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A high-performance digital lock-in amplifier implemented in a low-cost digital signal processor
sDSPd board is described. This lock in is capable of measuring simultaneously multiple frequencies
that change in time as frequency sweepsschirpsd. The used 32-bit DSP has enough computing power
to generateN=3 simultaneous reference signals and accurately measure theN=3 responses,
operating as three lock ins connected in parallel to a linear system. The lock in stores the measured
values in memory until they are downloaded to the a personal computersPCd. The lock in works in
stand-alone mode and can be programmed and configured through the PC serial port.
Downsampling and multiple filter stages were used in order to obtain a sharp roll off and a long time
constant in the filters. This makes measurements possible in presence of high-noise levels. Before
each measurement, the lock in performs an autocalibration that measures the frequency response of
analog output and input circuitry in order to compensate for the departure from ideal operation.
Improvements from previous lock-in implementations allow measuring the frequency response of a
system in a short time. Furthermore, the proposed implementation can measure how the frequency
response changes with time, a characteristic that is very important in our biotechnological
application. The number of simultaneous components that the lock in can generate and measure can
be extended, without reprogramming, by only using other DSPs of the same family that are code
compatible and work at higher clock frequencies. ©2005 American Institute of Physics.
fDOI: 10.1063/1.1854196g

I. INTRODUCTION

A lock-in amplifier is a commonly used instrument for
measuring low-level periodic signals in the presence of
noise. It works as a very narrow-band filter that measures,
ideally, only one Fourier component of the system response.
Also ideally, the measurement is not affected by any other
frequency. The lock in works synchronously with a reference
signal and measures the phase and magnitude changes when
the reference signal is passed through an unknown linear
system.

At first, lock-in amplifiers were made using analog elec-
tronics, which had very good performance for most of the
applications. However, fast growing digital electronic tech-
nology made possible the implementation of digital lock ins,
which have better performance than the analog lock ins in
certain aspects, and extends their field of application. Com-
mercial digital lock ins have been available in the market,1,2

since a few years ago, and most of them use devices known
as digital signal processorssDSPsd. DSPs are microproces-
sors designed to efficiently compute a large number of math-
ematical operations per second. This and other characteristics
make them a very convenient option for processing signals
digitally.3

Implementations of digital lock in amplifiers have been
previously reported. They include designs with discrete elec-
tronic devices,4 standard computers,5–7 a general-purpose
microprocessor,8 and a DSP board.9 However, none of them
consider systems whereXR andXC sreal and imaginary parts
of the electrical impedance, respectivelyd can change with
frequency and time. In order to characterize these types of
systems, a lock in capable of measuring multiple frequency
sweeps simultaneously is presented in this work.

Our need for designing and implementing a lock-in am-
plifier arose from a biological application.10–13 We need to
measure the electrical impedance of a group of growing
cells. We apply an excitation that consists of a very small ac
current f<1 mA root-mean squaresrmsdg flowing through
the cells. We measure the in-phase and in-quadrature voltage
drop across the cells as a function of frequency and time.
Thus, with different ac frequencies, we can obtain the fre-
quency response of the cells and compute the system param-
eters using a mathematical model.10

More specifically, we need a lock in capable of measur-
ing the in-phase and in-quadrature signals as the frequency
of the excitation changes. We call this instrument a multifre-
quency lock-in amplifier.

As the cells grow their electrical impedance changes
with time, and this change has to be measured as well. Using
a standard lock-in amplifier, we measured the response to
different frequencies by programming the function generator
that provides the reference. Using a standard lock in, the
reference frequency can be changed too slowly for our pur-
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poses. A measurement of the whole frequency range
s20 Hz to 20 kHzd takes an unacceptably long time.

The implementation of our digital lock-in amplifier al-
lowed us to add some improvements that are important for
our experiment and may be useful for other experiments.
These improvements include the capability of measuring
multiple simultaneous frequenciessthe system is considered
lineard that can change in time as sweeps. Then, we are able
to obtain the frequency response of the system as a continu-
ous function with a measurement that takes a short time.

