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Abstract 
The target of our Major Qualifying Project was to produce an educational demonstration             

meant to aid Worcester Polytechnic Institute’s (WPI) Department of Electrical and Computer            

Engineering (ECE) in exhibiting the opportunities available to those interested in pursuing a             

career in ECE. To accomplish this goal we created an interactive project for WPI’s annual               

“Touch Tomorrow” event in the Spring of 2020 and into the future. The interactive project we                

created utilized Elenco Electronics Snap-Circuit pieces to produce a two-electrode          

electrocardiography (ECG) circuit allowing users to visualize the electrical activity of their heart             

after building portions of the ECG circuit themselves.  
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1. Introduction 

Our team produced an educational demonstration which depicted the biomedical          

instrumentation concentration of Electrical and Computer Engineering (ECE) at Worcester          

Polytechnic Institute (WPI). Simultaneously, we constructed a proposal for an additional           

interactive display for the lobby of Atwater Kent, the location of WPI’s ECE department. 

As a team, we wanted to assist in promoting how versatile ECE is as a major to students                  

interested in the STEM (Science, Technology, Engineering, and Mathematics) fields. As of            

recently, the ECE department at WPI has come to the realization that fewer students are turning                

to ECE as a career path and more are pursuing Computer Science (CS), Mechanical Engineering               

(ME), Biomedical Engineering (BME) or Robotics Engineering (RBE). The top five majors            

pursued at WPI are ME, CS, BME, and RBE leaving ECE as the fifth most pursued major.                 

Referring to Figure 1, as of 2018, 18.8% of WPI’s student body pursued ME as a career path,                  

15.3% pursued CS, 9.6% pursued BME, 7.9% pursued RBE and only 7.6% pursued ECE (WPI               

Institutional Research).  
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Figure 1 Major Enrollment of Undergraduate Students in Fall of 2018 (WPI Institutional 

Research) 

In 2017, WPI matriculated 1,124 students. Of these students, 67 declared ECE as their              

major while 124 declared BME and 181 declared CS. In 2018, WPI matriculated an additional               

152 students making this class a colossal size of 1,276. Of these students, 81 declared ECE while                 

150 declared BME and 184 declared CS as their major. In terms of percentages, only 6% of the                  

first-year students that entered in 2018 pursued ECE while 12% pursued BME and 14% pursued               

CS (WPI Institutional Research).  

We believe that by actively promoting ECE as a major to the public, by producing               

displays and relaying information to interested students, the ECE field can grow. It is possible               

that ECE is declining as a popular major simply because students are not aware of the                

opportunities available within our major. To assist in relaying the opportunities available to the              

public our team created custom parts from Elenco Electronics Snap-Circuit components to            

produce a simple electrocardiogram (ECG) circuit. At WPI’s annual “Touch Tomorrow” event,            

students will be provided with instructions on how to build an ECG circuit and asked to create                 

the featured circuit. They will then be able to see their own ECG displayed on an oscilloscope.  
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2. Background 

2.1 Electrocardiogram (ECG) Signal 

The human heart is a specialized muscle that contracts regularly and continuously,            

pumping blood to the body and the lungs (Anderson et al., 2015). The pumping of the heart is                  

caused by electricity that repeatedly flows through the heart in a cycle. The sinoatrial (SA) node                

is the heart’s pacemaker which initially sends out electrical signals from the atria, or upper               

chambers, causing the atria to contract and pump blood into the ventricles, or lower chambers.               

Then, the atrioventricular (AV) node, commonly referred to as the “junction box,” conducts the              

electrical impulse from the atria to the ventricles which causes the muscle to contract and pump                

the blood out. The blood from the right ventricle travels to the lungs and the blood from the left                   

ventricle travels throughout the rest of the body. Figure 2 portrays the flow of electricity in the                 

human heart.  

Figure 2 How the Heart Functions Electrically (Issa et al., 2019) 
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The electrical activity of the heart can be recorded through an ECG (Hirsch et al., 2002).                

An ECG measures how electrical impulses move through the heart as the muscle contracts and               

relaxes (Bag et al., 2019). These electrical impulses are measured through electrodes that are              

placed on the limbs and chest of the human body. There are two common types of electrodes                 

utilized to measure an ECG signal. There are adhesive electrodes that stick to the patient’s skin                

and there are metal electrodes which are pressed against the patient’s skin. The standard clinical               

ECG utilizes ten electrodes and twelve leads. One lead is comprised of two electrodes to               

“represent the electrical heart activity in a differential electrical activity” (Salinet & Silva, 2019).              

A bipolar limb lead measures the potential difference between two electrodes. A unipolar chest              

lead measures the potential difference between one electrode and a reference point on the body.               

An augmented unipolar limb lead measures the potential difference between one limb and a              

combination of other limbs (Salinet & Silva, 2019). The twelve lead ECG includes three bipolar               

limb leads (I, II, and III), six unipolar chest leads (V1, V2, V3, V4, V5, and V6), and three                   

augmented unipolar limb leads (aVR, aVL, and aVF). While the ten-electrode ECG is the most               

common for clinical evaluation, there are other methods to measure an ECG signal which will be                

discussed in Section 2.2. See Figure 3 for a diagram depicting a ten-electrode ECG. 

Figure 3 Placement of Twelve Leads in Ten-Electrode ECG (Goldberger et al., 2018) 
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The six unipolar chest leads view the heart in the horizontal plane, while the three bipolar                

limb leads and three augmented unipolar limb leads view the heart in the vertical plane. Leads II,                 

III, and aVF view the interior surface of the heart; leads V1, V2, V3, and V4 view the anterior                   

surface; leads I, aVL, V5, and V6 view the lateral surface; and leads V1 and aVR look through                  

the right atrium into the cavity of the left ventricle (Meek & Morris, 2002). The ECG must be                  

able to detect extremely weak signals ranging from 0.5 mV to 5 mV with a maximum + 300 mV                   

DC offset which is caused by the electrode-skin contact. The appropriate bandwidth of an ECG               

signal ranges from 0.05 Hz to 100 Hz, with the majority of the power occupying a bandwidth of                  

0.05 Hz to 10 Hz (Bag et al., 2019). The power spectral density of an ECG signal is portrayed in                    

Figure 4.  

Figure 4 Power Spectral Density of an ECG (Brayner et al., 2019) 

ECGs are used to assess the condition of the heart by analyzing the heart beat signal in                 

search of irregularities. An ECG can also detect areas of muscle that are deprived of oxygen as                 

well as dead tissue in the heart. There are seven main components of an ECG signal: P wave,                  

QRS complex, PR interval, PR segment, ST segment, T wave, and the QT interval (Goldberger               

et al., 2018). Figure 5 portrays a single cycle of a typical ECG signal with each of the seven                   

sections labeled.  
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Figure 5 Typical Single Cycle of ECG Signal (Goldberger et al., 2018) 

Each element of the ECG wave translates different information about the heart. The P              

wave represents the depolarization (activation) of the atria of the heart. The atria contracts              

shortly after the P wave begins. Generally, the P wave will be rounded and smooth, no more than                  

0.25 mV in amplitude, and no more than 0.11 seconds in duration. The P wave will be positive in                   

leads I, II, aVF, V1, V2, V3, V4, V5, and V6 (Goldberger et al., 2018). The P wave can be                    

analyzed to diagnose certain health issues including atrial fibrillation and atrial flutter. Of these              

two rhythms, if the P wave is absent from the ECG signal, then the diagnosis is atrial fibrillation,                  

an irregular heartbeat that could lead to blood clots, stroke, heart failure, and other heart-related               

complications. If the P wave is not rounded, but a sawtooth formation, then the diagnosis is atrial                 

flutter, which, if not treated, could also lead to blood clots, stroke, and heart failure (American                

Heart Association, 2016).  

