.3125 0.0625 Correct n
7 63 0.3125 0.3750 prase  [MLi(% *P%yn)
0 64 —-0.6875 -0.3125 P
1 64 0.3125 0.0000 =53.714763 | —55.876923
1 63 0.3125 0.3125 ~54.394811 | —56.615385
0 62 -0.6875 —-0.3750 —55.066976 | —57.353846
! 61 0.3125 -0.0625 ~-55.731139. | —58.092308
7 60 0.3125 - 0.2500 -56.387171 | —58.830769
0 59 —-0.6875 -0.4376 —-57.034949 | —59.569231
1 58 0.3125 —-0.1250 -57.674350 | -60.307692

FiG. 12A-2




ACC 1. Respective weights and PXi values are nultiplied and the products
accu- nul at s 94380 for 128 clock cycles, to produce a phase RBCST/US¥/BRIPP.
The multi- plier may be constructed so Hd2Bo apply the scale factor k to
each product during the accunul ati on process. An even sinpler
realization may be achieved using an integer difference phase cal cul ation.
The integer difference phase calculation is not mathenmatically equi val ent
to the foregoing T ; : T Referring to Frg. I4A this
met hod uses, in addiltion to the observed f equency datia stream &} reference
fre- quency data gy deam that_wou ol result /LN fhe refenence freguehcy were
applied to the captyre circuit jof Figur (th the sanme clock).} A running
sumDi is then forngd of the integer diffetenc Xi-Ri.{ I n many prijacti cal
appl i cations, sudf frvt-he--mfre-i-%H-us-t-r t-ed -t res-]rA—and-—l-ST-E' wil |
have the val ues 1, and -1 exdl usiyely. The genexal 'dase in which D takes
on ot her val ues r@/__b_g_gg_g_r_e_gi_a'g_e _however,_fromthe
present exanple, “ang
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Phase estimates are fornmed by filtéring the Di values in the same or

simlar man

net hods.

d Fig. 14B. The

Referring to F

i nt

PP,

eviously described. The sane triangul ar '
function m%%ﬁﬁg@’ o
met hod produces identical simul @ionr
ure 15,

Fi g.

499433285

di fference phase cal culation
14C, as the preceding
I n rhre- + nstance-where B-takes-on——»

t he val ues___:L,__O_gﬂQ_-__1___ex(;|_u.§1.\_/§_y.,_l_he_,(;_o_r_[: FSPOTaT Ty traraware reatzatrion
may be sq-Qf:mfinlly st-rpli-Ffied-{as—conpaned t o i gute 13, for
exanpl e) .i Nt egiy difference phase esti mat . 15, like
t hat of F,‘i —4iB, incl erallyQa firgtiaccunul ator 1, a weight
gener at on pASG—and a $ atcunul alor ACCZ.: THE jaccu Al I s of
considerdﬂydffere struc- ti@ thap t carresp stfucture of
Figure 13.} The] accu ACO of W g- ufe!}s—Acl udes fe@nce pattern
generator {1501} a 1-hit subtractor £03, & »lbit Jadder fisoslan®a 2-bit
regi ster 11507.| The 1{bit jsubtractorgsubtr 1cﬂ b_regpectivie R yal ées from
respecti ¢ X vhl uds. [The 2-bit added and {he|regi|st & dccumil anfa the
resul ti nq D— vial wes icrl, as expl aig,:ned p e\'l ouslly, @ayl be ¢onstrained to
1, 0, -1,formtyl he wei ght neraf of [ W5 dand'&hg accyntigat or ACC2
are subst af | ¥t he as in Fiﬁre 18, escribéﬂ p??vr'l;usl_g/. However ,
because ﬂ] eS 29N al - ! Q %
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13 ues 1, 0 and -1 exclusively, no nultiplier is required. I|nstead,
if D =1, *3 value is added to the accurml ated val ue, p ﬁlsb§/0Q85‘
-1, the Welg val'ue is sub- tracted. (Ifg/ = O, the accunul ated val ue
remai ns unchanged.) The savings of a har vvare multiplier is a particular
advant age of the inplenentation of Fig. 15. A further nethod of

