A-Y Frequency-to-Time Conversion by Triangularly Weighted ZC Counter
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A-Y noise-shaping techniques [1] have found extensive
use in both A/D and D/A conversion systems. The main
reason for their popularity is that many of the Nyquist
rate conversion problems are moved from the analogue
over to the digital domain. A-X techniques have also been
applied to FDC systems [2-4] in different solutions. In [5-
7] it is shown that just by oversampling a zero-crossing
(ZC) detector with respect to the modulating signal, A-X
equivalent noise-shaping can be achieved. To preserve the
increased signal-to-quantization noise-ratio (SQNR) the de-
tector is followed by a A-X decimator. These systems are
referred to as Frequency-AX-Modulators (FAXM’s) and
provides inherently linear frequency-to-digital conversion.

The basic idea of the FAXM is to quantize the angle 6,,
by detecting the FM signal zero-crossings positions. This
is done by counting the number of ZC's during a fixed time
interval 1/f, and reading this number via a register at e
ach clock sample (Fig. 1).
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Figure 1: The basic FDSM sceme.

By representing the FM angle by the total number of
ZC'’s we introduce an error (e,) as 6, now is decribed by
0, = 2r(NZ° + e,) where N7 is the total number of
received ZC'’s (Fig. 2).

As 6, is the integral of the modulating signal the quan-
tized phase NZ¢ is digitally differentiated to obtain fre-
guency information (Fig. 1). Due to the differentiation the
output signal can be described by 5" = ﬂ—;;— fract,—127—
(en — en—1). For f, much higher than the Nyquist fre-
quency of m(t) (high oversampling) the output can from
Eq.XX be approximated by y;," = 4=+ £m(t) - (en —en—1)
where k is the frequency sen sitivity of the frequency mod-
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Figure 2: FM angle 6,, represented by total number of ZC's.

ulator. As we see m(t) is just scaled and biased while the
quantization error is first-order A-X noise-shaped.

However, this sceme is based on counting the total num-
ber of ZC's which in theory requires a counter with a very
high upper limit. A more practical implementation is based
on modulo arithmetic [1] where the counter wrap-around
error is corrected by the la ck of carry from the correspond-
ing modulo differentiator.
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Figure 3: A modulo-2" FDSM together with a modulo-2™
decimator..

In Fig. 3 a modulo-2" FAXM followed by a modulo-2™
sinc? decimator [8] is shown. The FAXM is an oversam-
pled ZC counting FDC where the phase-detector is mod-
eled as an asynchronous modulo-2™ counter clocked by the
rising edge (ZC) of the limited FM signal. The detected
guantized phase is then synchronized with the high-speed
clock fs and feed to the modulo-2™ differentiator to obtain
frequency information. The output from the FAXM is a
n-bit A-X word-stream where each word is the number of
positive ZC during the measuring time interval 1/f,. If
1/fs is smaller than halve the minimum FM period the



FAXYXM'’s output is a A-X bit-stream.

The triangularly weighted ZC counting technique: For
a FAYXM the minimum word-length r is a function of the
maximum frequency deviation Af of the FM signal di-
vided by f;. The minimum word-length m for the follow-
ing decimator will normally be much larger than for the
FAYXM. However, by setting n = m, the FAXM’s differ-
entiator will be the inverse of the following accumulator
and the two blocks may be removed (Fig. 4). Since both
of these block where clocked by the full clock frequency f;
the total power consumption will be reduced significantly.
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Figure 4: A triangularly weighted ZC counting FDC (re-
duced FAXM system).

The new circuit is a sinc® decimator where the first ac-
cumulator is clocked by the rising edge of the asynchronous
FM signal. The SQNR will be equivalent to the SQNR of
the traditional FAXM system which from [6,7] is given by
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where fn is the Nyquist frequency of the modulating sig-
nal. The first term is the resolution of an ordinary positive
ZC counting FDC and the second term represents the in-
creased resolution resulting from the A-X noise-shaping.