The QRS complex consists of the Q wave, R wave, and the S wave which occur. The Q                  

wave is represented as the initial negative deflection of the QRS complex. The first positive               
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deflection in the complex is the R wave and the negative deflection following the R wave is                 

called the S wave. The ventricles contract shortly after the QRS complex begins, similar to the P                 

wave. In general, the duration of the QRS complex will be between 0.06 and 0.10 seconds with                 

an amplitude of roughly 1 mV. The QRS complex will be positive in leads I, II, III, aVL, aVF,                   

V5, and V6 (Goldberger et al., 2018). If the QRS amplitude is abnormally large it could indicate                 

left ventricular hypertrophy. Left ventricular hypertrophy is the enlargement and thickening of            

the walls of the heart's main pumping chamber (left ventricle) and could lead to stroke, sudden                

cardiac arrest, or heart failure (American Heart Association, 2016).  

The PR interval is the time between the beginning of the P wave and the beginning of the                  

QRS complex (Goldberger et al., 2018). The duration of the PR interval is between 0.14 and 0.21                 

seconds. A short PR interval may suggest an accessory pathway, which allows early ventricular              

depolarization, or pre-excitation. A long PR interval represents slow conduction through the AV             

node, which can indicate bradycardia, or slow heart rate (American Heart Association, 2016).  

The PR segment is the time between the end of the P wave and the beginning of the QRS                   

complex and it represents the slow impulse conduction through the AV node. The PR segment,               

also referred to as the reference line or isoelectric line, serves as the baseline of the ECG curve.                  

The amplitude of any deflection or wave is measured in reference to the PR segment (Goldberger                

et al., 2018). 

The ST segment is typically a straight, level line between the end of the QRS complex                

and the beginning of the T wave. The ST segment portrays when the ventricle is contracting, but                 

no electricity is flowing through, i.e. the period of zero potential between ventricular             

depolarization and repolarization. The duration of the ST segment is between 0.08 and 0.12              

seconds. The ST segment should be flat or have a slight positive slope, and be level with the PR                   

segment, or the baseline (Goldberger et al., 2018). If the ST segment is elevated, it could suggest                 

myocardial infarction, or a heart attack. If the ST segment is depressed it could indicate               

ischemia, a condition in which the blood flow and oxygen are restricted or reduced which could                

lead to heart attack, an irregular heart rhythm, or heart failure (American Heart Association,              

2016).  
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The T wave represents when the ventricles are resetting electrically and preparing for             

their next muscle contraction. A normal T wave is slightly asymmetric and the peak of the wave                 

is slightly closer to the end than the beginning of the wave. The duration of the T wave is                   

between 0.10 to 0.25 seconds with an amplitude of less than 0.05 mV. The polarity of the T wave                   

depends on whether the R wave or the S wave is dominant. If R is greater than S, then the T                     

wave is positive; if S is greater than R, then the T wave is negative. As a result, the T wave is                      

generally positive in leads I, II, aVL, V2, V3, V4, V5, and V6 (Goldberger et al., 2018). If the                   

amplitude of the T wave is too high, then it could indicate hyperkalemia, an abnormally elevated                

amount of potassium in the blood which could lead to cardiac arrest and death. If the T wave is                   

flat, then it could suggest hypokalemia, or extremely low levels of potassium in the blood which                

could lead to paralysis or respiratory failure (American Heart Association, 2016). 

The QT interval is the time between the beginning of the QRS complex and the end of                 

the T wave and it represents the total time for depolarization and repolarization. The duration of                

the QT interval is between 0.39 and 0.46 seconds (Goldberger et al., 2018). There are many                

causes of a prolonged QT interval including medications, arrhythmias, and hypokalemia (Albano            

et al, 2019). 
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2.2 ECG Measurements 

As mentioned in the previous section, the standard clinical ECG utilizes ten electrodes to              

measure the physiological signal. However, there are other methods to measure an ECG signal              

including five-electrode, three-electrode, and two-electrode ECG circuits. 

2.2.1 Five-Electrode ECG 

Five-electrode ECGs are becoming increasingly more common in the medical field            

because the measurement is close in accuracy to a ten-electrode ECG while being less              

cumbersome. In a five-electrode ECG, four electrodes are placed on the torso corresponding to              

the limbs; the electrode that corresponds to the right lower limb (or right leg) serves as the                 

ground electrode. The fifth electrode is used on one of the standard chest lead positions, typically                

the V1 location for better arrhythmia monitoring. All four limb leads can be analyzed              

simultaneously, but only one chest lead can be observed at a time (Francis, 2016). See Figure 6                 

for a diagram depicting the placement of the five leads utilized to measure a five-electrode ECG                

signal.  

 

Figure 6 Placement of Leads in Five-Electrode ECG (Salinet & Silva, 2019) 
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2.2.2 Three-Electrode ECG 

Three-electrode ECGs utilize two electrodes for active monitoring and one electrode as            

ground. The electrodes involved in the actual measurements can be utilized in different             

configurations to get lead I, II, or III. In a three-electrode ECG, there are fewer electrodes,                

meaning fewer leads; therefore, artifacts can only be viewed individually. For each lead being              

measured, the two electrodes are placed on the appropriate location of the body to acquire the                

desired lead, typically on the torso near the corresponding limb. The ground electrode can be               

placed almost anywhere on the body as long as it is not in close proximity with the other two                   

electrodes (Francis, 2016). See Figure 7 for a diagram depicting the placement of the three leads                

utilized to measure a three-electrode ECG signal. 

Figure 7 Placement of Leads in Three-Electrode ECG (Goldberger et al., 2018) 

The circuitry for a three-electrode ECG includes three different inputs: for example, Left             

Arm (LA), Right Arm (RA), and Right Leg (RL), which acts as ground. LA and RA represent                 
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the differential signal and feed into the input amplifier of the ECG circuit, while RL connects to                 

ground and the grounded components in the ECG circuit. See Figure 8 for an example of a                 

three-electrode ECG circuit.  

Figure 8 Example of a Three-Electrode ECG Circuit (Crowley et al., 2019) 

2.2.3 Two-Electrode ECG 

Two-electrode ECGs simply have two electrodes for active monitoring, LA and RA.            

Two-electrode ECGs do not need the RL electrode because the LA and RA electrodes connect to                

the input amplifier of the ECG circuit and also to high value resistors that are connected to                 

ground. This configuration eliminates the need for an additional ground-referenced electrode, but            

tends to admit more powerline noise. See Figure 9 for an example of a two-electrode ECG                

circuit.  
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Figure 9 Example of a Two-Electrode ECG Circuit (Crowley et al., 2019) 

While it is common for these electrodes to be placed on either side of the chest, the                 

differential potential could also be measured across the two hands. Exercise machines such as              

treadmills and ellipticals possess metal contacts on the handles which the user could place their               

hands upon. Once this contact occurs, the exercise machine can detect the heart rate of the user                 

through the surface of the skin. A trade-off for the easy access measurement of the hands is that                  

the ECG measurements from the hands are much noisier than those from the chest. This noise is                 

a result from motion artifacts from the user’s movements, among other factors. Therefore, the              

most accurate way to measure an ECG signal through the hands is for the user to stand as still as                    

possible.  
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2.3 ECG Analog Front End 

 

Figure 10 Block Diagram of Typical ECG Circuit (Ay et al, 2017) 

2.3.1 Instrumentation Amplifier  

The ECG signal will first pass through an instrumentation amplifier. An instrumentation            

amplifier has a high input impedance, common-mode noise rejection, differential output, and a             

high gain set by an external resistor. An instrumentation amplifier is comprised of non-inverting              

amplifying stages whose outputs act as the inputs to the differential amplifier. A differential              

amplifier is an inverting amplifier with negative feedback that amplifies the difference between             

the two input voltages. The differential amplifier will amplify the difference between the two              

signals being recorded and reject the common-mode voltage. The two input buffers provide a              

key function in the instrumentation amplifier. The ideal non-inverting amplifiers have an infinite             

input resistance. Therefore, the input buffers will not sink or source any current. In this stage, the                 

differential amplifier will reject the common-mode voltage and will amplify the differential            

signal (Bitar et al., 2016).  
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Figure 11 Model of a Basic Instrumentation Amplifier (EETech Media LLC, 2018) 

