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Lock-in amplifiers (LIAs) are extensively used to perform high-resolutiofi mgasurements. Ideally, when
using LIAs, it would be possible to measure a minimum signal variatién limited by the instrument input
equivalent noise at the operating frequency and the chosen filtering bandwidth. Instead, digital LIAs show
an unforeseen 1/f noise at the instrument demodulated output, propartional to the signal amplitude that
poses a fundamental limit to the minimum detectable signal-variation using the lock-in technique. In
particular, the typical resolution limit of fast operating LIAs (> [YMHz) is of tens of ppm, orders of
magnitude worse than the expected value. A detailed analysis shows that the additional noise is due to
slow fluctuations of the signal gain from the generation stage'to the acquisition one, mainly due to the
digital-to-analog and analog-to-digital converters, Toscompensate them, a switched ratiometric technique
based on two analog-to-digital converters altétnately acquiring the signal coming from the device under
test and the stimulus signal has been cdnegived~An FPGA-based LIA working up to 10 MHz and
implementing the technique has been r€alizedidnd results demonstrate a resolution improvement of more
than an order of magnitude (from tens, ofippm down to sub-ppm values) compared to standard
implementations working up to similar frequencies. The technique is generally applicable without

requiring calibration nor ad-hoc experimental arrangements.

l. INTRODUCTION

The lock-in teghmigue 15'extensively used for synchronous (phase-sensitive) AC signals detection and
measurement ina widé range of scientific fields', spanning from Atomic Force Microscopy (AFM)** and
Raman spectroscdpy?, to sensors and actuators (e.g. MEMS)>.

Compared to a2 DC measurement approach, where the signal of interest could be overwhelmed by the
1/f ngise-of the electronic analog circuits, the lock-in approach shifts the stimulus signal at frequencies
where'the 1/fnoise is negligible (only white noise for instance), thus improving the achievable signal-to-
noise tatio (SNR). Then, a homodyne demodulation down-converts the signal to baseband and a low-pass

filter Sets the bandwidth of the measurement, independently of the modulation frequency. Benchtop digital
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All(lg—in amplifiers (LIAs) commonly implement a homodyne detection in the digital domain to overcome

Publiglifif tations of analog multipliers in terms of dynamic range, voltage offset and output noise.
A digital demodulator is expected free from 1/f noise and by operating the digital LIA at frequencies
where the noise of the analog circuitry is white, the noise level at the output of the instrument could be
ideally reduced at an arbitrarily small value by narrowing the bandwidth of the low-pass filter. Instead,

when trying to increase the measurement resolution by narrowing the({),%i

experimentally verified that at a certain point the noise stops to decrea

bandwidth, we have
A reaches its ultimate
resolution limit. LIAs resolution, usually expressed in ppm, is h@e\‘&ned as the ratio between the

minimum detectable signal amplitude variation and the total litude, assuming detectable a

en measuring a signal of 1 V, if the
puVv.
different LIAs when the sinusoidal

signal variation equal to the rms noise (SNR = 1). For exa plg,
LIA has a resolution of 1 ppm, it can sense a signal variation,as tin“as
Table 1 shows the resolution experimentally meaSured. w

stimulus signal is directly connected to the input of thednstru alt The bandwidth was set to 1 Hz and the

resolution is calculated on a time duration of IOK\

TABLE I. Experimental comparison of digital
the LIA input, bandwidth of 1 Hz, measurement ti

in the table. \
V.

A perfo ances. Test conditions are: stimulus signal directly connected to
Q(Ls nd the signal amplitude and measurement frequency reported

Model aximum Signal Measurement | Relative
frequency | amplitude frequency resolution
J [MHZ] [V] [MHz] [ppm]
\ 0.1 0.1,03,1 0.01, 0.05 1
\.
/ 0.1 0.1,03,1 0.01, 0.05 12
I1-
Q yn 0.5 1.4 0.1 13
SR865
£ /\ Stanford 2 03 0.5 45
~ Research
Custom 0.03, 0.1,
3 LIA 10 0.3,1 0.1,1 ?
o HF2LI
5 Zurich 50 0.03, 0.1, 0.1,1,10 39
03,1
Instruments
\ —~ Enhanced-
LIA 10 0.1.03. 1 0.0001-6 6-1
[This o 6-10 1-3.5
work]
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AI Re ults show that the instruments resolution limit cannot be improved by increasing the stimulus

PUb”é‘illeT'igt de or by changing the operating frequency. Moreover, it was verified that also narrowing the
filtering bandwidth (BW < 1 Hz) was not effective. The LIAs resolution turns out to be related to the
instrument maximum operating frequency, from few ppm (for LIAs operating up to few hundreds of kHz),
to few tens of ppm for instruments operating up to few MHz or tens of MHz. The distinctive results
obtained with the novel Enhanced-LIA (ELIA) here presented are reportex/ the last row.

