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Abstract - This paper is classified in two parts: first one works with the commercial instrument MFLI and second one works 
with the National Instrument’s hardware which is based on FPGA (USB-R Series DAQ). In our electromagnetic flow meter 
development project the Software based Lock-in amplifier is required for measurement of flow rates. The transmitter is 

excited by a sinusoidal constant current source of 0Hz - 400Hz. The receiver coil receives the signal which consists of flow 
information which is buried in ambient noise. A dual phase lock-in amplifier is required for measurement of phase difference 
between two Secondary coils. In National Instrument’s hardware which is based on FPGA (USB-R Series DAQ) we have 
designed another Software Based Lock-In Amplifier, which helps to convert a data acquisition instrument into digital Lock-
In Amplifier. Utilizing the power of FPGA (Field Programmable Gate Array) the software based lock-in amplifier can 
achieve high-speed data synchronous demodulation of signals as high as 100MSa/s (depending on target). Programming has 
to be carried out such that we simultaneously acquire the data, carry out digital filtering and display the corresponding 
magnitude and phase of the signal. 
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I. INTRODUCTION 

 

In nuclear industry we have to process very small 

signals, where industry noise is always present. So 

instead of using hardware based lock-in amplifier in 

industrial plants which will consume more space, we 

are replacing it with software based lock-in amplifier. 

The lock-in amplifier utilizes the phase-sensitive 
detection (PSD) which removes every single signal 

part having unexpected frequencies in comparison to 

the nominal frequency so does not influence the 

estimation. The PSD hardware not exclusively can 

distinguish the amplitude of a signal having 

indistinguishable frequency from the reference signal 

yet in addition is responsive to the distinction in their 

phases. In this manner, a framework including PSD is 

utilized in identification of both amplitude and phase 

of a signal in vicinity of noise. Those system based 

on PSD is called Lock-in system. Phase locked loop 
(PLL) is a noteworthy technique for extricating the 

signal of interest from a pool of noise. [1]. Paper is 

classified into two parts, where both programs use the 

theory of lock-in amplifier. The first one works with 

the commercial instrument MFLI where Software 

based Lock-in amplifier is required for measurement 

of flow rates in our electromagnetic flow meter 

development project. 

 

Exact and dependable flow rate estimations are 

fundamental in numerous technological procedures 

utilizing liquid metals. Economically accessible 
electromagnetic flowmeter normally utilizes 

electrodes in direct contact with the fluid to quantify 

the voltage actuated by the stream in dc magnetic 

field. The use of electrodes is problematic in 

aggressive media like molten metals, for which 

contactless treatment is preferable [2]. 

Electromagnetic flowmeter measures the velocity of 

conductive fluid in a pipe. Electromagnetic flowmeter 

works dependent on faradays law of electromagnetic 

induction. As indicated by this principle, when 
conductive medium passes through a magnetic field 

B, a voltage E is generated which is relative to 

velocity V of the medium, density of magnetic field 

and length of conductor [3]. In an electromagnetic 

flowmeter, a current is applied to coils to generate 

magnetic field. The fluid moving through the pipe 

goes about as the conductor and which instigates the 

voltage which is proportional to average flow 

velocity. The fact that fluid flow disturbs not only the 

amplitude but also the phase distribution of applied 

AC magnetic field.The entire set up is working like 
an intersected transformer with two secondary coils. 

The AC current creates an AC magnetic field, which 

is perpendicularly oriented to direction of liquid 

metal flow. At the point when fluid metal flow is very 

still, the field lines of magnetic field are undisturbed 

and when fluid metal is moving toward some path 

magnetic field is adjusted because of induced current 

in the fluid. In request to quantify the phase shift 

between the induced voltages at the secondary coils 

Lock-in Amplifier is utilized. Lock-in Amplifier 

multiplies the signal and after an internal low pass 

filtering only the information about the phase shift 
remains [4]. 
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The second part is Software Based Lock-In Amplifier 

which is a software designed to work with National 
Instrument’s hardware based on FPGA (USB-R 

Series DAQ), which helps to convert a data 

acquisition instrument into dual phase digital Lock-In 

Amplifier. Utilizing the power of FPGA (Field 

Programmable Gate Array) LIA-SFP makes it 

possible to achieve high-speed data synchronous 

demodulation of signals as high as 100MSa/s 

(depending on target). 