We utilized an instrumentation amplifier because it allowed us to adjust the gain of the               

circuit by adjusting a single external resistor. Another option would have been to utilize a               

differential amplifier. However, we would not have had a high impedance input and we would               

have had to adjust multiple resistors in order to reach our desired gain. Referring to the basic                 

instrumentation amplifier depicted in Figure 11, an instrumentation amplifier can be modeled as             

two buffer differential amplifiers linked by three resistors with an additional differential            

amplifier stage. In order to explain this circuit, we will assume all of the resistor values to be                  

equal except for RG. The voltage at point 1 (found above RG) is equal to the voltage at V1 due to                     

the negative feedback loop of amplifier A1. In the same way, the voltage at point 2 (found below                  

RG) is equal to the voltage at V2. This then causes a voltage drop across RG thus creating a                   

current through RG. Due to the fact that the amplifier inputs draw no current, the only current that                  

can travel through the resistors labeled as “R” must be the current through RG. This current then                 
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produces a voltage drop between points 3 and 4 (found at the top and bottom of the circuit). The                   

equation to solve for the voltage drop between points 3 and 4 is: 

 V ) 1 )V 3−4 = ( 2 − V 1 * ( + 2R
RG

  

The differential amplifier furthest to the right then takes this voltage drop and amplifies it               

by a gain of 1 (due to the fact that all of the “R” resistors in this circuit are of equal value).                      

Therefore, the output voltage is simply the voltage drop between points 3 and 4: 

VV OUT =  3−4  

  To solve for the gain of a typical amplifier the following equation would be utilized: 

(1 ) A V =  +  2R
RG

 

Equation 1 Gain Equation to solve for Gain (AV) (EETech Media LLC, 2018) 

2.3.2 Isolation Amplifier  

Once the electrical signal is amplified from the instrumentation amplifier the signal will             

travel through the isolation amplifier, which acts as the protection stage. An isolation amplifier is               

an operational amplifier circuit which provides electrical isolation of one portion of a circuit              

from another. The protection stage is responsible for limiting the input range, rejecting high              

frequencies, and providing a barrier for dangerous voltages. Since the electrodes will be             

connected to a human body, precautions will have to be made to ensure the safety of the                 

individuals utilizing our product. Isolation amplifiers enhance safety by preventing fault currents            

from flowing through the human body through a ground-referenced biopotential electrode (Kutz,            

2009). We utilized an isolation amplifier in order to ensure that the human body had no direct                 

electrical path to the earth-grounded portion of the circuit. An isolation amplifier requires two              

different power sources in order to pass the signal through successfully. The portion of the circuit                

preceding the isolation amplifier, which will be connected to the human body, needs to be               

powered by an isolated power supply or by batteries. The portion of the circuit following the                

isolation amplifier, which is earth-grounded, is powered by a non-isolated power supply. This             
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ensures that the only phenomenon being transferred through the isolation amplifier is the signal              

itself, not power (Analog Devices, 2009).  

 

 

 

 

 

 

 

 

 

Figure 12 Isolation Amplifier Circuit Diagram (Kester, 2012)  

An isolation amplifier serves as a buffer between two portions of a circuit to ensure the                

rightmost portion of the circuit does not influence the currents and voltages in the leftmost               

portion of the circuit. There are many different methods of achieving electrical isolation, but one               

common technique is to modulate the input signal and then demodulate to obtain the output               

signal. The input signal is duty-cycle modulated and then transmitted digitally across the             

isolation barrier. The output section of the isolation amplifier receives the duty-cycle modulated             

signal, converts the signal back to an analog voltage, and removes the ripple component that               

generated in the demodulation produced (Analog Devices, 2019). The basic concept of an             

isolation amplifier is visually depicted in Figure 12. 
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2.3.3 Bandpass Filter 

To ensure the signal is smooth and contains minimal noise we needed to filter the signal                

by utilizing a bandpass filter. The physiological signal will contain multiple forms of noise.              

Noise can be produced from other muscles throughout the body, from heat in the electronics, and                

from the 60 Hz input power interference. A popular method used to filter out the many forms of                  

noise is through high-pass and low-pass filtering. High-pass filters are employed to remove             

low-frequency components such as motion artifacts, respiratory variations, and baseline wander.           

Low-pass filters are employed to remove high frequency muscle artifacts and external            

interferences. As previously stated in Section 2.1, the frequency range of a typical ECG circuit is                

0.05 Hz to 100 Hz. The ECG circuit must be able to function properly for signals ranging from                  

0.5 mV to 5 mV in amplitude (Beckerle et al., 2019). The bandpass filter will be comprised of a                   

high-pass filter cascaded with a low-pass filter. A high-pass filter passes signals with frequencies              

higher than the cut-off frequency and rejects any signals with frequencies lower than the cut-off               

frequency. A low-pass filter has the exact opposite effect compared to the high-pass filter. A               

low-pass filter passes any signal with frequencies smaller than the cut-off frequency and rejects              

signals with frequencies higher than the cut-off frequency.  

If a high-pass filter is cascaded with a low-pass filter, the result will be a bandpass filter                 

(see Figure 13). Bandpass filters allow signals between two specific frequencies to pass through              

and rejects any signal with frequencies outside of the operating range, or passband.  

Figure 13 Bandpass Filter Comprised of High-pass and Low-pass Filters (Thompson, 2006) 

26 



Out of the many filter topologies that exist, there are two main categories: Sallen-Key              

and multiple feedback. The Sallen-Key topology is typically utilized in circuits which require             

high-gain accuracy and low Q factors, typically less than 3. A common characteristic of the               

Sallen-Key topology is to design the filter with equal resistances and equal capacitances. For              

example, a second-order Sallen-Key filter would have R = R1 = R2 and C = C1 = C2 (Carter &                    

Mancini, 2018). However, the resistances and capacitances do not need to be equal for              

Sallen-Key topology. See Figure 14 for topologies of unity-gain (gain of 1) Sallen-Key             

second-order high-pass and low-pass filters.  

High-Pass 

Low-Pass 

Figure 14 Unity-gain Topologies for Second-order Sallen-Key filters: High-pass (Top) & Low-pass 

(Bottom) (Carter & Mancini, 2018)  
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The multiple feedback topology is generally utilized in circuits which require high gain             

and high Q factors. Unlike the Sallen-key topology, multiple feedback filters have unequal             

resistances and capacitances. For a second-order multiple feedback high-pass filter C1 = C2 ≠ C3               

and R1 ≠ R2. For a second-order multiple feedback low-pass filter R1 ≠ R2 ≠ R3 and C1 ≠ C2                    

(Carter & Mancini, 2018). See Figure 15 for unity-gain multiple feedback high-pass and             

low-pass filters. 

 

High-Pass 

Low-Pass 

Figure 15 Unity-gain Topologies for Second-order Multiple Feedback filters: High-pass (Top) & 

Low-pass (Bottom) (Carter & Mancini, 2018)  
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In a typical ECG circuit, active high-pass and low-pass filters are utilized. Out of the               

many forms of active filters, there are four common types: Bessel, Butterworth, Chebyshev             

(Type I), and Elliptic filters. Bessel filters are all-pole filters, which means that their transfer               

functions have no zeros. Bessel filters have no ripples in the passband and stopband in their                

frequency responses. The Bessel filter is optimized to obtain better transient responses due to a               

linear phase, or constant delay, in the passband. As a consequence, Bessel filters will have               

relatively poorer frequency responses, or less amplitude discrimination (Thompson, 2014). The           

poles of the Bessel filter can be found by locating all of the poles on a circle and separating their                    

imaginary parts by , where n is the number of poles. The distance between the top and bottom   n
2                

poles are determined by where the circle crosses the jω axis by , or half the distance between            n
1       

the other poles (Zumbahlen, 2008).  