To overcome the LIA resolution limit and carry out high resol 101;%\(ements, one possible
approach is to perform differential measurement!'. A simple exataple“of differential scheme for the
measurement of the impedance Zpur of a device under test (DU, )i;&@ll—known Wheatstone bridge
reported in Fig. 1. The instrument measures the difference &Vv@cn the DUT signal Apur and a
reference signal Arer, both generated starting from the sam: stimul&s voltage Vour. The resolution limit
of the LIA is proportional to the Apirr signal, which infcase of a“well-balanced bridge is a value near to
null. As consequence, the resolution limit of the LIAﬁ%;Eiae and it is practically possible to measure
very small variations of Zpur. When using this ach, the more the reference signal is similar (at any
given time) to the DUT signal, the smaller is th ﬁg}ﬁal signal and the less the resolution limit of the

e
LIA counts. This widely used technique al%wrement with resolution lower than 1 ppm, as reported

for capacitance bridges'>!3. \ -
W_heatsto % /\,VOUT Acoso) LIA
T4
= cos

Filters

N

Zput by means o ock—ip/ampliﬁer (LIA).

—_—
A thm&&{hesdifferential approach allows obtaining excellent results, the generation of a well-
balaneed reféj“ence signal could be cumbersome. The amplitude and phase of the reference signal should
fclsbthe UT signal for every bias condition, operating temperature and frequency of measurement.
~
Conseguently, a calibration process is generally required for every DUT and measurement condition,

adding complexity to the system and to the measurement itself.
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AI Pn this work, we present a technique for the reduction of the low-frequency noise at the demodulated

Pu b”é&l‘}:ﬂlg' f a digital LIA. It allows the design of a general-purpose digital LIA with sub-ppm resolution, not
requiring calibration steps, nor additional elements to the setup or limitations on the DUT parameters. The
paper is organized as follows. Section II discusses the sources of noise that limit the resolution of a digital
LIA. The technique for the noise reduction is described in section III. The experimental validation of the

system is reported in section I'V. Finally, section V summarizes the main r</ Its and concludes the paper.

II. RESOLUTION LIMIT OF DIGITAL LIAs \Q

A. Experimental Assessment of the Resolution Limit ‘)
T~

To understand the results reported in Table I, the noise the staté=of-the-art lock-in amplifier HF2LI
by Zurich Instruments has been characterized and analy. djngqﬁx 1 MHz sinusoidal stimulus ranging
from 0 to 1 V has been generated at the instrument outp nd‘d)rectly connected to its input (Fig. 2, top).
In all measurements, the input and output ranges have b setat1.1 Vand 1V respectively. The signal,

after synchronous demodulation, is filtered (80 ltﬂz\ba width) and acquired. The FFT is performed and

the results are shown in Fig 2. ‘t\
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FIGBNBBe spectral densities of the demodulated LIA output obtained directly connecting the output terminal to the input
of the cgmmercial HF2LI. In addition to the white noise, a 1/f contribution proportional to the signal amplitude is present. The

dashed line refers to the noise in the quadrature output with an in-phase component of 1 V and a quadrature component of
40 mV.
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Publighifgsise equal to the noise of the analog front-end at 1 MHz, as expected. However, as the sinusoidal
signal amplitude increases, additional 1/f noise proportional to the signal amplitude appears. The same
behavior has been observed with all tested LIAs.

This signal-proportional 1/f noise produces two drawbacks: i) due to the 1/f spectral distribution,
narrowing the filter bandwidth is no more effective in order to reduce the dutput noise of the instrument;
i) increasing the signal amplitude does not improve the measure errt)reso tion due to the noise
concomitant increase. As a consequence, when dominated by this 1‘&&3,\
resolution limit.

,)

the LIA reaches its ultimate

This limitation is confirmed by Fig. 3, which shows the eso ion Obtained using the same setup of
Fig. 2 and varying the signal amplitude (from 0 to 1 V). For COSlparison, the figure also reports the
expected theoretical results considering only the instriiment white noise measured for Vour = 0 V. By
increasing the signal amplitude, the resolution reaches a plﬁe)u of about 40 ppm independently of the
measuring bandwidth fixed by the low-pass filter.“Che resolution degradation due to the additional 1/f
noise turns out to be remarkable. For example, v% signal amplitude and 10 Hz low-pass filter, it
would be ideally achievable a noise of @{T\a;c\l a corresponding resolution of about 0.28 ppm.

t to

Instead, the measured resolution turns K only 40 ppm, a factor 140 worse.
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{ Resoluti btained with the HF2LI (directly connecting output and input of the instrument as shown in Fig. 2 and
ing me@surements 100 s long) for different signal amplitudes and two filtering bandwidths (1 kHz and 10 Hz). The
he theoretical resolution of the instrument by considering only the noise of the input analog stages.

B. Identification of Flicker Noise Sources

As already mentioned in Sec. I, benchtop digital LIAs implement homodyne detection in the digital
domain, which is ideally free from 1/f noise. Since the additional 1/f noise is proportional to the signal

5
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Alalaitt de, the role of the waveform generator of the LIA has been investigated. The noise added to the

Publighing 1al waveform by the output stage of the generator is modulated by the digital demodulator of the
LIA giving a non-flicker noise at the output of the instrument, thus cannot explain our results. The phase
noise of the generator has been discarded as well. In fact, although its contribution is proportional to the
signal, it would produce a noise level of the quadrature term higher than the noise of the in-phase term
(Ref. 1, pp. 71-73). On the contrary, experimental evidence (Fig. 2, dashied line) shows a noise of the
quadrature component much smaller than the in-phase noise.

