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INTRODUCTION
Lock-in amplifiers use phase-sensitive detection to
measure the presence of small signals buried in large
amounts of noise. By measuring the coherent system
response from an incoming AC signal, the digital lockin amplifier can detect even minute changes. Both
magnitude and phase can be used to characterize the
system.
Conventionally, lock-in amplifiers use complicated (and
expensive) analog circuitry to perform the phasesensitive detection and filtering. However, modern
Digital Signal Controllers (DSCs), such as the
dsPIC30F and dsPIC33F families, can be used to
remove large amounts of the analog circuitry by
performing the necessary operations in software. This
capability provides a number of additional benefits
including
increased
reliability,
resistance
to
temperature and aging effects, and the ease with which
the system can be modified in the field. By using the
built-in signal processing capabilities of the dsPIC33F,
it is possible to perform high-speed, high-accuracy
measurements on sensors such as strain gauges. The
same technique can be applied to other noisy systems
such as capacitive sensors or the measurement of
modulated light levels.
While the basic process is conceptually simple, there
are a number of possible ways of implementing it in a
microcontroller, and the implementation details are
frequently missing from existing published material.
This application note provides information on practical
ways in which a digital lock-in amplifier can be
implemented
in
software
using
the
dsPIC33FJ256GP710 on an Explorer 16 board. This
application note also considers a number of
performance enhancements that can dramatically
reduce the processing requirements. Source code is
provided that will execute on the Explorer 16 board
(see Appendix A: “Source Code”).

THEORY
A lock-in amplifier can measure small AC signals of
only a few nanoVolts even in the presence of noise
sources of much greater amplitude. They do this by
using a Phase Sensitive Detection (PSD) circuit that
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can discriminate a single frequency of interest by
comparing the incoming signal's phase and amplitude
to a reference signal. Signals from interfering sources
that do not have the same frequency and phase
relationship to the reference are rejected by the PSD.
To illustrate why this technique is useful, consider the
example of a 100 nV sine wave with a frequency of
40 kHz. It would be difficult to measure this signal
directly, so some amplification is necessary. Equation 1
shows the resulting output signal, assuming that the
amplifier has a gain of 1000.

EQUATION 1:
1000 × 100nV = 100μV
However, any amplifier adds noise to the signal. A good
circuit will add around 5nV ⁄ Hz .
Assuming the amplifier in this example has a
bandwidth of 200 kHz, the circuit will also add
broadband noise equal to that of Equation 2.

EQUATION 2:
5nV × 1000 × 200kHz = 2.2mV
In other words, after amplification, the noise level will
be 22 times the signal level at the desired frequency.
It is possible to precede the amplifier with a band pass
filter centered at 40 kHz. But even a very high quality
analog filter will only have a Q factor of 100.
Note:

Q, which is referred to as the quality factor,
is equal to the center frequency of a signal
divided by its bandwidth at the half power
point and describes how ‘tight’ a filter is.

Such a Q factor would still give a noise signal as shown
in Equation 3.

EQUATION 3:
5nV × 1000 × 40kHz ⁄ Q = 100μV
where Q = 100
This 100 µV signal is still difficult to measure relative to
the noise. However, because a Phase Sensitive
Detector can have a Q as high as 10,000, the noise
signal in our example could be reduced to only 10 µV,
making it possible to perform measurements on the
original signal.

DS01115A-page 1

AN1115
Phase Sensitive Detectors
Phase Sensitive Detectors are common signal
processing elements that are often used to demodulate
a signal’s frequency from its fixed-frequency carrier. If
two signals are multiplied together, basic physics
dictates that the result will be a signal consisting of the
sum and difference of the two original signals, as
expressed by the following derivation shown in
Equation 4.

EQUATION 4:
V output = V in cos 〈 ωt〉 × V ref cos ( ωt + θ )
where θ is the phase difference between the two
signals.
Based on this, Voutput is then equal to that of Equation 5.

EQUATION 5:
V output = V in Vref ( cos 2ωt cos θ – cos ωt sin ωt sin θ )
Vin V ref
= ------------------ ( cos θ + cos 2ωt cos θ – sin 2ωt sin θ )
2
Vin V ref
Vin V ref
= ------------------ cos θ + ------------------ cos ( 2ωt + θ )
2
2
If we call the second signal the reference and set it
equal to the frequency of interest, the output will be
proportional to the magnitude of the input signal and
the phase relationship between the input and the
reference. It will also be modulated at twice the
reference frequency.
By then passing the output signal through a low-pass
filter, the 2ωt signal can be removed, leaving the final
DC signal.
By adjusting the response of the low-pass filter, any
interfering signals with a varying phase relationship
and, consequently, any varying frequency, can be
removed from the final result. It is useful to consider the
basic operation of the analog lock-in amplifier before
moving on to a digital solution.