The article is organized as follows. First, a brief descrip-
tion of the basic theory of lock-in amplifiers is given. Then,
a description of how the proposed lock in works and how it
was implemented is presented. Finally, some representative
experimental results, that validate the advantages of using
this lock in instead of using a standard one, are given.

II. HOW A LOCK IN AMPLIFIER WORKS

The theory of lock-in amplifiers is well known and is
explained in other works.8,9 Here, we give a brief introduc-
tion to the basic principles.

A basic lock-in amplifier consists of a reference signal,
an amplifier, a phase sensitive detectorsPSDd, and a low-
pass filter. The reference signal is passed through an un-
known system that produces a modification of the signal
phase and magnitude. The system also adds noise to the sig-
nal. This signal is amplified to a level adequate for the PSD,
which multiplies it by the internal reference. The result of
this product is the sum of a component with the double fre-
quency, a component of zero frequencysdc signald, and the
noise that was added in the system. Filtering the ac frequen-
cies and only keeping the dc component, the level of the
signal that has exactly the same frequency and phase as the
reference signal can be measured.

If the input signal is multiplied by a sinusoid that is in
quadratures90° shiftedd with the reference, the signal level
that is in quadrature can be measured. With both measure-
mentssin-phase and in-quadratured, the magnitude and phase
of the measured signal with respect to the reference can be
computed.

Since the low-pass filter is not ideal, the filter passes a
narrow bandwidth of noise that negatively affects the mea-
surements. In order to reduce noise, it is convenient to have
very low cut-off frequencies in the low-pass filters. However,
these low cut-off frequencies represent large time constants
that make the response of the lock in too slow. A convenient
trade-off between noise level and measurement speed must
be found for each experiment.

III. HOW THIS LOCK IN WORKS

This lock-in implementation works asN standard lock
ins connected in parallel, whereN depends on the DSP com-
puting power, and is equal to 3 for this particular implemen-
tation. The lock in generatesN independent references with
programmable frequencies. Each reference has a frequency
that changes logarithmically with time while the measured
values are stored in memory. In spite of working asN lock
ins, this lock in uses a single analog channel for the output

references and a single analog input channel for measuring
the resulting signals. Thus, a system can be characterized
using theN components simultaneously. This reduces the
total measurement time.

The capability of making a sweep of the reference fre-
quency makes possible the measurement of the frequency
response as a continuous function, instead of for only a few
discrete Fourier components. However, there is a limit on the
frequency rate of change that depends on the system fre-
quency response and the time constant of the low-pass filter
at the lock-in output.

If the unknown system has a frequency response with a
sharp roll off, then the output of the lock in will have to
change rapidlysthe sharper the roll off, the more rapid the
changed. In the case of too large time constants, the low-pass
filter will attenuate this change, producing measurement er-
rors. So, the user will have to reduce either the time constant
of the filtersswith the consequence that the lock in will not
behave as a narrow bandwidth filterd or the sweep ratesin-
creasing the total measurement timed. Usually, users choose a
trade off between both.

In a standard lock in, the sweep rate limitation depends
mainly on the time constant of its phased locked loopsPLLd
at the reference input, which is usually slow. This is one of
the advantages of the presented lock in compared to a com-
mercial one.

Another feature of the proposed lock in is the capability
to autocalibrate itself before making each measurement. This
means that it automatically measures the frequency response
of the analog circuitry in the working spectrum of frequency.
Thus, the phase and magnitude distortion can be taken into
account and compensated for the characterization of the un-
known system. This distortion is produced by the amplifiers,
the antialiasing and the smoothing filters of the audio codec.
They do not have a flat response in the pass-band frequencies
for the range of interest.