A further noise term of a waveform generator is the amplitudedpoise. A random modulation of the
amplitude of the sinusoidal signal is down-converted by the LIA giving anadditional noise in the in-phase
component (or in the signal amplitude modulus), in agreement.withthe experimental results. Indeed, every
component defining the amplitude of the signal, not only in the gener@ation chain, but also in the acquisition
one, is a source of a signal amplitude modulation if its gain fluctuates.

For example, the unavoidable 1/f noise of the analgg reference voltage used by the digital-to-analog
converter (DAC) and the analog-to-digital conyerter (ADC) results in signal amplitude modulation. In
fact, if the DAC reference voltage increases, the corresponding output voltage range is stretched and signal
amplitude increases, while if the ADC reference v@ltage increase, the digital signal processed by the LIA
decreases. Similar effects can be originated{rém mternal circuits of the DAC and ADC that define the
conversion gain. Regarding the analog stages, the resistors setting the gain of the amplifiers are examples
of amplitude modulation sources. Theuntrinsic 1/f noise and temperature fluctuations change the value of
the resistors and therefore thé gain experienced by the signal. Figure 4 shows the effect of these gain
fluctuations in a simplified LIA schematic, where Gpac, GG and Gapc are the nominal gains of DAC,
input amplifier and ADC, respectiyvely. The npac, napc and ng terms summarize the converters and analog
stages different contitbutigns to‘the gain fluctuations. The digital processor operates the demodulation of

the digital signal 4gi¢ given by:

Viigtie) = AL + npac)|Tour|Ge (1 + ng) (1 + nape) sin(ufokTs + ¢dpyr) (1)

where A 1s the amplitude of the stimulus voltage, |Tout|, gput are the magnitude and phase at fo of the
DWTansfer function, Ts is the sampling period and k is an integer. The amplitude R measured by the

LIA 1s
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R = AlTpyrlGe(1 + npac)(1 + ng)(1 + napc) )
Publishing

Thus, the slow gain fluctuations npac, ng, napc are reflected in slow fluctuations of the amplitude
calculated by the LIA, setting the resolution limit of the instrument independently of fo. Whatever signal
is measured, it will always be affected by the LIA gain fluctuation, so if th e?a fluctuations are in the order

N{lutlon

of tens of tens ppm, it will not be possible to measure the signal with a b

LIA GDAC[1 +n )

Vour Al1 + npyclsin(2rf, -
a
(2]
(0]
DUT & o
[ Tpyrl, s
DUT d)DUT GG[1 +ng t) GAD 1+ nADC(t =
VIN L... A leg §’
—> Amp D =
C

N
FIG. 4. Visualization of the various multiplicative b M the signal path in a digital LIA, affected by slow gain
fluctuations which set the resolution limit as detai d.j%Eq.

lll. RATIOMETRIC LOCK-IN A XARCHITECTURES

the analog conditioning s n be obtained by using resistors with a low temperature coefficient

In order to enhance the LIA resolution performance, its gain fluctuations should be reduced. Regarding
ges

(<5 ppm/°C)° where

components are lesssensitiye to temperature variations and are usually associated also with a low intrinsic

cessary, i,€. where resistors set the signal transfer function of the instrument. Such

1/f noise (thus Qver resistance value variations). Instead, regarding the DAC and the ADC, which

are the major4luctdations contributors in our custom LIAs, there are no studies suggesting a way to reduce
the effectfof both. hé solution of a common voltage reference between the DAC and the ADC would
allow tl;gc ceH}cion of the reference effect, but it is not effective for the internal fluctuation sources of

ADC%nd DzﬁC converters such as, for instance, the 1/f noise of a simple voltage buffer at the reference

R~
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Publishigg

« effect on the measurement of the gain fluctuations added by the DAC and all the generation chain
can be reduced using the ratiometric technique: the amplitude of the DUT signal is compared to the
amplitude of the stimulus signal. Ratiometric techniques are a common approach for high accuracy

measurements' 416

and for the compensation of the light source intensity fluctuations in optical
measurements'’. The ratiometric technique can be easily implemented ¥sing a dual channel LIA. The
acquisition of the stimulus (STIM) signal in addition to the DUT signal (Fig. 5(a)) and their separate
processing with a standard lock-in approach, produces two measuredsamphitudes (Apur and Astim), both
proportional to the gain fluctuations of the DAC (and generation/stage). Thus, a division between the two
amplitudes gives a value independent of the fluctuations ©f-the ‘generation stage. The phase can be
retrieved as a simple difference between the DUT phase ¢pumand the STIM phase ¢stiv. Since the phase

is less sensitive to a random amplitude modulation, in the felloywing we only analyze the measurement of

the amplitude.

