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Abstract— A voltage-controlled oscillator (VCO)-based analog-
to-digital converter (ADC) is a time-based architecture with a
first-order noise shaping property, which can be implemented
using a VCO and digital circuits. This paper analyzes the
performance of VCO-based ADCs in the presence of non-
idealities such as jitter, nonlinearity, mismatch and metastability
of the D flip-flops. Based on this analysis, design criteria for
determining parameters for VCO-based ADCs are described. In
addition, a digital calibration technique to enhance the spurious-
free dynamic range (SFDR) degraded by the nonlinearity is
also introduced. To verify the theoretical analysis, a prototype
chip is implemented in 0.13µm CMOS process. With a 500MHz
sampling frequency, the prototype achieves signal-to-noise ratio
(SNR) ranging from 71.8dB to 21.3dB for an input bandwidth
of 100kHz to 247MHz, while dissipating 12.6mW and occupying
an area of 0.078mm2.

Index Terms— time-based, VCO-based, ADC, data converter,
analog-to-digital, VCO-quantizer, FDSM, reconfigurable, digital
calibration, non-idealities, analysis, design

I. INTRODUCTION

In deep submicron process, the design of an analog-to-
digital converter (ADC) based on voltage-domain signal pro-
cessing is becoming more difficult due to the low supply
voltage that comes along with technology scaling. However,
for time-based architecture, time resolution is improved from
the reduced transition time of digital signals, which is on the
order of tens of picoseconds for 130nm CMOS process and
below [1].

An ADC based on a voltage-controlled oscillator (VCO)
generates a time-based signal whose frequency is proportional
to the analog input. The frequency is then quantized by
counting the edges of the VCO output during a sampling
period [2]. Since the VCO produces a continuous phase
output, quantization noise of the previous sample affects
that of the current sample and hence an inherent first-order
quantization noise shaping property can be achieved. However,
unlike conventional delta-sigma ADCs that require complex
analog building blocks such as op-amps and digital-to-analog
converters (DACs), the VCO-based ADC can be implemented
using only a VCO and digital circuits. Since the operating
frequency is limited by the speed of the logic gates, it could
easily reach up to Gsamples/sec in advanced CMOS process.
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Fig. 1. Block diagram of the VCO-based ADC including decimation filter.
CLKs represents sampling clock.

Due to these attractive properties, there has recently been
some research on the VCO-based ADC. In [3], an energy
efficient VCO-based architecture operating in the subthreshold
region was implemented. In [4], a high resolution and low
speed Nyquist rate ADC is realized for sensor application. In
[5] and [6], a third-order noise shaping ADC is realized by
employing a feedback loop using two current DACs and an
op-amp. In [7], a time-based bandpass ADC is realized by
time-interleaving VCO-based ADCs. While these works have
demonstrated the potential of the VCO-based ADC, there has
not been a thorough analysis of its performance that includes
the effects of non-idealities. In terms of performance, an open
loop VCO-based ADC whose sampling frequency is over
a few hundreds of Msamples per second has not yet been
reported.

In this paper, non-idealities of the VCO-based ADC are
theoretically analyzed and verified in a prototype integrated
circuit (IC) with a sampling frequency of 500MHz using
0.13um CMOS technology. From this analysis, the design
criteria for determining the sampling frequency and the num-
ber of VCO delay cells is described. In addition, a digital
calibration method to enhance the SFDR is introduced. This
paper is organized as follows. In Section II, the operation
principle and the properties of the VCO-based ADC are
presented. Section III describes the effect of non-idealities and
Section IV presents the design considerations for quantizers
and the digital calibration technique for VCO nonlinearity.
Measurement results are then presented in Section V, and
conclusions are drawn in Section VI.
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Fig. 2. Operation principle and waveforms of the VCO-quantizer.

II. VCO-BASED ADC

The basic architecture of a VCO-based ADC is shown
in Fig. 1. In previous works, this VCO-counter architecture
has been called a VCO-quantizer [5][8][9] or a frequency
delta-sigma modulator (FDSM) [3][10]. In this paper, we
will use the term VCO-quantizer or VCO-based ADC to
represent VCO-counter architecture. The VCO converts the
analog input signal x(t) from voltage domain to phase domain,
and generates an output signal whose frequency is proportional
to the average analog input signal x(t). The reset counter
counts the edges of the multiphase VCO outputs during a
sampling clock period and produces the digital output. Note
that a sample-and-hold (S/H) is absent in our analysis, which
is in contrast to previous analyses that assume S/H before the
VCO [5][8]. In addition, our analysis is generalized with a
multiphase VCO rather than a single phase VCO. The signal
waveform of a VCO-quantizer is shown in Fig. 2, where
the VCO has differential output and two counters count the
rising edges of each output. Note that the quantizer resolution
will increase if multiple output phases are available from
the VCO. Since the residual phase (i.e., quantization error
φq[n−1]) of the previous sampling period inherently becomes
the initial phase φi[n] of the next period, the output of the
VCO-quantizer can be represented as

y[n] =
Nmp

2π
(φx[n] + φq[n− 1]− φq[n]) (1)

where Nmp is the number of the VCO phase and φx[n] is
the VCO phase change due to the analog input. Taking the
z-transform of (1) gives