Analog Lock-In Amplifiers
The block diagram of a conventional analog lock-in
amplifier is shown in Figure 1. The system consists of
an input amplifier stage that amplifies the signal to a
suitable level for further manipulation, perhaps
performing an impedance conversion in the process. A
band-pass filter is then used to remove any signal
components that are either at the DC level or at
harmonics of the signal to be measured.

input signal is multiplied by a reference signal derived
from the system being measured. Since the reference
signal must maintain a fixed-phase relationship to the
input signal, it is often locked to the reference signal
using a Phase-Locked Loop (PLL).
A further refinement commonly found on commercial
devices is the dual channel function. In this case the
input is mixed with the reference, and is also mixed
with a 90 degree phase-shifted version of the
reference. This channel function has the useful
property that it is then quite simple to directly calculate
the magnitude of the input and its phase relationship
to the reference. These two separate channels are
normally called the In-Phase component and the
Quadrature component, or I and Q, respectively.
Finally, the output from the mixers is fed into low-pass
filters, which effectively remove any non-coherent
signals, leaving a final DC signal proportional to the
amplitude and phase of the input signal.
There are a number of problems with analog lock-in
amplifiers. For the highest accuracy, the reference
signal must have a very low harmonic content. In other
words, it must be a very pure sine wave since any
additional harmonic content will cause distortion at the
output. Analog sine wave generators can also suffer
from amplitude variations due to temperature drift.
Temperature drift and component tolerances
elsewhere in the system can cause further problems in
the analog system. Real world op amps have offsets
associated with them that need careful trimming to
prevent errors in the DC output.
Finally, any non-linearity in gain and phase will lead to
further errors in the final output. While these problems
are not insurmountable, the result is that analog lock-in
amplifiers tend to be expensive pieces of equipment
and are more often used if high-input bandwidths are
required.

FIGURE 1:
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The next stage is the Phase Sensitive Detector, also
known as a synchronous demodulator or mixer. This
circuit can take many forms, from a logarithmic
amplifier to dedicated four-quadrant multipliers. The
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Digital Lock-In Amplifiers
In the case of a digital lock-in amplifier, most of the
processing is performed in the digital domain using
software and dedicated Digital Signal Processing
(DSP) hardware. The basic block diagram for a digital
lock-in amplifier is shown in Figure 2. The system still
features a front-end amplifier; however, this is then
followed by an anti-aliasing filter to remove any signal
components higher than half the sampling frequency.
For a dsPIC® DSC-based solution, the sampling
would be performed in 12-bit resolution at up to 400
kHz, so the anti-aliasing filter needs to be set to
attenuate any signals above 200 kHz. In practice, the
filter may have a much narrower band than this, and
for a signal of interest at 25 kHz, the filter may be set
as low as 40 kHz.
The reference signal is generated internally or can be
derived from sampling an external signal. In the case of
internally generated signals, the individual sample
points of the reference signal can be calculated to a
high degree of accuracy, and therefore do not suffer
from the typical errors found in the analog Lock-In. The
reference signal is also phase-shifted by 90 degrees by
either a table lookup or simple mathematical
operations. Next, the reference and phase-shifted
reference values are multiplied directly by the DSP to
generate the intermediate I and Q signals. Finally,
these signals are passed through digital low-pass filters
to generate the final output values. Interestingly, it is
the digital low-pass filter stage that can cause the most
implementation problems for the software engineer.
The data being sampled is arriving at a high rate, and
even though the output filters could be operating at only
a few Hertz, the Finite Impulse Response (FIR) filters
typically used may require many thousands of taps.
The amount of RAM required for the implementation
can become prohibitively large and result in a costly
implementation. However, as is shown later, some
clever DSP techniques can be used which reduce
these requirements.
Once the input signal has been quantized by the
analog-to-digital converter, there is no further loss of
signal quality. Furthermore, since the reference
signal can be digitally computed, it can be made to
have a very low harmonic content. In the case of the
16-bit dsPIC DSC processor, any harmonics will be at
the -90 dB level.
Most importantly, the deviations due to non-linear gain
and phase of the analog components are removed in
the digital lock-in amplifier and there will be no
variations due to temperature drift or component aging.
Similarly, the offsets associated with real analog
components are removed and the limitation on
intermediate accuracy is purely down to the resolution
of the processor and DSP engine.
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FIGURE 2:
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APPLICATION
Although the amplifier can be used in many areas, it
typically is found where high-resolution, high-accuracy
measurements are required at relatively low data rates.
So, having examined how the digital lock-in amplifier
works, let us now consider how it can be used to
improve the performance of an important application,
such as weight measurement using the Wheatstone
Bridge.