LIA Gpac(1 + npac(t) o1 LIA Gpac(1 + npac(t))
v < Vv <
ouT DAC «—RE < out DAC+ ©
¥ & o
=
G 14+ t .\ o
Apc( Napci(t)) '\8 8
DUT STIM signal  ( o DUT STIM signal o
ADCT> ] o
| TDUTlﬂ ¢DUT (ASTIM, ¢STIM) k 8 I TDUT I’ ¢DUT (ASTIMa ¢STIM) GADC(1 + nADC(t) 8
o S
Gapca(1 +Inapca(t)) = ADC|> =
Vin | pur,Signal N Vin | put signal [ S" 5
ADC2|> a a
(ApUT, doum) \ (ApuT, dpuT)
Apyr = AlThhel - A+ npac @) - (1 + nupe,(0) Apyr = AlTpyr| - (L +npae (0) - (1 + 150 ()
Asriv A (TRipac (D) - (L + nype, (t)) Ay = A- (T +npac () - (1 + nype (t))
Apyr [Asr i A Tpyrd - (14 napes (0)/(1+ nype, () Apyr [Asriv = Tpyrl

FIG. 5. (a) Simplified scheme implementing a ratiometric measurement using two ADCs. (b) Simplified scheme of a switched
ratiometric L.I'A based on a single ADC. For visual clarity, the effect of the analog stages is not considered.

This“stanidard ratiometric approach was experimentally verified to improve the resolution of the
medsufenment by less than a factor two. The lack of efficacy is due to the gain fluctuations of the two
independent ADCs, which are not compensated. In order to remove also their effect, a switched ratiometric
approach has been conceived. A first single-ADC version relies on the acquisition of both DUT and the

STIM signals with the same ADC, which allows them to be equally affected by the ADC gain fluctuations
8
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Publighifi§ switched ratiometric LIA with single ADC. A switch SW periodically changes the input of the
ADC alternating the DUT and the STIM signals. The switching frequency is chosen fast enough to assume
the same ADC gain for the DUT samples and the STIM samples in a switching period. The digital
processor separates the digitized samples to reconstruct the two signals in the digital domain, implements
the synchronous demodulation of them and finally calculates the ratio offthe amplitudes. Although the
gain fluctuations are slow (up to few kHz from Fig. 2), the switching fj q‘ujncy SW should be chosen
fast enough to satisfy the sampling theorem in order to avoid losséof information. Such a condition is
difficult to be fulfilled in the case of high frequency digital LIAs{ with sampling rate of tens or hundreds
of MS/s, due to the voltage transients given by the switching o'f_‘_fh DCinput.

B. Ratiometric LIA Based on Two ADCs C K

To reduce the switching frequency required by the'scheme’of Fig. 5(b), an architecture based on two

ADCs, as shown in Fig. 6, is proposed!® and i&&nte . Two switches SW1 and SW2 are added in

front of the ADCs to alternatively acquire the the STIM signals with each ADC. The signals are
reconstructed in real-time using a FPGASte.obtain, their time evolution with continuity in the digital

domain. The following demodulatio d a era@ng are performed as in a standard dual-phase LIA
obtaining amplitude and phase of @ STIM signals. The switching frequency fsw of SW1 and

SW2 is chosen higher than the 1/f noise,corner of the slow random gain fluctuations of the ADCs, few
kHz in our prototype. Cons uemt);the equivalent mean gain in each period 1/fsw experienced by the
two reconstructed signalsds tl}e and 1s equal to the mean of the two ADC gains. After demodulation
and the low-pass filterifig, the effeCt of the gain fluctuations is finally canceled out by performing the ratio
between the ampli dsMDUT and STIM signals. The gain fluctuations of the DAC are also included

in both signals an

(R
N

refore are removed as well, allowing a high-resolution measurement of the DUT

signal.
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FIG. 6. Architecture of the switched ratiometric LIA scheme based on two AD&Q&Qigiml reconstruction of the data

streams.

C. Theoretical Analysis &5

Here the working principle of the presented switthe ra@etrlc scheme is analyzed in detail. Then,
some considerations on the harmonics generated bw hing operation and how to prevent them from

causing performance degradation are made.

\7

\&

ADC2

ADS5542,

The ADCs alternatively acquire the s 1mulu ignal applied to the DUT and the DUT response, as
shown in Fig. 6. The two digitally reco struw stgnals DUT and STIM can be represented by

Spur(t) = A|Tpyr| cos(2mfot + Dc1(t)¢sw(t) + Gapc2 () (1 = dsw (1))] (3)
Ssrim(t) = A COS(Zﬂf ‘w(t)(lbsw(t) + Gapc1 (O (1 — Psw ()] (4)

where ¢y (t) 1S squa wave (0 to 1) with a duty cycle of 50% and period Tsw as shown in Fig.
7(a). Gapci(t)Aand (t) are the gains of the two ADCs at the time t. For simplicity, it is assumed gpur
=0 and ar neg ted the noise of DAC, analog stages and quantization.

s
U

NI

10


http://dx.doi.org/10.1063/1.4996423

! I P | This manuscript was accepted by Rev. Sci.Instrum. Click here to see the version of record.

a) bsw () 1— s (0)
Publishing
. tm,
b) Flpsw(®)] c) Fl1—osw(D]
R : 2 L
Dol w w oo {7
o e 0 ) f 0 o 3?/
1 _]-L L 1
_]; 3 3 ;

j c \
d)  FlGapc1(®)] e)  FlGapc(®] 5
i
For 0 Seu !