The calibration is performed making a measurement
with the output reference of the lock in connected directly to
the input. Thus, any magnitude or phase distortion is attrib-
uted to the analog circuits of the codec, and can be elimi-
nated by making a division of the measured frequency re-
sponse of the unknown system and the known frequency
response of the lock-in circuits. After making this calibra-
tion, the lock in switches a relay to connect the input to the
unknown system, and then starts the measurements. A block
diagram of this procedure is shown in Fig. 1. Mathemati-
cally:

YCssd = Xssd 3 H1ssd ⇒ H1ssd =
YCssd
Xssd

s1d

for the calibration process, and

YMssd = Xssd 3 H1ssd 3 H2ssd

⇒ H2ssd =
YMssd

Xssd 3 H1ssd

=
YMssd 3 Xssd
Xssd 3 YCssd

=
YMssd
YCssd

s2d

for each measurement, whereXssd is the input signal,H1ssd
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is the transfer function of the codec,H2ssd is the transfer
function of the unknown system, andYssd is the output sig-
nal that is measured by the DSP.

All of the parameters of the lock in, such as the rate of
change of the frequency sweep, its frequency limits, the
number of measurements to store in memory, and the filters’
time constant, are programmed through a personal computer
sPCd to fit the specific requirements of the experiment.

IV. IMPLEMENTATION

For the implementation of the multifrequency lock-in
amplifier, we used a low-cost DSP board from Analog De-
vices sSHARC DSP EZ-KIT Lited. It has a 32-bit floating
point DSP running at 40 MHzsADSP-21061d with 1 Mbit of
on-chip memoryfstatic random access memorysRAMdg, and
boots through a nonvolatile memoryserasable-programmable
read only memoryd, where the lock-in program resides. It
also has a stereo audio codec with the following on-chip
features:

sad Two 16-bit ADCs and two 16-bit DACs, with a maxi-
mum sample rate of 48 kilosamples per secondskspsd,

sbd Programmable gain amplifiers and antialiasing filters
for the inputs,

scd Smoothing filters and programmable attenuators for the
outputs, and

sdd A dynamic range of 70 dB and a total harmonic distor-
tion plus noisesTHD+Nd of 0.04%.

These characteristics make this codec suitable for our range
of frequencies and required resolution. External analog-to-
digital converterssADCsd and digital-to-analog converters
sDACsd with their associated electronicsse.g., antialiasing
and smoothing filtersd can be connected to the DSP to extend
the resolution and the frequency range of the lock in.

Once the codec converts to digital, each samplesevery
1/ fs sd generates an interrupt that runs a subroutine with the
necessary computations for theN parallel lock ins. For each
lock in, the DSP performs the following operations:

sad Generates the reference signals in phase and in quadra-
ture ssine and cosined,

sbd Multiplies the input signal with these two references,
scd Filters the ac components of the calculated products

using a low-pass filter with a low value of cut-off fre-
quency, and

sdd Stores the values of the resulting dc signal which con-
stitutes the output measurement.

A schematic block diagram of the lock in is shown in Fig. 2.
The reference signals are generated internally by the

DSP with 32-bit of accuracy, using direct digital synthesis
sDDSd.14 This technique is used in almost all commercial
digital signal generators and digital modulators, and has the
advantages of requiring a short computing time and produc-
ing a sinusoidal wave form that is very stable and precise in
frequency and amplitude.

For the DDS, we use a 32-bit counter that
increments—at fixed time intervals—an amount that depends
on the desired wave frequency. This counter is used as the
index of a table that has the values of a complete sine cycle.

FIG. 1. Block diagram for the calibration and measurement procedure. The
determination of the code transfer function is performed using configuration
sad. In sbd, the configuration to measure the system transfer function is
shown.

FIG. 2. Schematic block diagram for the DSP-based lock-in amplifier. The dotted-line shows the operations performed by the DSP.
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Because we cannot use a table of 232 valuessthis table would
be much larger than the available memoryd, we only use a
64-element table and linearly interpolate the intermediate
values. This produces a wave form that is almost free of
harmonics and distortionswith 64 elements, we have numeri-
cally computed a THD+N of less than −150 dBd.