The Wheatstone Bridge
Commercial weighing scales are made from four
similar value resistors, or strain gauges, connected to
form a Wheatstone Bridge. Typically, this bridge
arrangement is stimulated by applying a 10V DC
signal. Small deflections cause a voltage to appear on
the output of the circuit.

Noise Sources
One reason to use a bridge arrangement is that error
sources, such as temperature drift, can be made to
cancel each other out. However, since the nominal
output is half the drive voltage, it can be difficult to
measure small µV signals at the output. Any form of
induced noise in the system can easily be picked up by
the high-impedance amplifiers that are used. A high
Common-Mode Rejection Ratio (CMRR) is required
because of the high input voltage at the amplifier stage.
Any junctions between dissimilar metals in the system
can result in noise induced by the thermoelectric effect,
so this condition must also be accounted for.
In fact, any electronic system will be subject to
internally generated noise and, if we consider the more
general situation, it is apparent that interference can
come from any number of sources. Interference from
the local main power supply can be seen on DC
measurements, but a lock-in amplifier can be
harmonically linked to this noise source and, therefore,
provide complete rejection of the interfering signal.
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Resistors in a measurement system generate Johnson
noise across their terminals. This generated noise is
proportional to temperature and bandwidth. In general,
the noise spectrum of any electronic system follows a
1/f relationship. It is for this reason that a lock-in
amplifier can yield such good performance.
Figure 3 shows the typical noise spectrum found in
many electronic circuits with a general broadband
component covering all frequencies, 1/f noise located
at the lower end of the spectrum and individual
interfering signals. As indicated by locating the
reference signal at a higher frequency, it will be subject
to a much lower noise floor than if the measurement
had been made at DC levels.

FIGURE 3:
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IMPLEMENTATION
The basic requirement for the hardware is that it should
be able to sample a single analog channel at high
speed. The data should be collected and analyzed in
real time, and the calculated I and Q values should be
output via an RS-232 serial channel or displayed
directly on an LCD. As we shall see later, the
magnitude and phase relationship between the signals
can be simply calculated and it should be possible to
display these values as well. A further enhancement,
described in the next section, is for the hardware to be
able to generate the reference signal that is applied to
the application circuit.
The implementation of a digital lock-in amplifier has
been achieved using the Explorer 16 development
board. This multipurpose unit can be used to test out a
number of different Microchip 16-bit processors and
digital signal controllers and, in this case, a
dsPIC33FJ256GP710 DSC was used. The processor
is set to derive its main clock from an external crystal,
such that it will operate at its maximum speed of
40 MIPS, which results in an instruction cycle time of
25 nS. While other values could be chosen, it would
normally be selected so that the majority of timings in
the rest of the system are integer multiples of the
instruction cycle time. A simplified block diagram is
shown in Figure 4.
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The application circuit, consisting of an R-2R ladder,
low-pass filters and amplifiers, was designed and
constructed on a small PCB designed to fit into the
PICtail™ Plus connector of the Explorer 16 board. The
circuit is fairly simple and could also be easily
constructed within the prototyping area of the board if
required. The load cell is a commercial device capable
of measuring up to 10 kg loads connected to the circuit
via leads.
The built-in digital signal processing capabilities of the
dsPIC DSC allow for high-speed sampling and
manipulation of the data coming from the sensor. The
majority of the software was developed in C using the
MPLAB® C30 compiler and MPLAB IDE. Writing the
program in C enables the DSP libraries supplied with
MPLAB C30 to be used to implement the signal
processing operations required by the algorithm.