Butterworth filters are also all-pole filters and their frequency responses are           

monotonically flat within the passbands and stopbands. The Butterworth filter is the best             

compromise between attenuation and phase response. To attain the Butterworth filter’s ideal            

flatness, the filter has a relatively wide transition region from passband to stopband, with average               

transient characteristics (Zumbahlen, 2008). The sharpness of the roll-off from the passband to             

the stopband is determined by the order of the Butterworth filter. Due the square response of a                 

Butterworth filter, there is no phase shift and the amplitude is attenuated by a factor of two at the                   

cutoff frequency (Emery & Thomson, 2014). The poles of the Butterworth filter can be found by: 

-sin  + jcos2n
(2K − 1)π

2n
(2K − 1)π K = 1, 2 … n 

Equation 2 Pole Positions for Butterworth Filter (Thompson, 2014) 

where K is the pole pair number and n is the number of poles. The poles are equidistant from one                    

another, which means that the angles between the poles are equal (Thompson, 2014).  

Chebyshev (Type I) filters, similar to Bessel and Butterworth filters, are also all-pole             

filters. However, a Chebyshev (Type I) filter’s frequency response has ripples in its passband or               

stopband which is a trade-off for the Chebyshev (Type I) filter’s smaller transition region              
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compared to Butterworth filters. The Chebyshev (Type I) filter minimizes the height of the              

maximum ripple, which is the Chebyshev (Type I) criterion. The poles of the Chebyshev (Type               

I) filter can be found by moving the poles of the Butterworth filter to form an ellipse. The real                   

part of the pole is multiplied by Kr and the imaginary part of the pole is multiplied by KI. Kr and                      

KI  are found by utilizing the following equations: 

Kr = sinh A 

Equation 3 (Zumbahlen, 2008) 

KI = cosh A 

Equation 4 (Zumbahlen, 2008) 

where: 

A = sinh-1 n
1

ε
1  

Equation 5 (Zumbahlen, 2008)  

where n is the filter order and: 

ε =  √10R − 1     

Equation 6 (Zumbahlen, 2008) 

where: 

 R = 10
RdB   

Equation 7 (Zumbahlen, 2008)   

where RdB is the passband ripple in dB. Typically, Chebyshev filters are normalized so that the                

edge of the ripple band is at normalized angular cut-off frequency of ωo = 1.  
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The 3dB bandwidth is given by: 

A3dB = cosh-1 n
1

ε
1  

Equation 8 (Zumbahlen, 2008)   

Now, the amplitude, step, and impulse responses of the three all-pole filters (Bessel,             

Butterworth, and Chebyshev (Type I)) will be compared. Figure 16 portrays the amplitude             

response of an eight pole 0.5dB ripple filter comparison of the Bessel, Butterworth, and              

Chebyshev (Type I) filters. Figure 17 portrays the step and impulse responses of the same filter.                

The responses have been normalized for a cut-off frequency (fc) of 1 Hz. It is easy to see in                   

Figure 16 that amplitude discrimination (the ability to distinguish between the desired signal             

from noise and other signals) increases in quality with Bessel as the poorest and Chebychev               

(Type I) as the best (Zumbahlen, 2008). The Bessel signal starts to attenuate at frequencies much                

lower than the cut-off frequency of 1 Hz, while the Chebyshev (Type I) signal seems to attenuate                 

almost immediately at 1 Hz. The Butterworth signal attenuates only slightly before the             

Chebyshev (Type I) signal, which is why it is a close second. 

Figure 16 Comparison of Amplitude Response of Bessel, Butterworth, and Chebyshev (Type I) Filters 

(Zumbahlen, 2008) 
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Filters with better amplitude responses have poorer time responses. This trade-off           

phenomenon is evident in Figure 17. The transient behavior increases in quality with Chebychev              

(Type I) as the poorest and Bessel as the best. The left graph in Figure 17 portrays a step                   

response comparison of all three filters. The Chebyshev (Type I) signal does not even remotely               

emulate a step response due to its gradual transition and multiple ripples. The Bessel signal has a                 

very sharp transition which closely reproduces a step response. The Butterworth signal looks             

very similar to the Chebyshev (Type I) signal; it is only slightly better due to its decrease in                  

ripples at a faster rate. The right graph in Figure 17 portrays an impulse response comparison of                 

all three filters. The Bessel signal has a large, narrow initial impulse and immediately transitions               

into a very steady signal. The Chebyshev (Type I) signal has a smaller, wider initial impulse and                 

has many ripples. The Butterworth signal has a slightly larger, more narrow initial impulse with               

fewer ripples compared to the Chebyshev (Type I) signal.  

 Figure 17 Comparison of Step (Left) and Impulse (Right) Responses of Bessel, Butterworth, and 

Chebyshev (Type I) Filters (Zumbahlen, 2008) 

Elliptic filters are not all-pole filters, meaning their transfer functions contain zeros.            

Elliptic filters have shorter transition regions than the previously mentioned filters because there             

are ripples in both the passbands and stopbands. The zeros also mean that the attenuation will be                 

very high in the stopband and “there will be some ‘bounceback’ of the stopband response               
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between the zeros” (Zumbahlen, 2008). This “bounceback” is the stopband ripple. The poles of              

an Elliptic filter lie on an ellipse, which means that the time domain responses are degraded,                

similar to Chebyshev filters. The mathematical operations behind an Elliptic filter are much more              

complicated than Bessel, Butterworth, and Chebyshev filters. It is not simple to solve for poles               

and zeros. Alternatively, the modulation angle, θ, which determines the rate of attenuation is also               

an alternative method to defining the filter order, n: 

θ = sin-1 1
F s

   

Equation 9 (Zumbahlen, 2008) 

Another important parameter to solve for is ρ, which determines the passband ripple: 

ρ =  √ ε2

1 + ε2   

Equation 10 (Zumbahlen, 2008) 

where ε is the ripple factor and the passband ripple is defined by: 

RdB = -10 log(1 - ρ2) 

Equation 11 (Zumbahlen, 2008) 

As the ripples of the Elliptic filter response increase, the value of Amin, the minimum               

attenuation in the stopband, increases as well. Also, as θ approaches 90°, the stopband frequency               

(Fs ) approaches the cut-off frequency (Fc ). When this occurs, the result is an extremely short                 

transition region, which results in sharp rolloff. The trade-off is a lower value of Amin. Lastly, ρ                 

determines the input resistance for a passive Elliptic filter, which then relates to the VSWR, or                

Voltage Standing Wave Ratio (Zumbahlen, 2008).  
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2.3.4 Notch Filter 

A notch filter, also known as a bandstop filter or band-reject filter, is utilized to attenuate                

signals within a specific band of frequencies (stopband). All frequencies greater than or fewer              

than the stopband will not attenuate. Figure 18 depicts the role of a notch filter, where                

frequencies between f1 and f2 are attenuated and all frequencies less than f1 and greater than f2 are                  

passed. 

Figure 18 Example of the Role of a Notch Filter (Winder, 2008) 

There are three different cases of notch filter characteristics: standard notch, high-pass            

notch, and low-pass notch. These cases are determined based on the relationship between the              

pole frequency (ω0) and the zero frequency (ωz). A standard notch occurs if the pole frequency is                 

equal to the zero frequency (ω0 = ωz). A high-pass notch occurs if the pole frequency is greater                  

than the zero frequency (ω0 > ωz). A low-pass notch occurs if the zero frequency is greater than                  

the pole frequency (ωz > ω0) (Zumbahlen, 2008). Figure 19 depicts the frequency responses of               

the three different cases of notch filter characteristics.  
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Figure 19 Comparison of Standard, High-pass, and Low-pass Notches (Zumbahlen, 2008) 

Out of the many different configurations of notch filters, there are four common designs:              

1 - Bandpass (1 - BP), Bainter, Boctor, and twin T. The 1 - BP notch filter is built as a bandpass                      

filter whose output is subtracted from the input of the filter. There are two different               

configurations of the bandpass filter. The bandpass filter can either be inverting, similar to              

multiple-feedback topology (see Figure 20) or non-inverting, similar to Sallen-Key topology (see            

Figure 21). These configurations are important depending on which topology is being utilized to              

ensure that the output of the bandpass filter is being subtracted from, not added to, the input                 

(Zumbahlen, 2008).  
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Figure 20 General Configuration for Inverting 1 - Bandpass Filter (Zumbahlen, 2008) 

 

Figure 21 General Configuration for Non-inverting 1 - Bandpass Filter (Zumbahlen, 2008) 

The Bainter filter is a simple notch filter which is composed of circuit blocks with two                

feedback loops. The Q factor of the Bainter filter is not determined by the resistance and                

capacitance values in the circuit, unlike other notch filters, and therefore the Bainter filter has               

low component sensitivity. The Q factor is dependent solely on the gains of the amplifiers in the                 

circuit, which means that the notch depth, or amplitude of the notch, will not drift with                
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temperature, aging, and other environmental factors. However, the notch frequency may shift            

(Zumbahlen, 2008). See Figure 22 for the general configuration of a Bainer notch filter. R6 tunes                

the Q factor and R1 tunes the zero frequency (ωz). Changing the value of R3 determines the ratio                  

of pole frequency to zero frequency (ω0 / ωz). If R3 = R4, then the notch filter produces a                   

standard notch. If R3 > R4, then the notch filter produces a high-pass notch, and if R3 < R4, then                    

the notch filter produces a low-pass notch (Zumbahlen, 2008). 