 

II. WORKING PRINCIPLE 

 

Lock-in Amplifiers are amongst the most widely used 
general tools in today’s physics and engineering labs, 

in the broader sense they are used to measure the 

amplitude and phase of an oscillating signal. Large 

signals are easy to measure even with oscilloscope 

but it becomes more challenging when the signal is 

small such as buried in noise, this is where Lock-in 

Amplifier makes the difference as it combines the 

techniques from time and frequency domain analysis 

The lock-in amplifiers are divided into two groups: 

the first group uses only a single PSD known as 

single-phase Lock-in and the second group consist of 
two PSD known as dual-phase Lock-in. In the single-

phase Lock-in, we have to adjust the phase of 

reference signal and input signal to achieve the 

optimum output but in dual-phase Lock-in the phase 

do not play any role therefore we do not need any 

phase shift adjustment. The principle of Lock-in is 

based on phase sensitive detection technique. The 

lock-in amplifier needs a reference signal [1] The 

Lock-in Amplifier takes the input signal along with 

the noise, as well as the reference signal and passes 

through a frequency mixer. 

 
VIn=Vin sin(ωint+ϴin); where Vin is an amplitude of an 

input signal. 

VRef=Vref sin(ωreft+ϴref); where Vref is an amplitude of 

reference signal. 

 

The amplified signal is multiplied by a reference 

signal using PSD or an integration circuit. The output 

from PSD has a form: 

 

Vpsd= Vin sin(ωint+ϴin)* Vref sin(ωreft+ϴref) 

= 1/2 Vin Vref  cos([ωin - ωref]t + ϴin - ϴref) - 1/2 Vin Vref  
cos([ωin + ωref]t + ϴin + ϴref) 

 

The signal mixing is equivalent to multiplication of 

two inputs at frequency ωin and ωref, this operation 

simply results in two components the sum and 

difference of the two i.e. [ωin + ωref] and ([ωin - ωref]). 

For most lock-in application, signal frequency and 

reference frequency are identical so we end up with a 

component at the DC or 0 Hz and another component 

at the twice the frequency. After mixing, the lock-in 

amplifier separates the DC component from the twice 

of frequency component by means of adjustable low 

pass filter. 
Main characteristics are the bandwidth and filter 

order, the filter bandwidth or the minus 3 Db points is 

the cut-off frequency where signal power is 

attenuated to half; the bandwidth is inversely 

proportional to the time constant. Setting the filter 

bandwidth is always a trade-off making it too wide 

will lead to systematic measurement errors as the 

twice the frequency component may be leaking into 

the output signal. Moreover, a large bandwidth means 

more noise and hence a lower signal to noise ratio. 

On the other hand choosing a narrow filter bandwidth 

will limit the time resolution and will slow down the 
measurements. The shape of the filter can also be 

adjusted by choosing its order. A higher order leads 

to more ideal rectangular filter that blocks 

frequencies outside the filter bandwidth more 

efficiently but takes more time to settle causing phase 

delay. A lower order filter has the advantage of 

causing less phase and temporal delay which helps 

whenever highest speed requirements need to be met. 

Output signal is: 

 

Vpsd= 1/2 Vin Vref  cos(ϴin - ϴref) 
 

Thus the output voltage of PSD is proportional to Vin 

cos(ϴ), Where ϴ= ϴin - ϴref.. ϴ is a difference 

between the phase of input signal and a reference 

signal. By adjusting the ϴref such that ϴ=0, we obtain 

Vin (cos(ϴ)=1). Inversely, if ϴ=90 then the output 

voltage is 0. The single-phase Lock-in provides the 

output voltage: 

 

Vpsd1= 1/2 [Vin Vref  cos(ϴ)]≈ Vin cos(ϴ) 

 

So, with the single-phase lock-in amplifier, the output 
voltage also depends on the phase difference between 

input signal and reference signal. To omit this 

dependency further PSD block must be used. In the 

second PSD, the input signal multiplied with the 

reference signal is shifted by π/2: 

 

VRef=Vref sin(ωreft+ϴref - π/2) ≈Vref cos(ωreft+ϴref ); 

 

Then the output voltage is presented as: 

 

Vpsd2= 1/2 [Vin Vref  sin(ϴin - ϴref)]≈ Vin sin(ϴ) 
 

Now the system has two outputs: the first produces 

the voltage proportional to cos(ϴ) whereas the second 

to sin(ϴ). X as the in-phase component and Y as the 

quadrature component. 