ﬁg?ﬁid“k’e?‘é‘ﬁﬁ?ﬂ% L g‘af;’t %?;@;g;

i nt eger di fif ef® éﬂ%me CeqUEArAt i| oy, o i-nsetar eferenge

concer ned. [THo& Séren feng?e}Svlé.:l\,badd tHesghty ¢ P@Pfeef-@%% =

frequency data sﬂream R, cI)Ock mgasur 8" nunper & RG whi ct0.86873 he sank as

the nunberg appegring {n Fig 2. Yor eoger, the yei ght function used 1s

di stinctly @i IBJBIIL S bh?l\lll T gupe 168 u'ZOC'K nmeasur e phase estimte
aohf Al anAll 5

val ues PC gre Bt YeeH-t5+h _
FiIG. 14A-1
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26 FIG. 14A-1

35 FlG. 14A-2
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the foll owi ng fornul a: PCn = k

(Dlerr]-fra B84 err] (W. X +n-64) Si mul ation r eRETYSYO3RS
t he cl ock neasure phase cal cul ation met Wd@%are shown in Fi gure 16C.
Referring to Figure 17, the cl ock neasure phase estimator includes gener-
ally a first accumul ator ACCl, a weight generator W5 and a second
accunul ator ACC2. The estimator additionally includes a summation bl ock

1701. The accunul ator bl ock ACCL is substantially the sane as the

accurnul ator bl ock ACC1 of Figure 15. Note, however, that the reference
attern gereratot f—etr-ates—poth he—refet Tt f—r—eq*breﬁ- —gat-a—si rear-R,
5sed W t MM“ ; nmeasur e tha stream RG
which islinput! to the suémtioh bindk 1791 44 The wei ght gener at or
i ncl udes|a cothter 1703 and we] ght Chener dt o#3l ogi ¢ 1705. The
accurul ajor A@C2 incl udeg an adder gl707 and4@é régister 1709. Wen
7 / 0 47 -
0 0 4 48
7 / 0 49
i 7 0 50
0 0 0 57
7 7 0 52
7 ! 0 53
0 0 0 54
7 7 0 55
7 7 0 56
7 0 -7 57
0 7 0] 58
] 7 0 59
] 0 —7 60 ko = 16
: T & iy
7 1 0 63 korkys)_ i (Wi#D:1.0)
0 0 0 64 Correct Phase F
7 1 0 64 ~53.714763 | ~55.876923
7 ! 0 63 —54.394811 | —56.615385
0 0 0 62 —~55.066978 | —57.353846
1 1 0 61 —55.731139 | —58.092308
] ! 0 60 —-56.387171 | —58.830769
0 0 0 59 ~57.034949 | —-59.569231
7 ! 0 58 —-57.674350 | —-60.307692

FIG. 14A-2




X =1, the weight value fromthe weight generator is added to the contents
of the regi r . The out put of the adder becones the new i e
regi ster, mﬁ%@ﬁm%%g orms an accumnul ator ¢gpesation for, e.g., 13&&?&%@&&&9
cycl es. At the conclusion of the accumul ati on operation of ACC2, the
out puts of ACClL and ACC2, together wth the corresponding RG val ue, are
summed in the sunmation bl ock 1701.
14 Wat i &0¢crarmea 5T T An RF nodplator conprising:
a phase lock |oop ingluding a Iéop filter 'd receiving as an i npyt
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3. The apparatus of Claim2, wherein said control
phase denodul at
phase dermodu:

wherein said control

ar .
B i gi -

4.
tal.
circuitry further

circuitry includes a

The apparatus of Caim 3, mp}{Lﬁi‘
0 The apparatus o
conprises a conparison circuit.

| Dsodidashs

alm 4,

6. The apparatus of Caimb5, wherein the conparison circuit conpares
the baseband Toduratrion Stgnal to a phase]rpformation signal recovirﬁg by
the phadeRatenenns ht Befesensepr bdubbsersgd er fof; i gnal . r Ratio=
. .| Frequency | Frequency Frequency D-__,+X-—Ri Reference frequency/
Generator |Data Stream | Data System o Weight Somple Frequency =
RG R 1 X D W 06875
1.5 / ! 0 -0.5
1.1875 2 7 0 -2
0.875 0 _ 0 0 -4.5
1.5625 / 7 0 -8
1.25 / / 0 -12.5
0.9375 0 -0 0 -18
1.625 ] 7 0 -24.5
1.3125 / / 0 -32
/ 7 0 -] -40.5
0.6675 0 7 0 ~50 FiG.
1.375 1 1 0 -60.5 16A-1
1.0625 / 1 0 -72
0.75 0 0 0 -84.5
1.4375 ! ! 0 -98
1.125 1 7 0 -112.5
0.8125 0 o 0 —128
1.5 / / 0 -144.5
77875 7 7 0 762 FiG. 16A-2
0.875 0 0 0 -180.5 .
1.5625 1 ! 0 —-200
1.25 1 7 0 —2205__| FIG. 16A
0.9375 0 0 0 ~242
1.625 1 / 0 —264.5
1.3125 / ] 0 -288
1 / 0 -7 -J12.5
0.6875 o 7 0 -338
1.375 ! 7 0 -364.5
1.0625 / ! 0 -392
0.75 0 0 0 -420.5
1.4375 ! / 0 —450
1.125 7 / 0 ~480.5
0.8125 0 o 0 ~-3512
1.5 1 -1 - 0 —-644.5
1.1875 ! 1 0 -578
0.875 0 0 0 -612.5
1.5625 / / 0 —-648
1.25 / ] 0 —684.5
0.9375 0 0 0 -722
1.625 / i 0 -760.6
1.3125 7 7 0 -800
/ / 0 —17 -840.5
0.6875 0 ] 0 882 |