The Reference Signal
The lock-in amplifier requires a reference signal to
perform the phase sensitive detection. This reference
signal could be derived from the system being
measured. For instance, a common application is lowlight level measurement in spectroscopy. In these
systems, minute changes in a light beam are detected
by first modulating the light using a rotating slotted
wheel. This chops the light beam, which is then passed
through the rest of the system to the detector. At the
same time, the reference signal can be derived by
placing a photo detector next to the wheel measuring
the output from an index hole.
In this application, it is necessary to generate an AC
signal to drive the bridge circuit and thus the strain
gauges. Therefore, it is convenient to use the DSC to
generate an output at the desired frequency. There are
a number of techniques that can be used including
PWM sine wave generation, overlapping the outputs
from a number of Capture/Compare/PWM (CCP)
modules, or simply using an R-2R ladder circuit. In this
application, the latter technique has been used.
The multi-way connector on the Explorer 16 gives
access to the port lines and these outputs are used to
drive a resistor network and buffer amplifier providing
an output sine wave with 16 discrete levels. The output
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waveform is generated at 400 kHz with 16 output
codes per wave, thereby generating an AC signal at
25 kHz. To smooth the output and remove unwanted
harmonics, the signal is fed through a low-pass
Sallen-Key filter with a corner frequency of 40 kHz.

the convert signal every 2.5 µS (a rate of 400 kHz). The
result is that there will be 16 sample points per cycle of
the 25 kHz waveform. It should be noted that this is at
the high end of the conventional 4-10 times sampling
rates that are often selected by engineers, and as we
shall see later, faster is not always most efficient.

Basic operation

Since the processor is simultaneously generating the
output waveform, it would be difficult to directly sample
and manipulate the data points as they arrive. For this
reason, they are collected automatically and
transferred into system RAM using the Dynamic
Memory Access (DMA) controller on the dsPIC DSC.
This flexible peripheral allows up to eight independent
channels to be set up and can perform automatic data
moves between configured peripherals and system
memory or vice versa without processor intervention. In
this case, DMA Channel 0 is set to transfer 32 samples
into dual port memory using a ping-pong transfer
mode. After the transfer, and while the next 32 samples
are being collected, a VectorMultiply operation will
perform the PSD multiplication generating initial I and
Q data sets. Because the dsPIC DSC is generating the
drive signal, it is not necessary to reconstruct the
reference signal; therefore, the two multiply operations
use idealized copies of the reference and 90 degree
phase shifted reference signals.

This section will go on to describe the operation of the
software detailing how the hardware is initialized, how
the modules interact and also how the calculations
were performed to generate the desired performance.
Since the ideal Wheatstone Bridge contains only
resistive elements, there should not be any additional
phase errors introduced by the sensor itself. Instead, all
measured phase changes are solely due to the
generation and measurement system. However, since
this technique is applicable to a number of fields,
including those where it is required to measure
substantial phase changes, the software and
discussion will be kept generic, and both I and Q will be
calculated.
The initial description relates to the first iteration of the
software, and the reader should note that a number of
optimizations are possible that can improve the
performance. It is only the final, optimized version of
the code that is provided as source code along with this
application note (see Appendix A: “Source Code”).

OUTPUT GENERATION
As previously mentioned, the reference signal can be
externally derived or generated internally within the
measuring device. In this case, we use a Timer to
generate an interrupt every 2.5 µS. The source code
for the initialization can be found in the file
init_timers.c. Since it is essential that this
routine never be interrupted or delayed, it is assigned
a high priority level. Each time, through the Interrupt
Service Routine (ISR), a simple circular counter
moves through a table of values that are output on
port pins RG<12:15>. The digital outputs are fed
through the R-2R ladder and summed and filtered to
form a sine wave with an amplitude of 3.3 Volts.

SAMPLING
The dsPIC33F family of devices features a 12-bit highspeed Analog-to-Digital Converter (ADC) module. This
module can be configured at run time to operate in
either 10-bit mode at up to 1 MSPS, or 12-bit mode at
up to 500 kSPS. The ADC can take its conversion
signal from a number of sources including self-timing,
external triggers, timers or Motor Control (MC) PWM
controllers.

SAMPLE SYNCHRONIZATION
Since the data is arriving at such a high rate, it is not
possible to complete the entire signal processing task
between batches of the arriving samples. For this
reason, the software collates the results of 1024
multiply operations in memory and only then performs
the low-pass filtering.
After having collected this many samples, the results of
any subsequent data points are ignored until the
current data has been processed. This introduces a
problem if the restart of sampling occurs at a different
point in the waveform than was previously being
sampled because it will show up as a phase change
and an error in the final output. To overcome this
problem, the sampling is resynchronized to the start of
the output waveform for each batch. Since some of the
slower filters will use data from many batches of 1024
samples, they will, to a crude approximation, ignore the
intervening gap and treat the data stream as if it had
arrived in a continuous fashion. The problem this
creates is that it can introduce significant noise into the
final result, especially if the interfering signals have a
low frequency and are synchronous with the batched
sampling rates.