Figure 22 General Configuration of Bainter Notch Filter (Zumbahlen, 2008) 

The Boctor notch filter only utilizes one operational amplifier, but has a relatively large              

amount of components in a moderately intricate configuration. The number of components            

utilized in the Boctor filter allows flexibility when it comes to component value selection. Boctor               

filers have low sensitivity and also possess the ability to tune the parameters of the filter                

independently to an extent. There are two different configurations of a Boctor filter: a high-pass               

notch (see Figure 23) and a low-pass notch (see Figure 24).  
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Figure 23 General Configuration of Boctor High-pass Notch Filter (Zumbahlen, 2008) 

A circuit gain is required for a high-pass Boctor notch filter. The following must be true                

for the circuit to be considered a high-pass Boctor notch filter: 

Q < 1

1 − 
ω2

0

ωz2
 

Equation 12 (Zumbahlen, 2008) 

A high-pass Boctor notch filter can be comprised of only one amplifier and two              

capacitors, which can be the same value. The pole and zero frequencies (ω0 and ωz) are                

completely independent of the gain of the amplifier (Zumbahlen, 2008).  
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Figure 24 General Configuration of Boctor Low-pass Notch Filter (Zumbahlen, 2008) 

For a low-pass Boctor notch filter, R4 tunes the pole frequency (ω0), R2 tunes the Q                

factor of the poles (Q0), R3 tunes the Q factor of the zeros (Qz), and R1 tunes the zero frequency                    

(ωz) (Zumbahlen, 2008). In order for the filter to work properly with the desired components, the                

following must be true about parameter k1, the gain factor: 

< k1 < 1
ωz

2
ω2

0  

Equation 13 (Zumbahlen, 2008) 

The twin T notch filter is the most commonly utilized notch filter. A passive twin T notch                 

filter does not have any amplifiers in its configuration, meaning there is no feedback. Passive               

twin T notch filters (see Figure 25) have a fixed Q factor of 0.25 (Zumbahlen, 2008).  
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Figure 25 General Configuration of a Passive Twin T Notch Filter (Okawa Electric Design, 2019) 

An active twin T notch filter contains positive feedback to the reference node. Unlike the               

passive twin T notch filter, the active configuration has a variable Q factor, which is determined                

by the ratio R4/R5. This ratio also determines the notch depth of the filter signal. To reach a                  

maximum notch depth, resistors R4, R5, and the associated operational amplifier can be             

eliminated. If this were to happen, then the node connecting R3 and C3 would be directly                

connected to the output. See Figure 26 for a general configuration of an active twin T notch                 

filter.  

Figure 26 General Configuration of an Active Twin T Notch Filter (Zumbahlen, 2008) 

 
 

40 



3. Methods 

3.1 Display  

The “Touch Tomorrow” event is a free, educational event hosted by WPI for community              

partners, supporters, or individuals with a passion for science to assist in inspiring the next               

generation of problem solvers. This event is an opportunity for individuals to display their work               

and/or nifty, interactive exhibits to students from grades K-12 with the purpose of sparking              

interest in the STEM fields, as shown in Figure 27 (Worcester Polytechnic Institute, 2019).  

Figure 27 WPI’s Touch Tomorrow Event Spring of 2019 (Worcester Polytechnic Institute, 2019) 

Our team plans to feature our project at this event to depict how biomedical              

instrumentation and electrical and computer engineering overlap within the STEM fields through            

an interactive project with which children of all ages can participate. Our team created custom               

parts from Elenco Electronics Snap-Circuit components to produce a simple ECG circuit, shown             

in Figure 28. Students at the event will be able to recreate the circuit by using the available                  

snap-circuit pieces on display. Once the students complete their circuit, they will have the              

opportunity to measure their own ECG and view the signal which will be displayed on an                

oscilloscope. 
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 Figure 28 Completed ECG Snap Circuit  
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3.2 ECG Circuit Design 

The main goal of the “Touch Tomorrow” event is to provide interesting, interactive             

projects to excite and inspire the participants. To ensure our display was interactive, we provided               

different values for certain stages of our ECG circuit for participants to choose from, which let                

them have the freedom to create their own semi-custom ECG circuit. Referencing Figure 29,              

there are two different portions of the ECG circuit we designed. The isolated section of the                

circuit (instrumentation amplifier, high-pass filter, and isolation amplifier) will be hardwired and            

enclosed in a clear case to prevent participants from altering the circuitry. The interactive portion               

will consist of the earth-grounded components (low-pass filter, gain stage, and notch filter).             

These stages will be enclosed within Elenco Electronics Snap-Circuit pieces for participants to             

place sequentially to complete the ECG circuit.  

To make the display even more interactive, we provided three low-pass filter modules             

with different cut-off frequencies (100 Hz, 70 Hz, and 40 Hz) as well as two gain stage modules                  

with different gain settings (3 V/V and 2 V/V). For the schematic of our final ECG circuit (see                  

Figure 30) we chose the low-pass module with a cut-off frequency of 40 Hz and the gain stage                  

module with a gain of 2 V/V. 

Figure 29 Block Diagram of Final ECG Circuit 
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 Figure 30 Schematic of Final ECG Circuit 
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3.2.1  Electrode Handles 

In order for the participants to view their ECG signal, we provided electrodes that would               

transmit their signal to the ECG circuit we developed. To do so, we designed two separate                

iterations of electrodes for the ECG display. 

First Iteration: Adhesive Electrodes 

For the first iteration of our handles we utilized adhesive electrodes, similar to the              

electrodes featured in Figure 31, that were provided to us by our advisor Professor Edward A.                

Clancy. We decided to design a two-electrode ECG circuit, which would make the application of               

the electrodes much simpler. While three-electrode ECGs typically contain less noise, we made a              

compromise to ensure our product would be easy and efficient to utilize at the “Touch               

Tomorrow” event. Adhesive electrodes were most beneficial during testing because they were            

easy to implement in our circuit; we simply needed to connect the adhesive end of each electrode                 

to the corresponding wrist (LA or RA) of the user and connect wire portions of the electrodes                 

into each of the two inputs of the instrumentation amplifier. In terms of our display for the                 

“Touch Tomorrow” event, we knew adhesive electrodes would be inefficient. Adhesive           

electrodes are not reusable which means that WPI would need to purchase the electrodes in bulk                

to accomodate all visitors of the event, and even then it is possible for the event to run out of                    

them. Adhesive electrodes can also be uncomfortable to remove and this could be a possible               

issue when working with young children.  
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Figure 31 Example of Adhesive Electrodes (Farnsworth, 2019) 

Second Iteration: Exercise Handle Electrodes  

For our second design iteration we utilized exercise handles from an elliptical exercise             

machine, shown in Figure 32. These handles worked effectively as electrodes, so we utilized              

them in our final display. We secured these exercise handles with screws to a plastic               

non-conducting cutting board which we utilized as the base of our isolated front end circuitry               

(see Figure 29). We believed providing stationary handles for individuals to rest their hands on               

would be a more kid-friendly and a more efficient method of measuring ECG signals. The               

stationary handles would limit possible inconveniences with measuring the ECG signals           

compared to the adhesive electrodes. 
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Figure 32 Exercise Handle Electrodes in Use  

3.2.2  Instrumentation Amplifier Stage 

  Figure 33 Schematic of Instrumentation Amplifier Stage 
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The instrumentation amplifier module is the first stage in the ECG circuit we created, as               

depicted in Figures 29 and 30. As previously mentioned in Section 3.2.1, the ECG circuit we                

designed was a two-electrode ECG. To design the two-electrode ECG circuit, we needed to              

account for the missing RL electrode, which is present in a three-electrode ECG circuit. The RL                

electrode represents the common ground point on the patient's body and acts as a reference for                

the instrumentation amplifier. Although this point is referred to as “ground” it is actually a               

floating voltage point on the body. In a two-electrode circuit this point is removed and instead                

this reference voltage is derived from the two measured potentials on the body. Referring to               

Figure 33, resistors R1 and R2, which connect to the instrumentation amplifier, split the voltage               

across the potential difference of the ECG signal and create a center reference that is the virtual                 

driven ground point. R1 and R2 are relatively high resistor values in order to limit the current                 

entering the ground. The ground point that is created between the junction of R1, R2, and virtual                 

ground represents the missing third electrode and is used as a reference for the active               

components in the circuit. 