Y (z) =
Nmp

2π

(
Φx(z) + (z−1 − 1)Φq(z)

)
. (2)

It can be seen that the quantization error of the VCO-
quantizer is first-order shaped and hence is equivalent to a
first order delta-sigma modulator. To obtain the signal-to-
quantization noise ratio (SQNR), x(t) is assumed to be a
sinusoidal signal with an amplitude of A and frequency of

ωin (i.e., x(t) = Acos(ωint)). The phase domain input signal
φx[n] can be described as

φx[n] =
∫ nTs

(n−1)Ts

2π(Kvcox(t) + ffr)dt

= Aφcos

(
ωinTs

2
(2n− 1)

)
+ ffrTs (3)

where Aφ = 2πKvcoATssinc (finTs) (4)

Ts is the sampling period and ffr, Kvco are the free-running
frequency and gain of the VCO, respectively. It can be seen
that the input signal amplitude in the phase domain is a sinc
function of the input frequency, where sinc(x) is defined as
sin(πx)/πx. Hence, the input signal power in phase domain
can be represented as:

Pφx
=

1
2
A2

φ. (5)

For a general multiphase VCO with Nmp outputs, the
counter quantizes the VCO phase by 2π/Nmp. As shown in
Fig. 2, quantization error depends on the position of sampling
clock edge in a VCO period. Since there is no correlation
between the sampling clock and the VCO, quantization error
can be assumed to be random and uniformly distributed from 0
to 2π/Nmp. Hence, the quantization error power in the phase
domain can be obtained as below, using a similar method to
that of a conventional first-order delta-sigma ADCs [11].

Pqε =
1
12

(
2π

Nmp

)2
π2

3

(
1

OSR

)3

, (6)

where OSR = fs/2fin, fs represents the sampling frequency
and fin represents the input frequency. From (5) and (6), the
theoretical SQNR can be calculated as the following equation:

SQNR = 6.02Mq − 3.41 + 30 log OSR

+20 log
(

sinc

(
1

2OSR

))
(7)

where Mq is the quantizer resolution, that can be represented
as

Mq = log2 (Kvco2ANmpTs)

= log2

(
ftuneNmp

fs

)
(8)

where ftune is the tuning range of the VCO (ftune =
2AKvco). Note that the SQNR of the VCO-quantizer is
different from the conventional delta-sigma modulator in that
the quantizer resolution Mq is inversely proportional to the
sampling frequency. By plugging (8) to (7), it can be seen
that SQNR is enhanced by 10dB per decade as the sampling
frequency is increased. Another interesting property that can-
not be seen from the prior analyses [5][8] is that SQNR is
decreased with input signal frequency due to the absence of a
S/H. That is, the averaging nature of the VCO results in the last
term in (7) which has a low pass filtering property with nulls
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Fig. 3. Timing diagram of sampling clocks with and without jitter. τaj [n]
and τpj [n] represent absolute and period jitter of nth sampling clock edge,
respectively.

at integer multiples of the sampling frequency. Hence, when
the VCO-quantizer is operated at Nyquist-rate, the SQNR is
reduced by 3dB and signals near the integer multiples of fs

are inherently filtered out.

III. NON-IDEAL EFFECTS

Non-idealities such as jitter, nonlinearity, mismatch of the
VCO and metastability of D flip-flops degrade or limit the
performance of the VCO-based ADC. In this section, the
effect of these non-idealities will be analyzed and simulated in
MATLAB and CppSim [12], which is a behavioral simulator
that accurately models the phase noise and jitter of oscillators.
Throughout the simulation, it is assumed that there is a 64-
phase ring VCO with a tuning range of 50MHz to 450MHz
and that the sampling frequency is 500MHz unless otherwise
noted.

A. Sampling clock jitter

The sampling clock in the VCO-based ADC is not only
used for sampling the input signal but is also used as a time
reference for integration. Hence, the effect of sampling clock
jitter can be divided into two parts, the sampling uncertainty
caused by the absolute jitter (i.e., aperture jitter) and the error
in the integration time caused by the period jitter.

To analyze these effects, sampling clocks with and without
jitter are shown in Fig. 3 together with the input signal
x(t). In this analysis, absolute jitter, τaj [n], is defined as the
time difference between nth edge of an ideal and a practical
sampling clock. Period jitter, τpj [n], is defined as the time
difference between the nth period of an ideal and a practical
clock [13]. The phase domain input signal with sampling jitter
can be represented as:

φx,sj [n] =
∫ (n+1)Ts+τaj [n+1]

nTs+τaj [n]

2π (Kvcox(t) + ffr) dt. (9)

This equation can be decomposed into the ideal phase
domain input signal (φx[n]), the phase error due to sampling
uncertainty (φε,su[n]) and the phase error due to integration
time (φε,it[n]), which can be described as the following
equations

φx,sj [n] = φx[n] + φε,it[n] + φε,su[n]

=
∫ (n+1)Ts

nTs

·+
∫ (n+1)Ts+τaj [n+1]

(n+1)Ts+τaj [n]

·

+

(∫ (n+1)Ts+τaj [n]

(n+1)Ts

· −
∫ nTs+τaj [n]

nTs

·
)