We chose a wave table instead of a digital oscillator
because we want to vary the reference frequency with time.
A digital oscillator is simpler, but not as flexible as the wave-
table implementation. Using a wave table, in order to change
the sine wave frequency, we just need to change the incre-
ment of the countersa few instructionsd. Using a digital os-
cillator, we need to recompute the coefficientssmany more
instructionsd for each desired frequency.

The values of theN references are calculated, added, and
then converted to a single analog signal using the audio co-
dec that is included in the DSP board. In the analog domain,
a standard low-noise operational amplifiersTL071d is used
as a current buffer to provide low output impedance. A mul-
titurn potentiometer is used as an attenuator to adjust the
signal level injected to the experiment.

Once the reference signalscomposed ofN=3 added sine
wavesd is passed through the system, it is amplified using a
single-chip low-noise instrumentation amplifiersAD621d.
This amplifier has a programmable gain of 10 or 100. We use
potentiometer to attenuate and adjust the signal level to the
input range of the codec. The ADC converts this measured
signal to a digital value that is used in the processing routine.
A schematic diagram is shown in Fig. 3.

In order to obtain a good ac coupling and eliminate the
offset of the analog circuits and the ADC, the input signal is
ac coupled with a digital resistance/capacitancesRCd net-
work. This network is a first-order high-pass filter with a
cut-off frequency of 0.1 Hz, which almost completely elimi-
nates the dc component of the signal. For the internal in-
phase reference, we use the already computed sine value, and
for the in-quadrature reference, we use the same table with a
shift in the index value that corresponds to 90°s64/4=16
elementsd. The multiplication is the simplest part of the al-
gorithm: We use the processor’s multiplication instruction
that is computed in only one clock cycle. For the low pass
filtering, we implemented a recursive filtersalso called an
infinite impulse response, or IIRd whose coefficients are cal-
culated and can be modified by the PC. A recursive filter is
computed with the following difference equation:

yfng = a0 3 xfng + a1 3 xfn − 1g + a2 3 xfn − 2g + . . .

+ b1 3 yfn − 1g + b2 3 yfn − 2g + . . . . s3d

This equation consists of products and additions. These op-
erations represent a low computational load for the DSP be-
cause it can compute them in parallel. For example, a two-
pole IIR filter is performed in 10 cycles or 0.25ms
@40 MHz.

The problem with using a recursive filter with a very low
sor very highd cut-off frequency is that the “a” coefficients
become too small compared to the “b” coefficients. When
computing the filter, the finite word length produces a high
truncation error that affects the filter performance and can
make it unstable. Furthermore, the use of high-order filters
also produces this difference in the magnitude of the coeffi-
cients. Some typical limit values of the cut-off frequency
divided by the sampling frequency when using single preci-
sion s32 bitsd are shown in Table I.15 If we use a low-pass
filter of eighth order, we will be limited to a cut-off fre-
quency ratio of 0.05, which is 2400 Hz at a sample rate of
48 000 Hz.

In order to increase the number of poles without affect-
ing the filter performance, multiple two-pole filters can be
arranged in cascade configuration15 with the cut-off fre-
quency limit of a second-order filter. However, this is not a
complete solution of the problem because there still exists a
high minimum cut-off frequency limits480 Hz@48 kspsd.
One possible solution to this problem is to increment the
word length in order to reduce the quantization effects, as
described in other works.9

We implemented a different algorithm that has an arbi-
trary small low cut-off frequency and very sharp roll-off in
the frequency response, without degrading the filter perfor-
mance. This algorithm consists of three steps. First, we filter
the signal with a cascade configuration of two-pole filters.
After that, we reduce the sampling rate of the signalsthis is
called decimation or downsamplingd.16 And finally, we filter
the downsampled signal with a filter similar to the one used
in the first step. This filter has the restrictions shown in Table
I but the sampling frequency is much smaller now. There-
fore, the filter cut-off frequency is much smaller in Hz.