For this application, it is important that all sampling and
signal generation clocks are synchronized and that it is
possible to change the phase relationship of the signals
by changing the timings. For this reason, the ADC
conversion is derived from Timer3 and is set to produce
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FILTERING AND DECIMATION

OUTPUT DATA

If we consider that a first attempt would be to filter the
data using a low-pass FIR filter with a cut-off frequency
of 10 Hz, a filter with over 55,000 taps would be
required. This would imply that it would be necessary to
use a device with access to very large amounts of RAM
(up to 250 kBytes) to perform the required calculations.
In addition to this, even with the highly efficient DSP
engine in the dsPIC DSC, this would take over 5.6
million instruction cycles to compute, assuming it could
be performed. This would effectively prevent the
system from operating in anything like a real-time
manner. To overcome the problem of filters with a large
number of taps, the data is decimated (literally N-1
samples in N discarded) to reduce the effective data
rate in a number of stages.

Each time a new pair of results is generated, a global
flag is set and the main program loop will convert the
values to ASCII strings and display them on the
Explorer 16 LCD display. The final I and Q data values
can also be used by a higher level algorithm, or they
can be directly converted into two values describing the
magnitude and phase of the source signal using the
following relationships shown in Equation 6.

The decimation is performed by first low-pass filtering
the data using a filter with a corner frequency less than
half the desired final sample rate, and then discarding
N-1 of the N original samples. For example, if we
decimate a signal sampled at 400 kHz by a factor of 10,
the final output will have a sample rate of just 40 kHz.
However, to prevent aliasing, the original data must first
be low-pass filtered using a 20 kHz filter to remove
unwanted components. Finally, for every 10 data points
in the original data stream just one output is produced.
If required, the output can then be filtered again but
now using filters designed for the lower rate. This multistage technique allows considerable gains in efficiency
over the brute force approach and can significantly
reduce the computational load. The dsPIC DSC library
includes the dedicated function, FIRDecimate, to
perform these operations.

EQUATION 6:
Magnitude =

2

I +Q

2

–1 Q
Phase = tan (----)
I

The final output data can be seen in Figure 5, where
the block mode curves indicate the output from this
iteration of the software. Notice that the curves have a
rapid response time. However, this response comes at
the expense of considerable overshoot and large
amounts of noise in the output.
One area where the application example differs from a
normal digital lock-in amplifier is its ability to tune the
phase offset to zero. If this were done, the output would
consist purely of a single value, proportional to the
force applied to the load cell. This capability could
easily be incorporated by adjusting the starting values
in the sampling and signal generation timers (TMR2
and TMR3) thereby affecting the phase relationship.

In the file isr_DMAC.c, the DMA Channel 0 ISR
function takes 1024 sample points and decimates
these samples down by a factor of 64, resulting in an
effective sample rate of 6.25 kHz. This result is then
FIR filtered again to yield a final pair of I and Q values.
The pre-decimation filter contained 512 taps and the
final 20 Hz low-pass filter contained 493 taps. In
addition to the coefficient storage, each filter requires
its own delay line storage so the total RAM requirement
is just over 6 kBytes which is an improvement over the
single filter.
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FIGURE 5:
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Having discussed the main features of the software, it
is worthwhile to consider how its operation can be
improved. If a timing analysis is performed, it can be
seen that a significant amount of time must be spent
performing the PSD multiplications and FIR routines.
As previously mentioned, the amount of time required
for these activities prevents the complete set of
calculations from being performed before another set
of 1024 samples arrive. Consequently, the sampling
has to be halted and restarted each time, which can
lead to discontinuities and ultimately noise in the final
output.
A simple technique to improve the overall response of
the system is to actually slow down the sampling rate.
If we consider the operation of the PSD, it simply
performs a sequence of multiplications. One argument
is the sample value from the ADC. The other argument
is mathematically derived from the value of the ideal
wave at that discrete point in the sampling sequence.
For example, the Q signal is derived from multiplying
the incoming data, one sample point at a time, by the
cosine value of the ideal wave at that sample point. A
25 kHz signal sampled at 400 kHz would give 16 points
per cycle. Equation 7 shows the sequence of numbers.