(10)

where · represents 2π (Kvcox(t) + ffr) dt. Assuming that
τaj [n] is much smaller than the sampling period, φε,su[n] and
φε,it[n] can be approximated as the following equations:

φε,su[n] ' 2πKvco{x((n + 1)Ts)− x(nTs)}τaj [n]
(11)

φε,it[n] ' 2π (Kvcox((n + 1)Ts) + ffr) (τaj [n + 1]
−τaj [n])

= 2π (Kvcox((n + 1)Ts) + ffr) τpj [n]. (12)

Assuming x(t) = Acos(ωint), the autocorrelation of the
φε,su[n] can be expressed as [14][15]

Rφε,su [k] = E{φε,su[n]φε,su[n + k]}

=
1
2

(
4πKvcoAsin

(
ωinTs

2

))2

cos[ωinTsk]Rτaj [k]

(13)

where Rτaj [k] represents the autocorrelation of τaj [n]. It can
be seen that the PSD of τaj which is the Fourier transform of
Rτaj [k] is upconverted to the input frequency at ωin. Hence,
a skirt around ωin is expected in the output spectrum of the
ADC. In order to consider a general case of absolute jitter
PSD, the total noise power of τaj is obtained and a lower
bound of the SNR is calculated. The total noise power of the
sampling clock uncertainty can be obtained as:

σ2
φε,su

=
∫ π

−π

Sφε,su

(
ejω

)
dω (14)

=
1
2

(
4πKvcoAsin

(
ωinTs

2

))2

σ2
aj (15)

where σ2
aj is the variance of the absolute jitter. Using the input

signal power of (5), the lower-bound of SNRsu can be obtained
as the following equation:

SNRsu ≥ −20 log (ωinσaj) (16)

It can be seen that the effect of the absolute jitter on the
VCO-based ADC is same as the conventional voltage-based
ADC. This result is quite natural, since the SNR degradation
should not depend on how the error due to sampling uncer-
tainty is processed, whether in voltage or time-domain.
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Fig. 4. FFT result of the VCO-based ADC in CppSim simulation without
and with sampling jitter.

By obtaining the autocorrelation of φε,it[n] and taking
the discrete-time Fourier transform (DTFT), the PSD due to
integration time error can be obtained as

Sφε,it

(
ejω

)
= (2π)2

(
K2

vco

A2

2
+ f2

fr

)
Sτpj (e

jω) (17)

where Sτpj (e
jω) represents the PSD of τpj [n]. It can be seen

that Sφε,it

(
ejω

)
is equal to Sτpj (e

jω) scaled by the tuning
range and the free running frequency of the VCO. The lower
bound of the SNR can be obtained by calculating the total
noise power of Sφε,it

(
ejω

)
, which can be expressed as:

σ2
Φε,it

= (2π)2
(

K2
vco

A2

2
+ f2

fr

)
σ2

pj . (18)

Hence, SNRit is obtained as:

SNRit ≥ 10 log


 T 2

s

σ2
pj

·
sinc2

(
fin

fs

)

1 + 2
(

ffr

KvcoA

)2


 . (19)

Intuitively, the first term (T 2
s /σ2

pj) is natural since the period
jitter can be considered as the integration time error. The sinc
function represents the effect of integration sampling on the

input signal. The last term
(

1 + 2
(

ffr

KvcoA

)2
)

shows up since

a VCO with high free running frequency will have larger phase
error than a VCO with low free running frequency for the same
period jitter and tuning range. Hence, to minimize the effect
of period jitter, free running frequency should be reduced.

To verify the above theoretical analysis, CppSim simulation
is performed when the input frequency is 10MHz. The FFT
result of VCO-based ADC with and without sampling jitter
is shown in Fig. 4. As expected, skirt centered around the
input frequency is shown due to sampling uncertainty and the
noise floor is raised at low frequencies due to both sampling
uncertainty and integration time error. Unfortunately, effects
of sampling uncertainty and integration time cannot be easily
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Fig. 5. FFT result of the VCO-based ADC in CppSim simulation with
sampling jitter. (a) sampling uncertainty is dominant. (b) integration time error
is dominant.

distinguished in this simulation and SNR described in (16) and
(19) cannot be confirmed. Hence, two different simulations are
performed under the conditions that exclude the effect of each
other. First, the number of VCO multiphases is increased to
1024 in order to remove the effect of quantization noise. To
make the effect of sampling uncertainty dominant, the input
frequency is increased to 200MHz. The FFT result is shown
in Fig. 5 (a) where the rms absolute jitter is 68.1ps and the
resulting SNR is 22.2dB. This is very close to the theoretical
value of 21.34dB obtained from (16). To make the effect of
integration time error dominant, input frequency is reduced to
1MHz and the free running frequency of the VCO is increased
to 5GHz. The FFT result is shown in Fig. 5 (b) where the rms
period jitter is 1.98ps and the resulting SNR is 29.6dB. This
is very close to the theoretical value of 30.0dB obtained from
(19).