Ses fc*“‘h\
FIG. 7. Spectra of DUT and STIM signals after reconstruction{in the disita omain for different f; and fsw.

G

and-quadrature by the lock-in amplifier. The in-

N

These reconstructed signals are demodulated in pha

phase component obtained by a multiplication with the reference signal cos(2mfot) is:

i‘\
A
Sput,demod = > |TDUT|[GAD6‘1 (1) SWXQ Gapc (t)(l - ¢5W(t))]

(5
A
+ 5 | Tpurl [GA@) + Gapc (t)(l - ¢sw(t))]C05(2”2f0t)
A ‘)
SsTiM,demod = 7 AD%‘Q w(t) + Gapca (t)(l - ¢sw(t))]
/ 4 (6)
/\_\ c2()bsw (t) + Gapes (t)(l — ¢SW(t))]COS(27T2fOt)

These two si nal; canybe studied performing the Fourier transform and exploiting the convolution
theorem. Althou Ez{s 5 and 6 are characterized by two terms, it is useful to start taking into account

only the first one)while the second one, multiplied by cos(2m2fot), will be treated successively:
ﬁ

)
ﬁ&gur, od,I-term (t)}
o A

(7
=35 | Tpyr| X {F[Gapci(®)] * FlPsw (0] + FlGapc2 (0] * F[1 — s (O3

11
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M,demod,I-term (t)}
Publishing A (8)
=5 X {F[Gapc2 ()] * Flpsw ()] + FGapc1(£)] * F[1 — psy ()]}

To compute the Fourier transform of the two signals (Egs. 7 and 8), it is useful to compute and
represent the Fourier transform of their various terms. The Fourier transfo of the square wave signals
¢sw (t) and 1 — ¢gy,(t) are described by a series of Dirac delta fu 0, +fsw, +3fsw, etc., as
represented in Figures 7(b) and (c). Although the Fourier transform sho u%e represented by the real and
imaginary part separately, for simplicity in Fig. 7 the real and 1 arts are combined in a single
graph. The Fourier transform of Gapci(t) and Gapca(t) are sketc aﬁnﬁigs 7(d, e) and are characterized
by a 1/f noise which becomes negligible starting from a fre u;cy efined fc«, while their white noise is
neglected. In Fig. 7 the Fourier transforms of GADCI nd Gapez.are qualitatively sketched with their

spectral power density. The analysis uses the Fourier ttan rm‘ahlch has the important feature of keeping
the phase information, unlike the power spectral %

F[Spur,demod,i-t

AT,
Ww\ — [1/2Gapci(f) +1/2 Gapc2(N)]

ll
1\
1\

\

— [=Gapcr (f
= fow) + GADCZ (f = fsw)l

A
2 [1/2 Gaper (f) +1/2 Gapc2 ()]

Tof —Bw +BW \fw,'; , f
J \virag
% [=Gapci(f + fsw) ‘u’ EE[GADCd(f_fSW)
+

Gapc2(f + fsw)] = Gapc2(f — fsw)]

\

FIG. 8. Sp ctra obtai frorn the sum and convolution of the various terms of Eqs. 7 and 8. The continuous lines and the
re the mponents produced by Gapci and Gapc, respectively. For graphical clarity, the successive harmonics
at +3fsfy, #5fsw,elc. are not depicted.

N

Fig:“8-the spectra obtained from the sum and convolution of the various terms are shown. In DC,

~
both\the signals of interest, A|Tpyr|/2 and A/2 from the demodulated signals DUT and STIM
respectively, are multiplied by the same factor [Gapc1 (f) + Gapc2(f)]/2. This confirm the intuitive idea

that the two signals experience an equivalent mean gain given by the mean of the two ADCs gain. Instead,

12
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PubliglRifago of the two signals would be dependent on the converter gains. In order to make the ratio operation
effective in canceling the effect of Gapci(t) and Gabpca(t), it is necessary to filter the harmonics including
their tails. This can be done by the low-pass filter already implemented in the LIA. Given a certain filtering

bandwidth BW, the fsw should be selected in order to make the harmonics (and tails) stay out of the
bandwidth BW of the low-pass filter, that is:

>
fsw > foo + BW \ 9)
=

If this condition is satisfied, it is possible to write the si@gh utput of the low-pass filters as:

&r@ LPF
GLPF ) = |TDUT| )“BG DCZ(t)

DUT demod,I—term (10)
\
A i@{”@ ) 1y
and performing the ratio betwe@b{ als:
S?Iéj’qemod,l—term () = [Tpyr (12)

M,demod,|-term (t)

V.
obtaining a me s(re\e{o he DUT independent of the two ADCs gain fluctuations.

V.