As a team we decided to utilize an AD620 instrumentation amplifier because it has a               

wide power supply voltage range of V to 18 V, a maximum supply current of 1.3 mA, and      .3± 2             

is capable of providing a maximum bandwidth of 120 kHz at a gain of 100 (Analog Devices).                 

For our project we did not require the full bandwidth of 120 kHz in order to capture the signal,                   

nor the power supply range provided. However, we preferred to employ an amplifier that could               

utilize additional bandwidth in addition to the fact that the amplifier was inexpensive and easily               

accessible.  

With these parameters in mind, we utilized two 9 V batteries to create a + 9 V dual power                   

supply to power the AD620. In addition, we added two 0.1 μF decoupling, or bypass, capacitors                

to the power rails of the instrumentation amplifier (one capacitor connected from +9V (+) to               

ground (-) and one capacitor connected from -9V (-) to ground (+). The values of these bypass                 

capacitors were determined by the data sheet for the AD620 (Analog Devices, 2019). The role of                

bypass capacitors are to short AC signals to ground to ensure that any AC noise present in DC                  
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signals are removed. Essentially, decoupling capacitors filter out AC noise so that clean, pure              

DC signals travel through the circuit without any AC ripple (Kester, 2012).  

After the decoupling capacitors were added to the circuit, the gain of the instrumentation              

amplifier needed to be determined. The gain of the AD620 was based on many factors, but                

mainly on the trade-off between noise reduction and amplification of the signal. We needed to               

apply a large enough gain in the instrumentation stage, which reduces the system’s bandwidth, to               

diminish the noise in subsequent stages of the circuit (Gerstenhaber et al., 2015). However, there               

is a point at which the gain has no effect on the voltage noise, which is evident in Figure 34.  

Figure 34 Voltage Noise Spectral Density vs. Frequency (G = 1 - 1000) (Analog Devices) 

The increase in gain from 1 to 10 results in a great reduction in voltage noise. However,                 

the increase in gain from 10 to 100 as well as 1,000 is the exact same. This means that as the                     

gain increases to higher values, the voltage noise reduction gradually slows until the voltage              

noise reaches a point where it is constant. Based on Figure 34, we decided that we needed to                  

choose a gain between 10 and 100 to achieve adequate noise reduction in our ECG circuit. In                 

order to determine the gain of the AD620, we needed to take into account the voltage limitations                 
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set by the power rails of the amplifier, + 9V. However, due to a diode voltage drop of + 0.7 V,                     

the maximum voltage supplied to the circuit is  

+ 9V - + 0.7 V = + 8.3 V 

We also needed to take into account the direct current (DC) offset voltage from the               

skin-electrode contact, which is a maximum of + 300 mV.  

We utilized the maximum DC offset voltage in our calculations to ensure that the ECG               

signal would never saturate, i.e., never exceed + 8.3 V. We also had to take into account the                  

dynamic range of an ECG signal which is 0.5 mV to 5 mV. We utilized the maximum                 

differential voltage of an ECG signal, 5 mV, along with the maximum DC offset to calculate for                 

the maximum input voltage into the instrumentation amplifier, which will be 305 mV. The              

instrumentation amplifier is powered by two 9 V batteries, which means that the maximum gain               

the instrumentation can hold is: 

= 27.21 V/V8.3 V
305 mV  

We wanted to utilize standard values based on the AD620 data sheet, therefore we              

utilized Equation 14 to choose a gain of 25.7 for the instrumentation stage, which is less than the                  

maximum allowable gain of 27.21. Based on the previously mentioned equation and table, the              

resistor value which corresponds with a gain of 25.7 is a 2 kΩ resistor.  

(1 ) AV =  +  RG

49.4kΩ  

Equation 14 Equation to solve for Gain (AV) using an AD620 (Analog Devices) 

In order to analyze the instrumentation amplifier we utilized Figure 35 in conjunction             

with Kirchhoff's Voltage Law, Kirchhoff's Current Law, and Ohm’s Law. We utilized an input              

differential voltage of 5 mV plus a 300 mV DC offset in our calculations to ensure that the                  

output signal of the instrumentation amplifier would not saturate. This input voltage represents             

the voltage across RG, or v G plus the DC offset. 
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Figure 35 Basic Instrumentation Amplifier used for Numerical Analysis (Terrell, 1996) 

We then utilized the values we found for RG and v G to calculate the current through RG                 

utilizing Ohm’s Law for the worst-case scenario: 
iG =  =  = 152.5 μA vG

RG 2 kΩ
(5 mV  + 300 mV )  

After the current travels through the gain resistor, it must flow through the feedback              

resistors of amplifiers A1 and A2 because current cannot flow in or out of ideal amplifier inputs.                 

We utilized Ohm’s law to determine the resulting voltage drop across the feedback resistors:  

vR1 =  vR2  =  iG * R1  =  152.5 μA * 24.7 kΩ = 3.76675 V   
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We then solved for the voltage at the output of A1 and A2 by utilizing Kirchkoff’s                

Voltage Law. The DC offset was added to each of the input voltages, v1 and v2:  

v’1  = v1  -  vR1 = ( 0 mV) - 3.76675 V = - 3.76675 V 

v’2  = v2  +  vR2 = (300 mV + 5 mV) + 3.76675 V = 4.07175 V 

These voltages are then fed into a differential amplifier. The output of a differential              

amplifier is simply the difference of the two inputs: 

vo  = (v’2   -  v’1) = 4.07175 V - (- 3.76675 V) = 7.8385 V 

In order to support the output voltage we calculated utilizing Equation 3, we utilized              

algebraic manipulations to determine the equation for the voltage gain of the instrumentation             

amplifier: 

v’1  = v1  -  vR1  

v’2  = v2  +  vR2  

iG =  RG

v2 − v1  

vR1 = iG  * R 1 =   RG

(v2 − v1)  R1*   

vR2 = iG * R2 =   RG

(v2 − v1)  R2*   

vo  = v’2   -  v’1 

We then utilized substitution in order to get the following equations: 

vo  = (v2  +  vR2)  -  (v1  -   vR1)  

= [ v2 + ] - [ v1 + ]RG

(v2 − v1)  R2*
RG

(v2 − v1)  R1*  

 = [(v2 - v1) + ]RG

(R1 + R2)  (v2 − v1)*  
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Since R1 = R2, we can replace (R1+R2) = 2R: 

vo  =  (v2 - v1) +  = RG

2R  (v2 − v1)*
RG

R  (v2 − v1) + 2R  (v2 − v1)G *   

=   =  (v2 - v1) * RG

(v2 − v1)  (2R +R )* G
RG

(2R +R  )G  

= (v2 - v1) * ( + ) = (v2 - v1) * (1 + ) 2R
RG

 RG

RG  2R
RG

   

The equation we derived above matches the universal equation for the output of             

instrumentation amplifiers and we utilized the values we measured and calculated to determine             

the output of our instrumentation amplifier:  

 vo = (v2 - v1) * (1 + ) 2R
RG

  

= (300 mV + 5 mV) * (1 + ) = 7.8385 V2 kΩ
2  (24.7 kΩ)*  

We were able to support that the equation we derived and the mathematical operations we               

computed through Kirchhoff's Voltage Law, Kirchhoff's Current Law, and Ohm’s Law resulted            

in the same output of  vo = 7.8385 V.  