B. VCO phase noise

Similar to the previous analysis, the effect of the VCO phase
noise on the phase domain input can be described by the
following equation:

φx,pn[n] =
∫ (n+1)Ts

nTs

2π (Kvcox(t) + ffr + Kvcovn(t)) dt

= φx[n] +
∫ (n+1)Ts

nTs

2πKvcovn(t)dt

= φx[n] + φpn((n + 1)Ts)− φpn(nTs) (20)

where vn(t) is the input referred noise of the VCO and φpn

is the output phase noise of the VCO. Taking the Z-transform
of the above gives

Φx,pn(z) = Φx(z) + (z − 1)Φpn(z). (21)

The noise power can be expressed as:
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Fig. 6. SNR vs VCO phase noise. The x-axis represents the phase noise
of a single-phase VCO that can be run in CppSim. This phase noise can
be converted to the phase noise of a multi-phase VCO by subtracting
10 log2 Nmp. For example, a 64-phase VCO with a tuning range of 400MHz
and phase noise of -120dBc/Hz @ 1MHz offset corresponds to a single phase
VCO with a tuning range of 64x400MHz and phase noise of -60dBc @ 1MHz.

PΦpn = 2
∫ π/OSR

0

|(1− e−jω)|2SΦpn(ejω)dω

= 2
∫ π/OSR

0

4sin2ω · 1
Ts

∞∑

i=−∞
SΦpn

(
ω

Ts
− 2πi

Ts

)
dω

' 2
∫ π/OSR

0

4sin2ω · fsSΦpn(ωfs)dω (22)

where SΦpn is the continuous-time PSD of the VCO phase
noise. It can be seen that the phase noise of the VCO is first
aliased due to sampling, and then shaped by the high-pass
filter, 1−z−1. If we assume that the VCO has a phase noise of
Ł at a frequency offset of foffset, and a slope of -20dB/decade,
then SΦpn in continuous-time frequency (Ω) domain can be
expressed as

SΦpn
(jΩ) =

Ł
2π

(
2πfoffset

Ω

)2

(23)

Applying (23) to (22), PΦpn can be described as follows:

PΦpn '
∫ π/OSR

−π/OSR

4sin2ω · fs2πŁ

(
foffset
fsω

)2

dω

'
16πŁf2

offset
fs

· π

OSR
(24)

Therefore, the SNR due to the VCO phase noise (SNRvpn)
can be obtained as the following equation:
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Fig. 7. FFT result of the VCO-based ADC in CppSim simulation without
and with VCO phase noise.

SNRvpn = 10 log
(

PΦx

PΦpn

)

' 10 log

(
(KvcoA)2

16Łf2
offsetfin

)
(25)

where fin is the input signal frequency. To verify the above
theoretical analysis, the SNR due to the VCO phase noise
is obtained using CppSim when the VCO has phase noise
of -80dBc to -40dBc at 1MHz offset. The SNR versus VCO
phase noise is shown in Fig. 6 with the theoretical result from
(25), where it can be seen that the theoretical analysis result
is about 2dB higher than the simulation result. In Fig. 7, the
FFT result with the VCO phase noise of -60dBc/Hz at 1MHz
offset is shown along with that using an ideal VCO. It can be
seen that the white noise from the VCO phase noise is added
to the first-order shaped quantization noise. Notice that the
FFT plot does not have a skirt around the input signal, which
is in contrast to the case of the sampling clock.

C. Nonlinearity of VCO tuning characteristic

When the VCO has nonlinearity in its tuning curve, har-
monic spurs are generated similar to a general voltage-based
ADC with non-linearity. However, there is a difference in how
the spurs show up, due to the absence of S/H in the VCO-
based ADC. That is, the harmonic spurs are sinc filtered just
like the signal. The input phase change due to the nonlinearity
of the VCO can be represented as:

φx,nl[n] =
∫ nTs

(n−1)Ts

2π(ffr + Kvcox(t) + a2x(t)2

+a3x(t)3 + · · · )dt (26)
where x(t) = Acos(ωint).

Authorized licensed use limited to: National Chiao Tung University. Downloaded on May 21, 2009 at 02:24 from IEEE Xplore.  Restrictions apply.



This article has been accepted for publication in a future issue of this journal, but has not been fully edited. Content may change prior to final publication.

0 50 100 150 200 250
−80

−70

−60

−50

−40

−30

−20

−10

X: 6.001
Y: −42.33

Frequency [MHz]

F
F

T
 [d

B
]

X: 194
Y: −16.81

X: 206
Y: −16.25

HD3
IM3IM3

Fig. 8. FFT result of a two-tone test. Sampling frequency is 600MHz and
the inputs are at 198MHz and 202MHz.

The power of the second and third harmonic spurs can be
obtained by the following equations:

P2ωin =
(2π)2

2f2
s

(
1
2
a2A

2 + · · ·
)2

sinc2

(
2fin

fs

)

P3ωin =
(2π)2

2f2
s

(
1
4
a3A

3 + · · ·
)2

sinc2

(
3fin

fs

)

(27)

where it can be seen that N th harmonic spur is filtered by
nulls at integer multiples of fs. Note that due to such filtering,
intermodulation product can be much larger than the harmonic
spurs. An example is shown in Fig. 8 where the sampling
frequency is 600MHz and the two-tone inputs are at 198MHz
and 202MHz. It can be seen that the power of the third
harmonic (HD3) at 6MHz is 26dB smaller than that of the
the third intermodulation products (IM3s) at 194MHz and
206MHz. In general, HD3 is 10dB lower than IM3 [16] but
sinc filtering further reduces the power of the HD3 by 16dB.