FIG. 16A-1




. : 7C— . / l GCIg|
-9l B4 [ £z69/909-1 00865679 G %29l 0 1
=@ 5 eN 4 Z9v956 66— | 059%5E 76— | 289! 0 ! No mwm mc
® 8 %< 000002 66— | 09011Z°95— | G 0%/l 0 0 : 244
28o5o 8£GI9¥ 85— | 6516095 - 008! 0 ! N L
5 BCB S £20§2 75— | 65066565 |G 098! 0 / L S
2 B2=> Gl9¥86°9S— | G6805 ¥S— 2261 | 0 0 N “ey
> B8 $519+2°9S~ | £8/¥S0%S— | G#B6I 0 ! N —
L 58° 269/05°G5— | 8LvLE €G- gv0C 0 ! .
_ %02 2d 9602~ 0 0 0 mmm 0
G » ©® _ : 4 — _
S S L ((#9-UH xely)! LG 0+(Yos)o0s-Yg)ey \ww“@ mmmwww m M M o
5 5EE =% G098l-| 0 ! 0 L0 _
5 T o4 0081- | 1- 0 ] 529071
5 5o e I J GZET
s Eg2 2891~ 0 I 0 /890
5 N§S Gregl=| 1= 0 / L
o -3 91— 0 ] ! AT
—o56E GZIGI- 0 l / Ge9'l
cCeT o 8571~ 0 0 0 mmmg
EETSEY Svori—| 0 l
BIRES Zoel-| 0 N N 6295]
© 852 G 005! - 0 0 0 /80
S50 & 05ci—| 0 ! ! 581 ]
Co2% b5 500Zi- 0 / ! GT
CeF2-, Ze1l- 0 0 0 G718
5= <8< G #OLI— 0 / ! GeL1
wmamao 890! - 0 / / SLEh
5% 22 5ZI0i=| 0 / 0 510
59 _g¢ 896 J- 0 / G290l
5% S3° . L G 26— 0 / ! [N
© 4— .~ Owm -
v° Zax
c C © ()]
— = o
(@] O © —
L C S
[¢D) - OO
O m
Mo d T wm




| oop. 9. The apparatus of Claim8, wherein the direct digital

synt hesi s ci A\d i ncl ude a nunber controll ed nodul ated oscy ;
10. The ap%’grggﬁﬁds&of G aim 1, whereinzeppgl phase | ock | oop %1#@5&03%85

di vide by N counter. 11. The apparatus of Caim1l, wherein said
phase | ock | oop includes a downconverter. . 12. The apparatus of
Claim1, further conprising a anplitude nodula- tion stage coupled to the

out put signal of the phase | ock {oop.
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13. A net h%@‘mg{ooduci ng precise, stable phase shifts in a HE‘QIHJsgﬁ/F‘QPsRF
signal, conprising the steps of: 23/25 usi ng a baseband nodulati on
signal, producing a nodul ated signal;_ appl yi ng the nodul at ed
si'gnal as a referfncée=si | ock | oop; and
automati cal ly dertvi hg—ad adapt eI Or Tand” appryl g the)
adaptive gain factor|tg tihe basgb nodulatiron signal to produce an injec-
tion signal and—™hje¢ting the irjectifon signal into the phase Ipck | oop;
wherein the in ckion signal conpensates for the phase | ock | oo
part'ially'rerm(anp nmpdatdt i o8 i N - d'm]afion si g-
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14.

16

Wo 98/4ddsgt M 13, wherein automatically deriving an peppkégidR261 N

factor conpri ses:

nal
24/25

The appar at
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