Once we had a finalized design for our instrumentation amplifier stage, we were able to               

build a perforated breadboard prototype to be utilized in the analog front end of the finalized                

ECG circuit (see Figure 36).  
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Figure 36 Physical Implementation of Instrumentation Amplifier Stage  
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3.2.3 High-pass Filter 

 

Figure 37 Schematic of High-pass Filter Stage 

Following the instrumentation amplifier in our ECG circuit is the high-pass filter. To             

build the high-pass filter stage, we utilized an LM348 operational amplifier, which contains four              

independent, high-gain, internally compensated, low power operational amplifiers (Texas         

Instruments, 2015). We chose to utilize this operational amplifier due to functionality as well as               

convenience. The LM348 operational amplifier has a maximum supply current of 2.4 mA and a               

dual power supply range of + 4V to 18V. Our analog front end is powered by two 9 V batteries,                    

which means this operational amplifier can accommodate our power supply. The LM348 has a              

maximum input offset voltage of 1 mV, which is a minute value and does not need to be                  

considered in gain calculations since it is so insignificant. Utilizing the LM348 was also              

convenient for us because the lab we were working with had multiple in stock, which reduced                

cost. Similar to the instrumentation amplifier, we utilized two 0.1 μF decoupling capacitors             

which matched the specifications of the LM348 data sheet.  
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Referencing Figures 29 and 30, only the first stage of the bandpass filter is placed before                

the isolation amplifier. This choice was made for the purpose of noise rejection. We placed the                

majority of the gain in the beginning of the circuit, i.e. mainly in the instrumentation amplifier                

and high-pass filter. If these two stages contain a large percentage of the circuit’s total gain, then                 

the noise that is also amplified with the signal in these stages will be filtered through the                 

high-pass filter before it travels through the isolation amplifier, which also provides a             

considerable amount of noise. The noise produced by the isolation amplifier will then be reduced               

through the low-pass filter, which is the final stage of the bandpass filter, which will be discussed                 

further in Section 3.2.4.  

One of the most important roles of the high-pass filter was to remove the DC offset. As                 

discussed in Section 3.2.2, the maximum DC offset of the skin-electrode contact is 300 mV.               

After the amplified signal leaves the instrumentation amplifier, it flows into the high-pass filter,              

which removes the amplified DC offset component of the ECG signal. We calculated the total               

output voltage of the instrumentation amplifier to be vo = 7.8385 V. The maximum DC offset                

portion of this output voltage can be calculated as follows: 

   vo(DC) = 300 mV * 25.7 = 7.71 V 

meaning that the voltage of the ECG signal entering the high-pass filter can be as large as: 

7.8385 V - 7.71 V = 128.5 mV 

We utilized this voltage value to determine an appropriate gain for the high-pass filter              

stage. The maximum allowable gain that can be utilized in the high-pass filter stage can be                

calculated as such: 

= 64.59 V/V8.3V
128.5 mV  

We designed our circuit to contain variable gain stages between the low-pass filter and              

the notch filter. Therefore, we did not want to choose too high of a gain in the high-pass filter to                    

ensure the ECG signal would not saturate. Therefore, with a maximum allowable gain of 64.59               
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in the high-pass stage, we chose a gain of 20. This ensures that the maximum allowable gain of                  

the variable gain stage is 3.2295 V/V and we utilized this value to design our gain modules,                 

which will be discussed later in Section 3.3.6. The total circuit gain at the point of the output of                   

the high-pass filter is as follows: 

25.7 V/V * 20 V/V = 514 V/V 

We decided to design the high-pass filter to be a second-order Sallen-Key Butterworth             

filter. Referencing Section 2.3.3, we decided the Sallen-Key topology was most applicable to the              

ECG circuit we were designing due to the circuit’s low Q factor and need for high-quality gain.                 

Our team chose to apply the Butterworth characteristics to our high-pass filter because of the               

filter’s maximally flat response in both the passband and stopband. In addition, we preferred the               

Butterworth filter’s steep transition between the passband and stopband dependent on the order             

of the filter. The higher the order of the filter, the steeper the transition, as depicted in Figure 38.                   

As shown, as the order increases the response of the Butterworth filter begins to resemble a                

nearly ideal response. For our purposes, we designed a second-order Butterworth filter because             

the overall circuit was simple to build and the frequency response was sufficient.  

Figure 38 Frequency response of normalized Butterworth high-pass filter with different orders 

(Pieter, 2018) 
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In order to derive the transfer function of a second-order Sallen-Key high-pass filter, we              

utilized the unity gain topology. The gain of the high-pass filter is determined by resistors R3                

and R4 which are not necessary for deriving the transfer function. We utilized Figure 39 as a                 

reference and derived the transfer function of a second-order Sallen-Key high-pass filter using             

KCL at node VX.  

Figure 39 Second-order Sallen-key High-pass Unity Gain Filter for Transfer Function Derivation 

(Kugelstadt, 2009) 

We utilized KCL to state that the current through C1 is equal to the sum of currents                 

through C2 and R2. From this conclusion we can create the following equation:  

1
C s1

v  − vIN X = R2

v − vX  OUT + 1
C s2

v  − vX OUT  

We then utilized KCL to state that the current through C2 is equal to the current through R1.                  

From this conclusion we can create the following equation: 

= 1
C s2

v − vX  OUT
R1

 vOUT   

The equation above can be rewritten as: 

vx =  vOUT ( + 1)R1

1
C s2  

We then substituted the above equation into the following: 
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1
C s1

v  − vIN X = R2

v − vX  OUT + 1
C s2

v  − vX OUT  

1
C s1

v  − v  ( + 1)IN OUT R1

1
C s2

= R2

v  ( + 1) − vOUT R1

1
C s2

OUT + 1
C s2

v  ( + 1) − vOUT R1

1
C s2

OUT  

Rearranging the previous equation results in the transfer function: 

= vIN

vOUT R R2 1
 + R ( + ) + R R  1

C s1
1

C s2 2
1

C s1
1

C s2 2 1
 

Finally, after utilizing algebraic operations, we were able to simplify the equation above to              

derive a finalized transfer function for a second-order high-pass Sallen-Key filter: 

H(s) = s  R  R C  C2
1 2 1 2 

s  R  R C  C  + s R (C  + C ) + 1 2
1 2 1 2 2 1 2

 

Deriving the transfer function allowed us to design our filter properly. To ensure the              

values we implemented were correct we utilized a calculator by Okawa Electric Design. When              

we utilized the calculator, we simply needed to enter the filter type (Butterworth), our desired               

cut-off frequency, and our desired capacitor values. The appropriate bandwidth of an ECG signal              

ranges from 0.05 Hz to 100 Hz, which is why we chose to design the high-pass filter to have a                    

cut-off frequency of 0.05 Hz. The actual cut-off frequency of the filter we designed was               

0.049046265646272 Hz. We utilized Equation 15 to determine the error percentages of our             

desired values compared to our actual values: 

 Error 00%% =  T heoretical Gain 
Calculated Gain − T heoretical Gain| | · 1  

Equation 15 Equation for Percent Error (University of Iowa Department of Physics and Astronomy, 

2017) 

We found that our calculated cut-off frequency only had an error percentage of 1.9%              

from our desired cut-off frequency. We also chose to utilize 3 μF capacitors for both C1 and C2.                  
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While these values may seem high, we had to compromise to ensure the resistor values would                

not be too high as well, which we found to be R1 = 300 kΩ and R2 = 3.9 MΩ. The transfer                      

function of the high-pass filter is the following: 

H(s) = 20.06976744186 s2

s  + 0.59232756907176s + 0.0949667616334282
 

We aimed to design the filter to have a Q factor of 0.707, a characteristic of a Sallen-key                   

filter. However, the actual Q factor of the filter we designed was 0.52026411021796, which was               

a 26.41% error. At first we were concerned with the error percentage, however when we plotted                

the step response of the high-pass filter with the Okawa Electric Design calculator (see Figure               

40) we found the result to be very satisfactory and the high-pass filter to be stable. The filter                  

enters a steady state after approximately 15 seconds. This means, after 15 seconds there are no                

longer any transients, or oscillations, occurring in the signal. 