D. Mismatch of VCO Delay Cells

The mismatch of the VCO delay cells (VCO mismatch)
causes error in their propagation delay and adds the deter-
ministic phase error to the phase domain input signal. A
multiphase ring VCO with mismatch is shown in Fig. 9,
where the analog input is constant and the rising and falling
edges of the delay cell outputs are represented by upward and
downward arrows, respectively. It can be seen that when the
VCO has mismatch, the phase error (φε,mm(t)) is a periodic
signal whose period is half the VCO period because of the
inherent cycling structure of the ring oscillator. In the VCO-
quantizer, the phase error sampled at the sampling clock edge
(φε,mm[n]) is included as the quantization error, as shown in
Fig. 9. Hence, the output of the VCO-quantizer with the VCO
mismatch, ymm[n], can be represented as
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Fig. 9. 3-stage ring VCO and effect of VCO mismatch in phase diagram.

ymm[n] =
Nmp

2π
(φx[n] + (φqi[n− 1] + φε,mm[n− 1])

−(φqi[n] + φε,mm[n])) (28)

where φqi[n] is the quantization error when the VCO is ideal.
It can be seen that the phase error due to the VCO mismatch
is sampled and then first-order noise shaped.

When the analog input is not DC, the periods of the VCO
and φε,mm(t) are changed. In this analysis, to get an insight
in the PSD, both φε,mm(t) and the analog input (Acos(ωint))
are assumed to be sinusoidal signals. Then, φε,mm(t) can be
described as

φε,mm(t) = Aφ,mmcos

(
4π

∫ t

−∞
KvcoAcos(ωint) + ffrdt

)

= Aφ,mmRe
(
ej4πffrt · ej 4πKvcoA

ωin
sin(ωint)

)
(29)

where Aφ,mm is the amplitude of φε,mm(t). The function
e
j 4πKvcoA

ωin
sin(ωint) is periodic with frequency ωin and hence

can be expanded in a Fourier series that can be described as

e
j 4πKvcoA

ωin
sin(ωint) = Jn(β)ejnωint (30)

where β = 4π
KvcoA

ωin
sin(ωint) (31)

and Jn(β) is the Bessel function of the first kind of order n
and argument β [17]. Applying (30) to (29) and taking the
real part gives

φε,mm(t) = Aφ,mm

∞∑
n=−∞

Jn(β)cos(4πffr + nωin)t

(32)
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Fig. 10. (a) PSD of phase error due to the VCO mismatch (φε,mm(t)) (b)
PSD when φε,mm(t) is sampled by sampling clock (c) when φε,mm(t) is
sampled and first-order noise shaped.

where it can be seen that spurs are generated at twice the
free-running frequency and an infinite number of sidebands
are separated from the ffr by integer multiples of fin. The
PSD of (32) can be obtained as follows and is shown in Fig. 10
(a).

Sφε,mm(Ω) =
(Aφ,mmJn(β))2

4

∞∑
n=−∞

δ(Ω− (4πffr + nωin))

+ δ(Ω + (4πffr + nωin)) (33)

Since the phase error due to the VCO mismatch is sampled
and first-order noise shaped in the VCO-quantizer as shown
in Figs. 10 (b) and (c), the noise power can be expressed as
the following equation:

Pφε,mm = 2
∫ π

OSR

0

4sin2ω
∞∑

k=−∞
Sφε,mm(ω − 2πk)dω

(34)

Therefore, the SNR due to the VCO mismatch can be
obtained as follows:

SNRmm =
Pφx

Pφε,mm

(35)

Although this analysis restricts the periodic phase error due
to the VCO mismatch to a sinusoidal signal, it provides useful
insights. From (33) and (34), it can be seen that Aφ,mm

should be reduced in order to reduce the noise power due
to mismatch. Since Aφ,mm is proportional to the number of
VCO delay cells, small number of VCO delay cells is required,
which means that VCO operates at high speed. Another way to
reduce the effect of the VCO mismatch is to control the free-
running frequency. It can be seen from (33) that spurs due
to the VCO mismatch are generated around the free-running
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Fig. 11. FFT result of VCO-based ADC and its magnified view in MATLAB
simulation with 3% VCO mismatch.
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Fig. 12. FFT result of VCO-based ADC in MATLAB simulation with 3%
VCO mismatch when free-running frequency is 31MHz in (a) and 87.5MHz
in (b).

frequency. Hence spurs can be removed if the free-running
frequency is moved far away from the desired frequency.