SDUTdemod 11— term IJOW pass filter

S A PN

onics in the demodulated signal due to the term multiplied by cos(2mfit) of Eq. 5. The harmonics must fall
0uts1d he measurement bandwidth +BW set by the low-pass filter. The same spectral distribution is expected for the
demodulated stimulus signal Ssriv,demod-

13
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AI f the second term of Eqgs. 5 and 6 is considered, others harmonics appear, in particular at the

Publigli0&icies 215, 2/ + fw, 2/0 + 3fsw, ..., —2fo, —2fo % fow, —2f0 + 3fsw, ..., as shown in Fig. 9 where the
modulus of the Fourier transform is represented. Also in this case it is important that the harmonics with
their tails do not fall into the bandwidth of interest between £BW. Looking at the bilateral spectrum of

Fig. 9, to avoid harmonics in bandwidth +BW it is necessary to satisfy this condition:

BW < 2fy, — (1 + 2K) fow — fon Q\ (13)
or this other condition: \

Q‘*
2fo — (1 + 2k) fow + for < —%3 (14)

for each natural number k. These conditions are %&% h;)considering the components produced by
the 2fo term (red harmonics in Fig. 9). The harmgni om —2fo (in blue) are specular and give the same

conditions. In summary, the fsw has to satisf nditions:

/

Ty

> + BW

*

2fo + feu t+ 2fo = fes = BW (15)

fsw > 11 T fow <

1+ 2k

In addition to these co

switches commutatic:g the ADCs inputs a feedthrough signal at fsw which would fall into

the modulated signa for fsw = fo.

wi
In some prac@ese conditions are considerably simplified. High resolution measurements

commonly re ire/ a ow bandwidth BW in order to reduce the noise of the analog stages. By assuming
BW much,smal thad fi+, the conditions are simplified into:

R 5 fsw > fe
fsw # fo (16)

S ~ 1+ 2k fsw # 2fo

The last two conditions must be satisfied with a certain margin given the performed approximations.

14
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A. Enhanced-LIA realization
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A N

An Enhanced-LIA instrument (ELIA) based on the switched ratiometric technique has been
implemented and fully characterized. The prototype, shown in Fig. 10, comprises a generation channel,
two identical acquisition channels and is controlled by a Xilinx Spartan 6 FRGA mounted on a commercial
module XEM6010 by Opal Kelly connected to the board, which also pr; v"rdjs an'yJSB interface to the PC
running a graphical user interface for setting parameters and disp]qixéignals. The switching of the

S

ingle-pole double throw switches

signal at the input of the ADCs is implemented using fast C

(ADG752 by Analog Devices). Random and uncorrelated flu tua s of‘the on resistance of the switches

change the voltage divider between the switch resistance and'the ﬁnitj: input resistance of the ADCs (about
6.6 kQ in our case), limiting the stability of the meas(re"ment.
2

. Of.__)“he detailed board design is described

switches to reduce these fluctuations by a factor
elsewhere!’. \\

have chosen low resistance (15 Q)

FIG. 10. Pigturé of the'realized instrument prototype (board size 16 x 13 cm) featuring a Xilinx Spartan 6 FPGA.

= N/
In thise%:?h the effectiveness of the switched ratiometric technique is demonstrated by showing an
ﬁ
enha% of the resolution limit of the LIA by more than an order of magnitude (from 9 to 0.6 ppm)
ut

'fh% nSring a calibrated reference signal.
~
B. Assessment of the ELIA Resolution

15
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AI po verify the effectiveness of the switched ratiometric technique, a sinusoidal signal of 1 V at a

Publighicy of 1 MHz has been generated and applied to the input of ELIA through a resistive voltage
divider as shown in Fig. 11(a). In the first experiment reported in Fig. 11(b), the DUT and STIM signals
have been acquired with a specific ADC without switching the signals. The demodulated signals are
normalized and the fluctuations appear of the same amplitude but not correlated limiting the resolution to
about 9 ppm rms. Although the DAC fluctuations are shared by the two Si%‘( s, the ones of the two ADCs
are indeed uncorrelated, making a simple ratiometric approach ineffe iv{&qabling the switches to

signals are clearly correlated (Fig.11(c)). Thus, they can be

perform the proposed switched ratiometric technique, the fluctuations of the reconstructed DUT and STIM
&e uced by means of a ratio

operation, obtaining a residual uncertainty of 0.7 ppm in this case eb);ﬁﬂd)). Given the obtained results
and the fact that the DUT and STIM signals are of different amph"tu e (0.5 and 1 V respectively), the
demodulated output fluctuations cannot be related to an @itive

N

-

1se, but necessarily to gain fluctuations

confirming the analysis in section II.

//

a) 1kQ Vour ELIA 1 b) ADCs switches disabled
\I'|\ 1.00002 1
ADCs Tg
switches 2 1.00000¢
1kQ 8
% 0.99998
VN £ —— DUT signal (0.5 V)
= 1 Y e 2 0.99996 ——— STIM signal (1V)
. 0 10 20 30 40 50
Time [s]
C) d) Ratio with enabled switches
1.00002 1.00002} 1
T T
5 5
2 1.00000f 2 1.00000f
§ § 0.7 ppm
= 0.9992 5 0-99998| ELIA
g —— DUT signal (0.5 V) g
Z 0 996\ —— STIM signal (1 V) = 0.99996 1
) o 20 30 40 50 0 10 20 30 40 50
— / Time [s] Time [s]

onstr%ion of the technique effectiveness in making the DUT and STIM signals experience the same gain
fluctuations in“erder to allow their cancellation by means of a simple ratio: (a) test setup, processed signals when (b) the
s are disgbled (standard LIA operation) and (c) the switching is enabled (enhanced mode). (d) output of the instrument

evaluate the ELIA performance, Fig. 12(b) shows the tracking of a time-varying resistance of 250
Q periodically changed (period of 10 s) of AR = 1.25 mQ, i.e. 5 ppm. The signal amplitude applied to the
time-varying resistance is 300 mV (Fig. 12(a)), the signal frequency is 3.2 kHz and the filtering bandwidth