To reduce the sampling rate by an integer factorsLd, we
take everyLth sample as the new downsampled signal. We
must take into account that when reducing the sampling rate,
the maximum frequency present in the signal must be below
fs/2 sNyquist theoremd to avoid the aliasing effect. So the
high-frequency signals must be filtered before the downsam-
pling is carried out.

In the proposed lock-in, we implemented an eighth-order
Chebyshev low-pass filter in cascade configuration with a
relative cut-off frequency of 5/1000s240 Hz@48 kspsd.
Then, we reduced the sampling rate by a factor of 100scan

FIG. 3. Schematic diagram of the external circuit used to adequate the
signal level to the experiment. Both amplifiers are low noise. The relay is
controlled by a DSP digital output signal.

TABLE I. Minimum cut-off frequency ratio in recursive filters as a function
of the maximum number of poles using single precisionssee Ref. 15d.

Cut-off frequencysfc/ fsd 0.01 0.05 0.25 0.45 0.49
Maximum poles 2.0 6.0 20.0 6.0 2.0
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be configured by the userd to obtain a cut-off frequency of
2.4 Hz in the second filter, with a very sharp roll-offstheo-
retically −160 dB/decaded. A simplified block diagram of
this strategy is shown in Fig. 4.

In the DSP software, we used the IEEE extended preci-
sion data formatsfloating point, 40 bitd that allows comput-
ing and storing the intermediate results using 40-bit data
words. Thus, even though the filter coefficients are stored in
32-bit words, we could reachfc/ fs values of 0.005 with two-
pole filters in cascade.

The number of low-pass filters and downsampling stages
can be increased in order to obtain time constants of several
minutes or even more. The minimum cut-off frequency is
reduced quadratically with the number of stagesse.g., if we
reduce twice the sampling rate by 100, we reduce the mini-
mum frequency by 10 000d. However, as in a conventional
lock in, a long time constant in the output filters produces a
slow time response and, consequently, it can not respond to
fast variations of the signal. So, the user must find a trade off
between the noise level and the measurement speed.

After filtering the signal, the processor stores, in the
memory, theX sin-phased and Y sin-quadratured values that
correspond to each frequency. The available memory allows
storing more than 10 000 measurements. Using the synchro-
nous serial port available in the board, we can connect low-
cost nonvolatile memories used as permanent storage devices
to save the measurements without a PC.

V. EXPERIMENTAL RESULTS

We chose a RC network to carry out the measurements
because it is a simple nontrivial system and has a frequency

response that varies enough in magnitude and phase. This
allows one evaluate the performance of the lock in in the
whole frequency range and amplitude level. For the follow-
ing measurements, the lock in first performs the above de-
scribed autocalibration and then measures the frequency re-
sponse of the system. Each reference component starts with
the minimum frequency, rises up to the maximum, and then
decreases to the minimum again, taking two measurements at
each frequency value. In these measurements, the three com-
ponentssN=3d have limits equally spaced logarithmically, as
shown in Table II. Each reference component takes 256 mea-
surements, giving 768s25633d values in the frequency
spectrum from 20 Hz to 20 kHz.

The values of the electronic components areR
=1980V for the resistor andC=0.177mF for the capacitor,
giving an RC constant of 350ms and a cut-off frequency of
455 Hz. However, these values depend on the temperature
and are different for each run we performed.

In Fig. 5, we show the Bode plotsmagnitude and phased
of the frequency response of the RC network. We fitted the
experimental results with the theoretical curve of an ideal RC
circuit. This curve fits very well and it is drawn below the
experimental points. The calculated error of the RC constant
is less than 0.1%. The good performance of the lock in in the
whole frequency spectrum is also evident. The difference
with the ideal curve at high frequencies can be attributed to
the resistive and inductive components of the capacitor.