To verify above theoretical analysis, a MATLAB simulation
was performed as follows: A 514-phase ring VCO has a tuning
range of 6MHz to 55MHz and the mismatch of VCO delay
cells is 3% and analog input frequency and sampling frequency
is 10MHz and 500MHz, respectively. The FFT result and its
magnified view are shown in Fig. 11. Since the VCO free-
running frequency is 30.5MHz, dominant spurs are generated
at twice the free-running frequency of the VCO, at 61MHz,
and the sidebands are separated by 10MHz. Note that sideband
spurs are symmetrical around 61MHz and low frequency
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sidebands are smaller than high frequency sidebands due to
the first-order noise shaping. In Fig. 12, two FFT results with
different free-running frequencies are shown: 31MHz for (a)
and 87.5MHz for (b). It can be seen that VCO with higher free-
running frequency moves the spurs in the desired bandwidth to
high frequencies. However, as described in Section III. A, high
free-running frequency of the VCO increases the noise power
due to the period jitter of the sampling clock. Therefore, trade-
off between the effect of sampling jitter and VCO mismatch
exists.

E. Metastability of D flip-flop

The reset counter of the VCO-quantizer shown in Fig. 1
is usually implemented by using D flip-flops (DFFs) and a
subtractor, as shown in Fig. 13 [6]. The output of the counter
is captured by the first DFF at every rising (or falling) edge
of the sampling clock, which is then delayed by the second
DFF before subtraction. When the output of the counter is
not stable at the sampling clock edges, an error may occur in
the first DFF due to metastability. The output of the VCO-
quantizer, yms[n], that includes the error from metastability
can be described as the following equation:

yms[n] = (Dc[n] + εms[n])− (Dc[n− 1] + εms[n− 1])
= y[n] + εms[n]− εms[n− 1] (36)

where Dc[n] is the ideal counter output captured by the first
DFF, εms[n] is the error of the DFF due to metastability, and
y[n] is defined in (1). It can be seen that εms[n] is also first-
order shaped, similar to the error due to the quantization error.
In this analysis, we assume that εms[n] occurs only at the LSB
of the counter output. Although it is possible that error occurs
at other bits, it will be shown in the next section that these
errors can be removed.

To observe εms[n] and the corresponding SNR, we consider
a scenario where the VCO edges lie within the metastable

window (tms) of the DFF, as shown in Fig. 13. We assume
that the metastable window is evenly split before and after
the sampling clock. When the output of the counter changes
during the metastability window (tms), the captured output
of the DFF can be more or less than the ideal output. In
general, εms[n] describes the number of VCO edges during the
metastable window that is incorrectly over- or under-counted.
If we assume that the VCO has Nmp phases, εms[n] can be
expressed as the following equation:

εms[n] ∈ {−ceil{ tms

2Tvco[n]

Nmp

}, · · · ,−1, 0, 1, · · · ceil{ tms

2Tvco[n]

Nmp

}}

= {−Nms[n], · · · ,−1, 0, 1, · · · , Nms[n]} (37)

where ceil(·) means to round up and Tvco[n] is the VCO
period. Assuming that εms[n] is uniformly distributed, the
variance of εms[n] can be calculated as

σ2
εms[n] =

−Nms[n]2 + · · ·+ 0 + · · ·+ N2
ms[n]

2Nms[n] + 1
(38)

To obtain the total noise power due to the metastability of
DFF (σ2

εms
), the average of σ2

εms[n] should be obtained because
it depends on the analog input signal and hence changes every
sampling period.

σ2
εms

= avg(σ2
εms[n]) (39)

Since the error of DFF due to metastability is first-order
shaped, the noise power in the phase domain can be obtained
as follows:

Pnoise,ms =
(

2π

Nmp

)2

σ2
εms

(
π2

3

) (
1

OSR

)3

(40)

Therefore, the theoretical limit of the SNR due to DFF
metastability can be obtained as the following equation:

SNRms = 10 log
Pφx

Pnoise,ms
(41)

For example, when the input bandwidth is 5MHz and tms

is 500ps, the maximum theoretical SNR is 59.04dB. This
was verified using a MATLAB simulation whose SNR was
60.26dB.

The above analysis assumes that the error is uniformly
distributed. However, in practical situations, errors have a
biased distribution rather than a uniform distribution, in which
case metastability may manifest itself as VCO mismatch and
introduces spurs.

IV. DESIGN OF VCO-BASED ADC

In this section, implementation issues regarding the number
of the delay cells and the digital calibration method for VCO
nonlinearity will be described.
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A. Multi-bit quantization vs one-bit quantization

When designing the VCO, one can either maximize the
tuning range and reduce the number of phases, or maximize
the number of phases and reduce the tuning range. For a given
process, the minimum time resolution is fixed and the ADC’s
performance is the same for both cases. However, when non-
idealites such as mismatch and metastability are considered,
their performance will be different. When the maximum output
frequency of the VCO is higher than the sampling frequency,
the number of edges during a sampling period can be more
than one, thus requiring a multi-bit quantizer. This is called
a multi-bit quantization, as opposed to a one-bit quantization,
where the output frequency of the VCO is always lower than
the sampling frequency. Ideally, the performance of the VCO-
based ADCs that use either one of these techniques are the
same, but non-idealities such as metastability of DFF and the
VCO mismatch cause differences.