 

X= Vin cos(ϴ) 

Y= Vin sin(ϴ) 

 

Taking the square of both X and Y then sum up them, 

we have: 

R= (X2 + Y2)1/2= Vin 
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The phase shift is calculated according to: 

tan(ϴ)=Y/X 
 

III. SYSTEM DESIGN 

 

Based on a theoretical principles, a digital two stage 

lock-in amplifier has been created. It depends on 

virtual instrument language LabVIEW and it is 

separated into two projects, as referenced previously, 

the first is with commercial instrument MFLI and 

second one is with USB 7856R. 

LabVIEW has two windows, first the front panel and 

afterward the block diagram windows. The front 

panel is the UI window, where the program runs and 
demonstrates the outcomes. The block diagram is the 

place the client can include code utilizing graphical 

portrayals so as to control the front panel objects. 

 

A. Implementation using commercial instrument 

MFLI . 

The demonstration of the phase shift electromagnetic 

flow meter with commercial instrument MFLI was 

done at an experimental setup where the PbLi is used 

as fluid whose conductivity is 10^5 to 10^7 s/m. The 

liquid metal PbLi was impelled in a circular tube 
whose diameter is 33mm and made up of stainless 

steel. The general set up of the developed 

electromagnetic flow meter with commercial 

instrument MFLI are shown in Fig. 1. The entire set 

up is working like an intersected transformer with 

two secondary coils. The AC current creates an AC 

magnetic field, which is perpendicularly oriented to 

direction of liquid metal flow. At the point when fluid 

metal flow is very still, the field lines of magnetic 

field are undisturbed and when fluid metal is moving 

toward some path magnetic field is adjusted because 

of induced current in the fluid. In request to quantify 
the phase shift between the induced voltages at the 

secondary coils Lock-in Amplifier is utilized. Lock-in 

Amplifier multiplies the signal and after an internal 

low pass filtering only the information about the 

phase shift remains [4]. Signal output of MFLI is 

connected to V to I converter in order to provide 

reference. V to I converter produces current in 

proportional with voltage. Here we are taking 

reference of the signal from MFLI only because it’s 

has less phase jitter and frequency deviation. 

 

 
Fig.1. Block diagram of Electromagnetic Flowmeter with 

commercial instrument MFLI. 

The Zurich Instruments MFLI is expected to work out 

of the case with insignificant effort with respect to the 
client. The Zurich Instruments LabOne software 

keeps running on an inserted PC in the MFLI 

instrument. One of the projects running on the 

installed PC is the LabOne Web Server which can be 

connected by means of a web program, once 

appropriate physical and logical connections to the 

instrument have been built up. LabOne gives 

Application Programming Interfaces (APIs) for 

MATLAB, LabVIEW, Python and C. These APIs 

require establishment on the PC where they will be 

utilized. Interfacing with our Zurich Instruments 

device via National Instruments LabVIEW is an 
efficient choice. LabVIEW is a graphical 

programming language designed to interface with 

laboratory equipment via so-called VIs ("virtual 

instruments"). 

Programming of Lock-in Amplifier using Zurich 

instrument-MFLI in LabVIEW 

Algorithm 

1. Create a connection to data server. 

2. Sets the node to the value as specified by path. 

3. Set all the values of settings as constant except 

amplitude and frequency for which value 
should be variable. 

4. Subscribe the node specified by path, so that 

whenever the value of node changes the new 

value can be polled. 

5. Retrieve the newest available sample from 

demodulator’s sample node which is specified 

by path. 

6. Loop continuously until the user presses the 

Stop button. 

7. The output of demodulator (Demodulator 

Sample Out) are applied to Unbundle by Name 

function which returns the cluster element 
whose names are specified. 

8. The output of Unbundle By name Function 

will produces synchronous output and 

quadrature output. 

9. This synchronous and quadrature outputs are 

applied to Re/Im To Polar function which 

converts the rectangular component of 

complex number into polar components and 

produces amplitude and relative phase. 
 