EQUATION 7:

Of course, the cosine terms can be precalculated. In
this case, the series would have the values: 0.000,
0.383, 0.707, 0.924, 1.000, 0.924, 0.707, 0.383, 0.000,
-0.383, -0.707, -0.924, -1.0, -0.924, -0.707, -0.383,
0.000. The DSP core of the dsPIC DSC can efficiently
calculate these product terms; however, it is the high
rate with which the data arrives that causes more
problems.
A useful technique is to use fs/4 frequency translation.
This is a complicated term to describe a simple
mathematical trick. If instead of sampling at 400 kHz
we only sample at 4x the carrier frequency, 100 kHz in
this case, then there will only be 4 points in each of the
reference signal sequences. The sequence of numbers
to multiply for I is then (1, 0, -1, 0) and Q is (0, -1, 0, 1).
Consequently, the frequency translation performed by
the PSD is reduced to a sequence of moves and
negations without requiring any multiplications saving
an entire processing step.
It is now possible to perform the mixing as the data is
being collected rather than waiting until a complete
batch of data has been collected. Additionally, since the
sample rate is now 100 kHz, the FIR filtering and
decimation can also take place in between batches of
samples being collected without stalling the sampling.
Effectively every sample point in the original signal is
processed with none being omitted.

n
Q ( n ) = x ( n ) × cos ⎛⎝ 2 × π × ------⎞⎠
16
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Faster Still

CONCLUSION

The general purpose FIRDecimate routine provided
by the dsPIC DSC libraries is designed to operate on
generic data sets with relatively unrestricted data sizes.
Therefore, if it is passed 60 input values and decimated
by a factor of 10, 6 output samples will be generated.
This can be improved upon by applying additional
restrictions on the incoming data. If it is assumed that
the number of input values to the function is equal to
the decimation factor rather than calculating multiple
outputs, the new data can just be written into the delay
buffers and a single pass of the FIR filter will generate
one output value.

The digital lock-in amplifier is a useful tool for
measuring small signals. By translating the signal
measurement to a high frequency, it is possible to avoid
noise introduced at DC and low frequencies.

A final enhancement involves the FIR filters
themselves. It can be seen that alternating samples in
the I and Q data sets will have the value ‘0’ and will not
be affected by the FIR filter tap weights at those sample
points, and will not be accumulated into new output
values. By mathematically analyzing the behavior of
the FIR filters, it is possible to deduce that if the zero
value entries are discarded, and the remainder passed
through a filter designed for half the original sampling
frequency, the output will be identical. In other words,
by only storing the alternating non-zero elements, a
filter designed for a sampling rate of 50 kHz can be
used.
The reduction in effective sampling rate is important
since it will require many fewer taps to achieve the
desired low-pass response. By reducing the number of
taps, the group delay of the filter can be reduced
thereby improving the system response. Alternately,
the length of the filter can be kept at a similar number
but the shape of its response curve can be sharpened.
The output of the system for a unit step input can be
seen in Figure 5, where the continuous mode curves
represent the data from the improved algorithm. While
it has a slower response, the overall performance and
results are much improved over the first version of the
software.
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Since it is possible to detect both amplitude and phase
changes using the lock-in amplifier, it is possible to
measure signal changes caused by devices with
complex impedances, such as capacitive sensors.
When implementing any DSP algorithm, it is important
to understand the fundamental processes involved;
however, in addition, it is necessary to consider how
the chosen processor architecture can best be used to
arrive at an optimal solution. The dsPIC33F is a
powerful digital signal controller and its capabilities are
well suited to both the signal generation and
processing tasks in this application. The high-speed
ADC and DMA allow for a high data throughput, while
the efficient DSP engine can perform the multiple
filtering stages with ease.
The supplied source code (see Appendix A: “Source
Code”) can easily be modified by the reader to perform
measurements in similar applications where high
accuracy signals are required at low final output rates.
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APPENDIX A:

SOURCE CODE

The the libraries and source files associated with this
application note are available for download as a single
archive file from the Microchip corporate Web site at:
www.microchip.com
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Note the following details of the code protection feature on Microchip devices:
•

Microchip products meet the specification contained in their particular Microchip Data Sheet.

•

Microchip believes that its family of products is one of the most secure families of its kind on the market today, when used in the
intended manner and under normal conditions.