As described in Section III, the DFF that stores the counter
output at the sampling instance can cause error because of
metastability. Considering only one phase among the multi-
phase VCO outputs, the maximum error due to metastability
in one-bit quantization is just one. However, that of the
multi-bit quantization is more and it can severely degrade
the performance of the VCO-based ADC. Assuming that
the metastability window is narrower than the propagation
delay of the VCO, the aforementioned problem of a multi-bit
quantizer can be solved by comparing the counter output of the
neighborhood multiphase and replacing it when the difference
is more than 1, as shown in Fig. 14. Using this architecture, the
maximum error of multi-bit quantization can be one bit, but
the complexity and the power dissipation of the reset counter
are increased due to the comparator and multiplexer. On the
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other hand, one-bit quantization can be realized with two DFFs
and an XOR, as shown in Fig. 15. While it achieves simple
implementation for the reset counter, too many delay cells in
the VCO can cause spurs from the mismatch of the delay cells,
as described in Section III.

B. Digital calibration of VCO nonlinearity

As described in Section III, the nonlinearity of the VCO
tuning characteristic generates harmonic spurs and degrades
the SNDR. The effect of nonlinearity is especially more
severe when the input frequency is low, as the reduced SFDR
degrades the SNDR gained from oversampled noise shaping.
In order to improve the resolution, a calibration technique
can be employed, as shown in Fig. 16. When the ADC is
in calibration mode, a ramp signal is applied to the VCO-
quantizer. In terms of implementation, the ramp signal can be
realized using a digital one-bit accumulator and a digital-to-
analog converter (DAC) or a resistive divider and a switch.
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Note that the linearity of the DAC or the resistive divider
should be better than that of the VCO-quantizer. Next, the
digital output of the VCO-quantizer, yramp[n], goes through
a moving average filter (MAF) that reduces the quantization
noise. The output of the MAF, yma[n], can be represented as

yma[n] =
1

Nw

nNw∑

k=(n−1)Nw+1

yramp[k] (42)

where Nw is the width of the moving average window. In
practical implementation, the MAF can be realized using a
simple adder and 1/Nw can be removed by increasing the bit
width of the yma[n] by log2 Nw bits. The output of the MAF is
stored in a lookup table (LUT) which in effect is is the inverse
transfer function of the VCO tuning curve. An example of
the LUT is shown in Fig. 17, where the solid line represents
the ideal ADC transfer curve and the bold dots represent the
actual MAF output of the ADC when ramp is applied. When
the ADC receives the actual input signal, the digital output
(D3) is mapped in the LUT to its corresponding address (011)
and the calibrated output is produced.

The complexity of the calibration circuitry depends on the
size of the LUT. When the duration of the ramp signal is tramp

and the quantizer resolution is Mq , the size of LUT can be
described as

size(bits) =
tramp

Ts
(Mq + log2Nw) . (43)

For example, a ramp signal of tramp = 2Mq+1Ts and Nw of
2 and Mq=6bits results in a 150 byte mapping table, which
is enough to improve the SFDR from 30dB to 65dB. The
proposed calibration technique is verified by the experimental
results in the next section.

V. IMPLEMENTATION AND MEASUREMENT RESULTS

The VCO-quantizer shown in Fig. 18 was fabricated in 0.13-
µm CMOS technology. The VCO was implemented using the
32-stage differential delay cell shown in Fig. 19 [18]. The
ring VCO is followed by 64 one-bit quantized reset counters
and a 64-bit adder. The reset counter consists of one divider,
two DFFs and an XOR gate. The divider and the first DFF
use a sense amplifier-based flip-flop (SAFF), shown in Fig. 20

VDD

VCTRL

VOUT- VOUT+

VIN+ VIN-

VCTRL

M1 M2

M3 M5 M6 M4

32-stage/64-phase ring VCO

Fig. 19. Delay cell schematic of 64-phase ring VCO.
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RS
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Fig. 20. Sense Amplifier-based Flip-Flop schematic [19].

[19], for a small metastability window. The second DFF uses
a TSPC for low power consumption. The 64-bit adder is based
on a carry-save architecture with three-stage pipelining for a
high speed operation. The die photograph is shown in Fig. 21
where it can be seen that the active area is 0.078mm2.

The measured tuning characteristic of the VCO is shown in
Fig. 22. In order to use the linear range of the tuning curve, the
full scale analog input is set to 0 to 0.7V, which corresponds
to 381MHz to 69MHz of output frequency. The measured
phase noise of the ring VCO is -112dBc/Hz at 1MHz offset.
The VCO-quantizer operates at a sampling clock of 500MHz,
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Fig. 22. Measured tuning characteristic of the ring VCO.

which has absolute rms jitter of 83.9ps when 1 million samples
are collected. For an input frequency of 1.1MHz and peak-to-
peak amplitude of 0.6V, the FFT result of the VCO-quantizer
is shown in Fig. 23, where the SNR is 64.25dB. It can be seen
that the skirt centered around the input frequency reflects the
effect of sampling jitter, sampling uncertainty in particular.
When input bandwidth is determined as DC to 2MHz, the
theoretical limit of the SNR due to sampling uncertainty can
be calculated as 64.73dB from (16), which is close to the
measured SNR of 64.25dB. As expected in Section III, the
effect of other limiting factors such as VCO mismatch and
metastability of the DFF are represented as spurs that can
be seen in Fig. 23. However, these spurs do not degrade the
effective performance of the ADC because they are located
at high frequencies. That is, when the ADC operates as an
oversampling ADC, these spurs can be filtered out. For a
Nyquist-rate ADC, harmonic spurs from VCO nonlinearity are
larger than these spurs.