16
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AIOPH . The measurement has been performed in three different conditions: 1) using the commercial

Publigiing by Zurich Instruments; ii) using ELIA instrument as a standard lock-in amplifier (i.e. only
measuring the DUT signal with a single acquisition channel); iii) using ELIA with fsw set to 1 kHz and
performing the ratiometric technique. The resolution improvement of more than one order of magnitude,

from 9 ppm to 0.6 ppm, given by the switched ratiometric technique, allows a clear detection of the tiny

as reported in Fig. 12(b).

a) b) /6)\

(5 ppm) resistance modulation, which is completely masked by noise in {%LIA implementations,

S - T i T T
3 — i~ 1N S e |
g_ ELIA (ngpm) pp T N A, —— ELIA single channel
1kQ > TR AT g N 1, ELIA
vV Sl W f = N ™
ouT ° 2 10,0
5 i i x60] Mgy
L I 0]
c Vi | B f h o g
(7] v ©
o i 48 MQ e I I3 10 [
g 2 fiterBW = 1tz & v
<~ TIr N ; i 4
?  T1=10s [LIA] £ i " i
= 5 \ - Z o1
= z iiralibedivafiall.. ,
0 10 20 30 404 50..60 70 80 90 100 10m  100m 1 10 100 1K
TimG:f\\ Frequency [Hz]

FIG. 12. Comparison of performance between sta&?ﬁ{iIA implementations and the switched ratiometric ELIA instrument.

Thanks to the better performance of the latter, 5 ppm variations produced by the experimental setup in (a) are measurable
(b). The improvement is also apparent in the uency domain as shown in (c). The spectra are obtained by setting the
a swit

bandwidth of the LIAs at 650 Hz and by % ing frequency of fs = 2 kHz.
nois

Fig. 12(c) shows the measuted spectra at the LIAs output in the same three experimental
conditions. To obtain noisg'sp ::Bing up to about one kHz, the LIAs frequency has been increased at
100 kHz, the filtering

at’650 Hz, the switches frequency has been selected to fsw = 2 kHz and the
ance has been disabled. The spectra clarify that the performance

modulation of the B%‘s
improvement givén %the switched ratiometric technique is due to a substantial reduction of the 1/f noise

affecting standard /im mentations. Moreover, the noise spectra show that the technique reduces the noise
in the full measured bandwidth 0-1 kHz.

C. 1 d'é-bers ce from the Amplitude and Phase of DUT and STIM Signals

ifferently from a differential technique that requires a precise matching between the signal path and

~
the reference path, the effectiveness of the switched ratiometric technique is in principle insensitive to the
phase and amplitude relationship between the DUT and STIM signals. In order to experimentally prove

it, the instrument has been tested with an R-RC network. Fig. 13(a) shows the measured transfer function

17
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ALR@ tested network, characterized by a change of a factor 5 of the amplitude and of 45° of the phase

Publighing spect to the STIM signal. In Fig. 13(b) is shown the measurement resolution at every specific

frequency. Sub-ppm performance (<1 ppm) has been achieved up to about 5 MHz, demonstrating an

operation insensitive to the signal phase and amplitude.

a) @ oy b -~ = Zurich Inst. HF2LI
) o 0 10 g )g' 1k LV ‘\' = ELIA single Channel
E N 110 g 5 100 /"‘:) - I\ EUA
© 6L | = = B, T T i
2 6 T —— TF module | 1720 o § 10l..4 :
5-12%4 Tthase ‘ 7_30 g- % --\ " W E W w L [ FEL BB B G i HE
e [ [ 140 3 1-7‘:1..*\_ eaeee e
5 2 R, S .
100 1k 10k 100k ™ 10M &) - 10k 100k ™ 10M
Frequency [HZz] - Frequency [HZ]
FIG. 13. Measured transfer function (a) of a complex impedance netwo usedSo assess the effect of amplitude and phase
changes of the DUT signal. The resolution is below 1 ppm up to about 5 MHz«ndependently of the DUT signal changes with
respect to the STIM one (b). ‘)

The performance degradation observed for Knme hlgher than 5 MHz can be explained by the
creased by 2% due to anti-aliasing filtering and is

channel transfer function (Fig. 14). At 6 M
starting to rapidly decrease. The capacitor: e antl aliasing filters become increasingly important

in defining the transfer function. Theyic%cﬁized by a poor thermal coefficient of 30 ppm/K, thus
0

possibly decreasing the resolution performa bout 3 ppm at 10 MHz) due to gain fluctuations induced

by temperature variations.

—— DUT channel \
—— STIM channel
\ \
I I
100k ™ 10M
£ Frequency [Hz]

o F 14. Detail of the measured transfer functions of both DUT and STIM channels.