To understand the operation of the new circuit we may
start by comparing it to a traditional ZC counting FDC
where the output is the number of positive FM ZC during
a low-frequency sampling period T; = 1/f4;. The counting
operation is equivalent to dividing 7,; into small nonover-
lapping sub-intervals of length T, = 1/f, and counting the
number of positive ZC in each T, interval, multiply each
number by one and add the results together to form the
overall sum. The positions of the ZC during Ty are equally
weighted as an uniform windowing function have been ap-
plied (Fig. 5 top).

The output of the circuit in Fig. 4 can from [8] be ex-

pressed as
D D
OUtn = Z Z xD(n72)+k+l7 (2)
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where xp,—2)4+x: here is the number of positive ZC in
sub-interval D(n —2) + k +1 and D = f,/fq is the dec-
imation ratio. If the sinc? decimator is followed by a LP
filter f; will normally be chosen as 4fy [1]. As an ex-
ample for D = 4 one output sample is given by out; =
T_o+42x_1+3x0+4x1 4322+ 223+ 4. From this we notice
that the new circuit operates by dividing the counting in-
terval 27, into 2D — 1 sub-intervals, then counts the num-
ber of positive ZC in each sub-interval, multiply each num-
ber by the corresponding value in a triangularly weighted

Figure 5: Uniformly weighted (top) versus triangularly-
weighted (bottom) ZC counting.

window and sums the results providing the overall output
(Fig. 2 bottom). In other words, by exchanging the inher-
ently uniform windowing function in the traditional count-
ing FDC by a triangular window, first-order A-X noise-
shaping is achieved. However, by doubling the oversam-
pling ratio or the number of sub-intervals, the SQNR is
only increased by =~ 3 dB as the internal signal range in
the converter is halved [6,7].

Measured results: A triangularly weighted FDC is in-
tended to be used in a measurement system together a FM
output sensor with the following specifications: f. =610
KHz, Af = 60KHz and a maximum modulating signal fre-
quency f, = 500 Hz (fn = 1 KHz). The required digital
resolution is 70dB. A prototype converter have been imple-
mented in TTL running at f; = 4 MHz (Fig. 6). To avoid
glitches, the FM signal was synchronized with f, prior to
first-step accumulation. This is possible since the sam-
pling frequency is much higher than f. + A f. A decimator
word-length of 16 bit was found sufficient.
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Figure 6: A triangularly weighted FDC implemented by a
sinc? decimator.

A FM signal modulated by a single sinusoidal signal
of 271 Hz was provided by a set of HP8116A / HP3245A
signal generators. The measured output power spectrum
is shown in Fig. 7 for a decimation ratio D = 16. From
the plot we recognize the shaped quantization error re-
sulting from the A-X conversion. For frequencies higher
than ~10KHz there are some excess noise probably due
to the location of the very narrow internal signal range
(fearrier £ Af)/fs =[0.1375, 0.1675] relative to the equiv-
alent quantization levels 0, 1. For frequencies lower than
~1 KH a noise floor with harmonic distortion correspond-
ing to the spectrum of the signal generator itself appears.



The measured output power spectrum for D = 1000 is

shown in Fig. 8. In this case the output word rate f; is

4 KHz. If the converter output is properly LP filtered the

SQNR should theoretically from Eq. 1 be 74 dB. However,

due to noise assumed to originate from the signal genera-

tor itself the measured SNR was found to be 56dB.
(Power compared to full FDSM system)

Conclusion:

Two high speed blocks may be removed since FM is
almost bitstream - lowerer power - linear convertion .

We have shown that by introducing a triangular win-
dow in the traditional ZC counting FDC, A-X noise-shaping
and decimation results. A simple way to implement the
windowing function is by using a double modulo counter
or a sinc® decimator. By in this way using a A-X decima-
tor as a ZC counting FDC a higher digital resolution can be
achieved than by using a standard count-and-dump FDC
as the quantization error is noise-shaped.
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Figure 7: Measured output spectrum for a 271 Hz sinu-
soidally modulated FM input signal estimated by 25-point
FFT, D = 16. (Blackman data window)
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Figure 8: Measured output spectrum for a 271 Hz sinu-
soidally modulated FM input signal estimated by 2! -point
FFT, D = 1000. (Blackman data window)
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