To verify the analysis of the VCO phase noise, small
input signal whose peak-to-peak amplitude of 13.4mV was
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Fig. 23. Measured power spectrum of ADC output. The peak-to-peak
amplitude of the input signal is 0.6V.

10
0

10
1

10
2

−120

−100

−80

−60

−40

−20

0

Frequency [MHz]

[d
B

]

Fig. 24. Measured power spectrum of ADC output. The peak-to-peak
amplitude of the input signal is 13.4mV.

applied. Since SNR degradation due to sampling uncertainty
is not a function of input signal power, small input signal
reduces the noise power due to sampling uncertainty which
otherwise overshadows the effect of the VCO phase noise. The
measured power spectrum of the VCO-quantizer is shown in
Fig. 24, where the SNR of 48.63dB is close to the theoretical
analysis result of 47.59dB from (25). Note that for noise
power calculation, integration range is determined as 300kHz
∼ 2MHz because that is where the VCO phase noise has the
1/f2 characteristic assumed in (23) ∼ (25).

To enhance the SFDR, the digital calibration method intro-
duced in Section IV was applied. For an input frequency of
10MHz, the FFT results of the VCO-based ADC before and
after calibration are shown in Fig. 25, where it can be seen that
the SFDR is improved from 32.2dB to 61dB due to calibration.
In this calibration, the width of the moving average (Nw) is
2 and the duration of the ramp signal (tramp) is 203ns (about
100 samples); hence, a 150 Byte LUT is required. The moving
average filter and the LUT for the calibration and decimation
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Fig. 26. SNR/SNDR/SNDR after calibration versus input power when the
input frequency is 1MHz.

filter are implemented off chip. The SNR, SNDR and SNDR
after calibration versus the input signal power at 1MHz are
shown in Fig. 26. It can be seen that the SNR of the VCO-
based ADC is proportional to the input signal power to the
full scale input, which is in contrast to a conventional delta-
sigma ADC whose SNR is degraded near the full scale input
due to stability. When the input signal is small, the linearity
of the VCO is better and hence the SNDR is limited by the
quantization noise rather than harmonic spurs. As the analog
input amplitude is larger than -20dBFS, linearity of the VCO
is severely degraded, and the SNDR is reduced. However, the
SNDR is improved to more than 60dB when calibration is
used.
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Fig. 27. SNR/SNDR/SNDR after calibration versus input bandwidth when
the input signal power is -4.7dBFS.

The SNR, SNDR and SNDR after calibration versus analog
input bandwidth are shown in Fig. 27, when the input signal
power is -4.7dBFS. As expected, the SNDR is limited by the
SFDR of 33.2dB and the SNR is limited by the VCO phase
noise for low input bandwidth and quantization noise in high
input bandwidth. The FOM of the VCO-based ADC versus
analog input bandwidth is shown in Fig. 28, where the FOM
is defined by the equation below.

FOM =
Power

2ENOB · 2fin
(44)

and the total power consumption is 12.6mW. It can be seen that
the FOM is increased as the input bandwidth is reduced. This
is due to the VCO phase noise that corrupts the quantization
noise shaping, as evidenced in Fig. 23. When the input
bandwidth is larger than 5MHz, the FOM is relatively constant
at 1.01pJ/conversion.

The performance of the measured VCO-based ADC is
summarized in Table I with two other recently reported ADCs.
One is a Nyquist-rate ADC which has the same sampling
frequency and the other is another VCO-based ADC, but it has
an analog feedback loop providing 3rd-order noise shaping.
Note that our work has mostly digital circuits and should
provide the most benefit in advanced CMOS process.

VI. CONCLUSIONS

VCO-based ADC is an attractive time-based architecture
that offers high sampling rate, an inherent 1st-order noise
shaping property, and mostly digital implementation. In this
paper, non-idealities from the VCO, DFF, and sampling clock
that degrade the performance of the ADC were analyzed
and verified using simulation and measurement. In addition,
a digital calibration method for the VCO nonlinearity was
introduced and proved using implemented IC and off-chip
signal processing. The implemented ADC achieves a SNR
from 71.8dB to 21.3dB for the input bandwidth from 100kHz
to 247MHz and dissipates 12.6mW. With the continued scaling
of CMOS process, VCO-based ADC is expected to gain higher
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TABLE I
ADC PERFORMANCE SUMMARY.

This work [20] [6]

Technology 0.13µm CMOS 65nm CMOS 0.13µm CMOS

Supply voltage 1.2V 1.2V 1.2V

Sampling rate 500MHz 500MHz 950MHz

Input bandwidth(Hz) 100k, 1M, 10M, 100M, 247M 239M 10M

SNR(dB) 71.8, 68.4, 63.1, 36.7, 24.5 26.1 76.2

SFDR(dB) 32, 72(after calibration) 36 72.4

Power dissipation 12.6mW 5.93mW 40mW

Total area 300µm by 260µm 650µm by 1400µm 640µm by 660µm
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Fig. 28. FOM vs input bandwidth.

performance, as its resolution is determined by the speed of
the logic gate.
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