The lock-in parameters used for making these measure-
ments were:

sad Filters time constant: 105 ms, and
sbd Sweep time: 20 s.

FIG. 4. Simplified block diagram of the algorithm used to reduce the cut-off
frequency of the low-pass filters. Both the low-pass filter and the downsam-
pling stage represent a low computational load to the DSP.

TABLE II. Frequency ranges for theN=3 frequency sweeps used in the
measurements presented.

Component
number

Minimum
frequencysHzd

Maximum
frequencysHzd

1 20 200
2 200 2000
3 2000 20 000

FIG. 5. Measured frequency response of the RC network and the ideal curve that fits this data. The calculated error in the RC constant is 0.1%.
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In order to minimize errors in measurements, the user has to
find a trade off between the filters’ time constantsreduces
noised and the frequency sweep speedsmakes the measure-
ment fasterd. With this time constant and the measured sys-
tem, we obtained accurate measurements with sweep times
of 20 s and more.

We made a similar measurement using a programmable
function generatorsHewlett Packard 33120Ad and a standard
lock-in amplifier sStanford Research Systems SR530d. The
minimum sweep time was approximately 150 s because of
the slow response of the PLL circuit in the lock-in reference
input.

The second plotsFig. 6d is the frequency response of the
same system with white noise added artificially. The noise
was generated by a digital function generatorsHP33120Ad.
We also show the ideal expected curve. The signal and the
noise were added using a low-noise operational amplifier, as
is described in Ref. 17. In this measurement, we chose the
following parameters:

sad Filters time constant: 416 ms, and
sbd Sweep time: 50 s.

The filter time constant is longer because of the higher-noise
level.

The signal level was 14 mV rms and the white-noise
level was 282 mV rms, representing a signal-to-noise ratio
sS/Nd of −26 dB. We note that the relative errorsthe plot is in
logarithmic scaled increases when the amplitude of the sys-
tem response is reduced at high frequenciesse.g., S/N
=−54 dB@10 kHzd. With this measurement, the calcu-
lated error in the RC constant is 0.5%. As in a standard
lock in, the influence of noise can be reduced by increas-
ing the time constant, but with the consequent need for
reducing the sweep speed as described above.

Figure 7 shows a measurement of the same system with
a time variation of the RC value. This variation is carried out
by changing the temperaturesfrom 15 °C to 70 °Cd of the
capacitor in a total time of 400 s. Each RC value of the plot
is calculated in the same way as described in the previous

plots swe obtain the frequency response and then fit it with
the RC ideal curved. In this figure, we show the flexibility of
our lock in to measure how the frequency response of a
system changes with time. The parameters used for these
measurements are:

sad Filters time constant: 41 ms, and
sbd Sweep time: 5 s.

This short time constant produces bigger errors in the mea-
surements but allows faster frequency sweeps. With these
measurements we verified that the proposed lock in works
correctly and the measurements are accurate and precise.

To conclude, we enumerate the characteristics of our
current lock-in implementation and the possible improve-
ments:

sad Range of frequencies: 20 Hz to 20 kHz. It can be ex-
tended using external ADCs and DACs.

sbd Number of simultaneous frequencies: 3. It can be ex-
tended to 12 or more using faster code-compatible
DSPsse.g., ADSP-21161d.

scd Maximum low-pass filters time constant: Our experi-
ment does not need very long time constants. The
maximum time constant is 416 ms. To achieve time
constants of several seconds or minutes, more low-pass
filters and downsampling stages can be added to the
output filter.

sdd Maximum number of measurements it can store in
RAM memory: More than 10 000, and a nonvolatile
memory can be connected to the serial port of the DSP.

We believe that the DSP-based lock-in amplifier described in
this article is an effective solution for applications where a
characterization of a linear system as a function of time and
frequency is required.
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