 
Fig.2. Front panel of Electromagnetic Flowmeter with 

commercial instrument MFLI 
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B. Implementation using USB 7856R 

Every FPGA chip, or FPGA, is composed of a finite 
number of predefined resources with programmable 

interconnects. These interconnects implement the 

digital circuit that we have design with the LabVIEW 

FPGA Module. When we create an FPGA VI, we 

design a circuit schematic that describes how logical 

blocks are wired together on the FPGA. When we 

compile the VI, the compilation tools translate the 

FPGA VI into the FPGA circuit. 

The operation of whole system depends on three 

different components: 

 Analogue front-end hardware, which 

converts analogue signals into digital and 
vice versa. 

 Lock-In amplifier signal processing and 

filtering unit based on FPGA. 

 Windows-based host controller software for 

excitation control and signals display. 

 Software based lock-in amplifier provides 

only the software components. 

 

 
Fig.3. Main system components 

 

We can programmatically associate with a FPGA VI 

utilizing a different VI running on the host computer. 

This programmatic FPGA interface communication 

contrasts from interactive front panel communication 

since it requires to make a host VI and in addition a 

FPGA VI. When we use programmatic FPGA 
interface communication, the FPGA VI keeps 

running on the FPGA target, and the host VI keeps 

running on the host computer [5]. 

 

With respect to front panel, the initial step that ought 

to be set is the fundamental parameters of the 

reference signal. These parameters are: the frequency 

(Hz), the amplitude (V), the phase offset (deg), the 

Voffset (V). Simultaneously acquire input signal with 

the same sample rate. When the characteristics of 

signals are picked, it is just required to adjust the time 
constant variable of the low-pass filter. These filters 

likewise allows to pick the cut-off frequency. Here 

we are using 1-2 stage CIC, 1-4 stage Moving 

Average filter. 

 

CIC filters are much used in applications where one 

needs to change the sampling frequency in a big ratio, 

for instance for decimation (reduction of the sampling 

rate: oversampled acquisition systems, ADC) or 

interpolation (DAC) [6].The CIC filter is chosen 

because of its attractive property of both low power 
and complexity since it does not required multipliers 

[7]. The range of filter shapes and responses available 

from a CIC filter is somewhat limited. Bigger 

measures of stop band rejection can be accomplished 

by increasing the quantity of poles. Nonetheless, 

doing so requires an increase in bit width in the 

integrator and comb areas which increases filter 

unpredictability. The state of the filter response gives 

even less degrees of design opportunity. For this 

reason, filtering prerequisites can't be met by a CIC 

filter alone. In any case, a CIC filter pursued by a 

short to direct length FIR or IIR demonstrates 
profoundly appropriate [8]. Consequently moving 

average filter is a straightforward Low Pass FIR 

(Finite Impulse Response) filter ordinarily utilized for 

smoothing a variety of sampled data. It takes L 

samples of contribution at a time and takes the 

average of those L samples and delivers a single point 

at output. As the filter length expands (the parameter 

L) the smoothness of the output increments, while the 

sharp changes in the data are made increasingly blunt. 

This suggests this filter has amazing time domain 

response yet a poor frequency response. 
 

Filtering stage will produce synchronous and 

quadrature component. We are using Re/Im To polar 

which will convert Cartesian form to polar form that 

produces magnitude and theta. 

 

 
Fig.4. Front panel of Lock-in Amplifier 

 

CONCLUSION 

 

Estimation of physical, chemical and biological 

parameters precisely assumes an imperative job in 

revealing the riddles of nature. In numerous scientific 

and industrial applications, a circumstance exists 

where one is supposed to quantify the signal whose 

amplitude is less as compared to that of the noise 
component presents in the environment. In such 

similar cases, the lock-in amplifier is exceptionally 

fundamental. The fact that fluid flow irritates the 

amplitude as well as the phase distribution of applied 
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AC magnetic field. So in order to measure phase shift 

lock-in amplifier is used as a phase sensitive detector. 
Digital lock-in amplifier has been studied and also 

implemented with virtual instruments LabVIEW 

FPGA. The LabVIEW FPGA Module compiles our 

LabVIEW VI to FPGA hardware. In the background, 

our graphical code is meant text-based VHDL code. 

This procedure likewise applies timing constraints to 

the structure and endeavors to outline plan to the low-

level hardware resources on the FPGA. 
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