•

There are dishonest and possibly illegal methods used to breach the code protection feature. All of these methods, to our
knowledge, require using the Microchip products in a manner outside the operating specifications contained in Microchip’s Data
Sheets. Most likely, the person doing so is engaged in theft of intellectual property.

•

Microchip is willing to work with the customer who is concerned about the integrity of their code.

•

Neither Microchip nor any other semiconductor manufacturer can guarantee the security of their code. Code protection does not
mean that we are guaranteeing the product as “unbreakable.”

Code protection is constantly evolving. We at Microchip are committed to continuously improving the code protection features of our
products. Attempts to break Microchip’s code protection feature may be a violation of the Digital Millennium Copyright Act. If such acts
allow unauthorized access to your software or other copyrighted work, you may have a right to sue for relief under that Act.

Information contained in this publication regarding device
applications and the like is provided only for your convenience
and may be superseded by updates. It is your responsibility to
ensure that your application meets with your specifications.
MICROCHIP MAKES NO REPRESENTATIONS OR
WARRANTIES OF ANY KIND WHETHER EXPRESS OR
IMPLIED, WRITTEN OR ORAL, STATUTORY OR
OTHERWISE, RELATED TO THE INFORMATION,
INCLUDING BUT NOT LIMITED TO ITS CONDITION,
QUALITY, PERFORMANCE, MERCHANTABILITY OR
FITNESS FOR PURPOSE. Microchip disclaims all liability
arising from this information and its use. Use of Microchip
devices in life support and/or safety applications is entirely at
the buyer’s risk, and the buyer agrees to defend, indemnify and
hold harmless Microchip from any and all damages, claims,
suits, or expenses resulting from such use. No licenses are
conveyed, implicitly or otherwise, under any Microchip
intellectual property rights.

Trademarks
The Microchip name and logo, the Microchip logo, Accuron,
dsPIC, KEELOQ, KEELOQ logo, microID, MPLAB, PIC,
PICmicro, PICSTART, PRO MATE, rfPIC and SmartShunt are
registered trademarks of Microchip Technology Incorporated
in the U.S.A. and other countries.
AmpLab, FilterLab, Linear Active Thermistor, Migratable
Memory, MXDEV, MXLAB, SEEVAL, SmartSensor and The
Embedded Control Solutions Company are registered
trademarks of Microchip Technology Incorporated in the
U.S.A.
Analog-for-the-Digital Age, Application Maestro, CodeGuard,
dsPICDEM, dsPICDEM.net, dsPICworks, dsSPEAK, ECAN,
ECONOMONITOR, FanSense, FlexROM, fuzzyLAB,
In-Circuit Serial Programming, ICSP, ICEPIC, Mindi, MiWi,
MPASM, MPLAB Certified logo, MPLIB, MPLINK, PICkit,
PICDEM, PICDEM.net, PICLAB, PICtail, PowerCal,
PowerInfo, PowerMate, PowerTool, REAL ICE, rfLAB, Select
Mode, Smart Serial, SmartTel, Total Endurance, UNI/O,
WiperLock and ZENA are trademarks of Microchip
Technology Incorporated in the U.S.A. and other countries.
SQTP is a service mark of Microchip Technology Incorporated
in the U.S.A.
All other trademarks mentioned herein are property of their
respective companies.
© 2007, Microchip Technology Incorporated, Printed in the
U.S.A., All Rights Reserved.
Printed on recycled paper.

Microchip received ISO/TS-16949:2002 certification for its worldwide
headquarters, design and wafer fabrication facilities in Chandler and
Tempe, Arizona; Gresham, Oregon and design centers in California
and India. The Company’s quality system processes and procedures
are for its PIC® MCUs and dsPIC® DSCs, KEELOQ® code hopping
devices, Serial EEPROMs, microperipherals, nonvolatile memory and
analog products. In addition, Microchip’s quality system for the design
and manufacture of development systems is ISO 9001:2000 certified.
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WORLDWIDE SALES AND SERVICE
AMERICAS

ASIA/PACIFIC

ASIA/PACIFIC

EUROPE

Corporate Office
2355 West Chandler Blvd.
Chandler, AZ 85224-6199
Tel: 480-792-7200
Fax: 480-792-7277
Technical Support:
http://support.microchip.com
Web Address:
www.microchip.com