—
e inselssitlvity of the ELIA instrument to the amplitude and phase of the DUT signal with respect

to, the S ignal, allows it to operate as a standard LIA, which does not require calibration steps at any

new xpe\rlment or measurement frequency change, as happen with a differential approach.

D. Resolution and Switching Frequency

18
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AI gm sistently with the discussion in the section III-C, a relation between the switches frequency fsw

Publighi® instrument resolution has been experimentally observed. Figure 15(a) shows the noise spectrum
obtained with the ELIA instrument operated using a single channel (the DUT channel) as in standard LIA
implementations. The stimulus frequency has been set to 500 kHz and the instrument output directly
connected to the input. The obtained 1/f noise corner frequency fc is about 1 kHz. Figure 15(b) shows the
resolution obtained enabling the switched ratiometric technique and Varyik/ sw. The filtering bandwidth
was 1 Hz and each measurement was 100 s long. With a switching eq;%\greater than 1 kHz the
resolution flats on sub-ppm values. On the contrary, by lowering fswi the resolution gets worse due to the

overlapping with the side harmonics 1/f noise as discussed in sec

i rnSI— «The time domain interpretation
is that a significant gain fluctuation occurs during the switc il;lg iod, thus the ADC gain experienced

by the DUT and STIM signals is different. 3

-
o

Noise spectral density [ppm/\VHz]

Lo

'
lp

]

\i\{ |

10 100 ﬂ!\ 10k 1 10 100 1K 10k

Freque cv‘Ws\ Switching frequency [Hz]
b)

FIG. 15. a) Measured n(;?a e ofitput ofithe instrument without the switching ratiometric technique. A noise corner of . =

f |
Resolutio

©
-

N

1 kHz is measured. B) Redoluti deppﬁdence on the switching frequency in the case of BW = 1 Hz. To achieve the best
performance the conditi W W (Eq. 15) needs to be satisfied.

The effect of the'switching frequency has been further investigated by making a sweep of the switching
frequency fsw o 329 zto 1.1 kHz at a fixed lock-in frequency of fo = 990 Hz and a filtering bandwidth

BW =1 ZT\Fi rev16 shows the resolution measured as a function of the switching frequency. As

predigted in HI-CS in this frequency range, the measurement resolution gets worse for fsw = fo, fsw = 2/3fo
and fsw ~ 2/3/‘0. The greater worsening happens at fsw = fo due to the feedthrough signal given by the
s 'h'y&ommutations at the signal frequency fo. The best resolution is obtained by shifting the switching
frequéncy away from the cases fsw = 2fo/(1+2k) of only = 20 Hz. A slower recovery has been observed
around fsw = fo, requiring a frequency shift of about 100 Hz. The results demonstrate that a suitable

switching frequency is easily found also around these critical signal frequencies.
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Publishing " ———— 7o = 990 1z
25 : - ‘ ELIAJ : : .
E 20l 2, 2 .:
? s :fsw =gl tfsw =3fo |‘ fow = fo ‘ :
g ! . e '
il ' N
= ° ., oA -l"'} 1k ( D
nnnFhnn [] | I B
0 ' : - .

300.0 400.0 500.0 600.0 700.0 800.0 900.0 1.0k4{ 1.1k )12k\

Switching frequency [Hz]
FIG. 16. Measured resolution as a function of the switching frequency. T e)%{en y is constant at f, = 990 Hz.

T~

™
V. CONCLUSIONS &5

The best measurement resolution achievable usi lgtk-in‘anpliﬁers is limited by an underestimated
1/fnoise in the demodulated signal proportional to‘Qe\siiq

is limited by such noise and cannot be improyed owing the filtering bandwidth, because the noise is

to be measured. The measurement resolution

1/f, neither increasing the signal amplitude, because the noise is proportional to the signal, thus posing a
fundamental limit. S —~

The source of the 1/f noise limiting solution has been identified in the effect of gain fluctuations
of various elements of the generatio Muisition chain. In particular, the gain fluctuations are added

by the digital-to-analog and a

alog-to-digital converters.
A differential approachae m effects of the gain fluctuations, enabling the measurement of small
variations. However, 1 uifes }1 design of a reference path matched to the signal path for all the
experimental conditiz)% r to simplify the experimental setup and avoid a calibration step of the
ont

ADC:s alternately acquiring the signal coming from the Device Under Test

reference, a LIA Q

(DUT) and th stir/nu (STIM) signal, has been conceived and implemented. This enhanced-LIA allows
the compensation.of tht slow gain fluctuations of both DAC and ADC, considerably reducing their effect
on the me urem&)nts. Experimental results demonstrate the effectiveness of the technique, improving the

solution limit by a factor 15, from 9 to 0.6 ppm. Such a resolution value is considerably

. _— .
nst mentat§
tter than the examined state-of-the-art LIA standard implementations working up to similar frequencies,

as }rn\'m Table 1.

The technique does not require additional external elements or accurate case-by-case calibrations, two

typical constraints of the alternative differential technique. Instead, it only requires choosing the switching
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AIﬁBer cy few hundred of Hz away from the signal frequency, a condition easily implemented in the

Publighié e of the instrument.
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