Asia Pacific Office
Suites 3707-14, 37th Floor
Tower 6, The Gateway
Harbour City, Kowloon
Hong Kong
Tel: 852-2401-1200
Fax: 852-2401-3431

India - Bangalore
Tel: 91-80-4182-8400
Fax: 91-80-4182-8422
India - New Delhi
Tel: 91-11-4160-8631
Fax: 91-11-4160-8632

Austria - Wels
Tel: 43-7242-2244-39
Fax: 43-7242-2244-393
Denmark - Copenhagen
Tel: 45-4450-2828
Fax: 45-4485-2829

India - Pune
Tel: 91-20-2566-1512
Fax: 91-20-2566-1513

France - Paris
Tel: 33-1-69-53-63-20
Fax: 33-1-69-30-90-79

Japan - Yokohama
Tel: 81-45-471- 6166
Fax: 81-45-471-6122

Germany - Munich
Tel: 49-89-627-144-0
Fax: 49-89-627-144-44

Atlanta
Duluth, GA
Tel: 678-957-9614
Fax: 678-957-1455
Boston
Westborough, MA
Tel: 774-760-0087
Fax: 774-760-0088
Chicago
Itasca, IL
Tel: 630-285-0071
Fax: 630-285-0075
Dallas
Addison, TX
Tel: 972-818-7423
Fax: 972-818-2924
Detroit
Farmington Hills, MI
Tel: 248-538-2250
Fax: 248-538-2260
Kokomo
Kokomo, IN
Tel: 765-864-8360
Fax: 765-864-8387
Los Angeles
Mission Viejo, CA
Tel: 949-462-9523
Fax: 949-462-9608
Santa Clara
Santa Clara, CA
Tel: 408-961-6444
Fax: 408-961-6445
Toronto
Mississauga, Ontario,
Canada
Tel: 905-673-0699
Fax: 905-673-6509

Australia - Sydney
Tel: 61-2-9868-6733
Fax: 61-2-9868-6755
China - Beijing
Tel: 86-10-8528-2100
Fax: 86-10-8528-2104
China - Chengdu
Tel: 86-28-8665-5511
Fax: 86-28-8665-7889

Korea - Daegu
Tel: 82-53-744-4301
Fax: 82-53-744-4302

China - Fuzhou
Tel: 86-591-8750-3506
Fax: 86-591-8750-3521

Korea - Seoul
Tel: 82-2-554-7200
Fax: 82-2-558-5932 or
82-2-558-5934

China - Hong Kong SAR
Tel: 852-2401-1200
Fax: 852-2401-3431

Malaysia - Kuala Lumpur
Tel: 60-3-6201-9857
Fax: 60-3-6201-9859

China - Nanjing
Tel: 86-25-8473-2460
Fax: 86-25-8473-2470

Malaysia - Penang
Tel: 60-4-227-8870
Fax: 60-4-227-4068

China - Qingdao
Tel: 86-532-8502-7355
Fax: 86-532-8502-7205

Philippines - Manila
Tel: 63-2-634-9065
Fax: 63-2-634-9069

China - Shanghai
Tel: 86-21-5407-5533
Fax: 86-21-5407-5066

Singapore
Tel: 65-6334-8870
Fax: 65-6334-8850

China - Shenyang
Tel: 86-24-2334-2829
Fax: 86-24-2334-2393

Taiwan - Hsin Chu
Tel: 886-3-572-9526
Fax: 886-3-572-6459

China - Shenzhen
Tel: 86-755-8203-2660
Fax: 86-755-8203-1760

Taiwan - Kaohsiung
Tel: 886-7-536-4818
Fax: 886-7-536-4803

China - Shunde
Tel: 86-757-2839-5507
Fax: 86-757-2839-5571

Taiwan - Taipei
Tel: 886-2-2500-6610
Fax: 886-2-2508-0102

China - Wuhan
Tel: 86-27-5980-5300
Fax: 86-27-5980-5118

Thailand - Bangkok
Tel: 66-2-694-1351
Fax: 66-2-694-1350

Italy - Milan
Tel: 39-0331-742611
Fax: 39-0331-466781
Netherlands - Drunen
Tel: 31-416-690399
Fax: 31-416-690340
Spain - Madrid
Tel: 34-91-708-08-90
Fax: 34-91-708-08-91
UK - Wokingham
Tel: 44-118-921-5869
Fax: 44-118-921-5820

China - Xian
Tel: 86-29-8833-7252
Fax: 86-29-8833-7256
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