Figure 40 Transient Response of High-pass Filter (Okawa Electric Design, 2019) 

After our high-pass filter was designed, we then utilized the Okawa Electric Design              

calculator to determine if the filter we designed possessed typical high-pass characteristics. We             
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also utilized these tests to compare our results from the tests we conducted on the actual                

high-pass filter circuit we built. A bode plot is used as an intuitive way to understand the                 

frequency response of a filter by comparing the frequency response to both the phase delay and                

magnitude of the signal. The bode plot depicted in Figure 41 represents how we expected our                

high-pass filter to handle the signal being processed. Referring to the first plot, the y-axis               

represents the magnitude of the gain of the signal in decibels [dB] and the x-axis depicts the                 

frequency. From the first plot, we can determine that the filter passed all frequencies after 0.05                

Hz. This can be inferred by the horizontal line occupying frequencies ranging from 0.05 Hz and                

on. For the frequencies smaller than 0.05 Hz the line is attenuated, and steadily inclines until it                 

reaches the cut-off frequency 0.05 Hz. This is because our high-pass filter was built to attenuate,                

or reject, frequencies smaller than 0.05 Hz. If we refer to the second plot, we can infer that at                   

approximately 0.05 Hz the signal begins to experience phase delay. At the cut-off frequency of               

0.05 Hz we can expect to have a delay of approximately 100°. To convert the delay from degrees                  

to seconds we utilized Equation 14, where represents the phase angle and represents the        φ °       f    

frequency, and found the time delay to be 5.6 seconds at 0.05 Hz.  
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Figure 41 Theoretical Bode Plot of the 0.05 Hz High-pass Filter (Okawa Electric Design, 2019) 

t Δ =  φ°
360·f  

Equation 16 Time Delay Equation 

Visually, one could expect this delay to look similar to Figure 42.  
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Figure 42 Example of a Delayed Signal (Science Direct) 

Once we had a finalized design for our high-pass filter stage, we built a prototype to be                 

utilized in the analog front end of the finalized ECG circuit (see Figure 43).  

Figure 43 Physical Implementation of High-pass Filter Stage  
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3.2.4 Isolation Amplifier 

 

Figure 44 Schematic of Isolation Stage 

After the high-pass filter in our ECG circuit, we implemented an isolation amplifier. We              

utilized an ISO124 amplifier produced by Texas Instruments. This amplifier is a precision             

isolation amplifier that incorporates a novel duty cycle modulation-demodulation technique. In           

simpler terms, the amplifier has an input and an output section that is galvanically isolated by                

matched 1 pF isolating capacitors built into the plastic package, as depicted in Figure 45. The                

input is duty-cycle modulated and transmitted digitally across the capacitive barrier. The output             

section then receives the modulated signal and converts it back to an analog voltage. In doing so,                 

it removes the ripple component inherent in the demodulation (Texas Instruments). 
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Figure 45 ISO124 Functional Block Diagram (Texas Instruments)  

We were attracted to the ISO124 amplifier for its excellent linearity (0.010% maximum             

nonlinearity), 50 kHz signal bandwidth and maximum voltage rating at the input of 100 V with a                 

recommended power supply range of 4.5 V to 18 V. It was important we utilized an isolation     ±    ±          

amplifier that maintained linearity (proportionality between the output and input signal) to ensure             

the analog output waveform, the user’s ECG signal, would not be distorted due to fluctuation in                

gain. We were also attracted to the ISO124 for its power supply range because each side of the                  

isolation amplifier will be powered by two 9 V batteries. For this stage we also utilized two 1μF                  

decoupling capacitors on each side of the isolation amplifier for a total of four bypass capacitors.  

Once we had a finalized design for our isolation stage, we built a prototype to be utilized                 

in the analog front end of the finalized ECG circuit (see Figure 46).  
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Figure 46 Physical Model of Isolation Amplifier Stage 

The beginning portion of our circuit, i.e., the instrumentation amplifier and high-pass            

filter, will be isolated powered, which means the power ports of the amplifiers will connect to                

+VS1 and -VS1 of the isolation amplifier (see Figure 45). This portion of the circuit, along with                 

the isolation amplifier, will not be integrated into the Elenco Snap Circuit pieces, rather it will be                 

hardwired into the display and will not be allowed to be accessed by the public. This ensures that                  

the circuitry remains intact and as well as protects individuals by securing the isolation amplifier               

so it can function properly. Figure 47 portrays the isolated portion of our ECG circuit.  
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Figure 47 Isolated Portion of ECG Circuit 
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The portion of the circuit that follows the isolation amplifier is the earth-grounded side.              

The power rails on each amplifier on the earth-grounded side will connect to +VS2 and -VS2 of                 

the isolation amplifier (see Figure 45). Each module on this side of the circuit will be encased in                  

Elenco Snap Circuit pieces; this includes the low-pass filter, the gain stage, and the notch filter.                

Figure 48 portrays the earth-grounded portion of our ECG circuit.  

Figure 48 Earth-grounded Portion of ECG circuit 

3.2.5 Low-pass Filter 

Once the ECG signal passes through the isolation amplifier it enters the low-pass filter,              

which completes the bandpass filtering stage. We utilized the same operational amplifier in the              

low-pass filter that we did for the high-pass filter, an LM348 because both filters had the same                 
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specifications. The operational amplifier is powered by two 9 V batteries and we again utilized               

two 0.1 μF decoupling capacitors.  

We utilized a second-order Sallen-Key Butterworth filter for the low-pass filter, which is             

the same topology as we utilized for the high-pass filter, only the locations of the resistors and                 

capacitors were reversed. We then utilized Figure 49 as a reference and derived the transfer               

function of a second-order Sallen-Key low-pass filter using KCL at node VX.  

 

Figure 49 Sallen-Key Unity Gain Low-pass Filter Schematic (Science Direct) 

We utilized KCL to state that the current through R1 is equal to the sum of currents                 

through R2 and C1. From this conclusion we can create the following equation:  

R1

v  − vIN X = 1
C s1

v − vX  OUT + R2

v  − vX OUT  

We then utilized KCL to state that the current through R2 is equal to the current through C2 .                   

From this conclusion, we can create the following equation: 

= R2

v − vX  OUT
1

C s2

 vOUT   

The equation above can be rewritten as: 
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vx =  vOUT ( + 1)R2
1

C s2

 

We then substituted the above equation into the following: 

1
C s1

v  − vIN X = R2

v − vX  OUT + 1
C s2

v  − vX OUT  

R1

v  − v  ( + 1)IN OUT
R2
1

C s2 = 1
C s1

v  ( + 1) − vOUT
R2
1

C s2
OUT

+ R2

v  ( + 1)− vOUT
R2
1

C s2
OUT

 

Rearranging the previous equation results in the transfer function: 

= vIN

vOUT
1

C s1
1

C s2
R R  + (R  + R ) +  2 1

1
C s1 2 1

1
C s1

1
C s2

 

Finally, after utilizing algebraic operations, we were able to simplify the equation above to              

derive a finalized transfer function for a second-order high-pass Sallen-Key filter: 

H(s) = 1
 s C  C  R  R  + sC (R  + R ) + 12

1 2 1 2 2 1 2
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Low-Pass Filter with Cut-off Frequency of 100 Hz 

Figure 50 Schematic of Low-pass Filter with Cut-off Frequency of 100 Hz  

Deriving the transfer function allowed us to design our low-pass filters properly. To             

ensure the values we implemented were correct we utilized the Okawa Electric Design calculator              

again. As mentioned in Section 3.2.3, the appropriate bandwidth of an ECG signal ranges from               

0.05 Hz to 100 Hz, which is why we chose to design the low-pass filter to have a cut-off                   

frequency of 100 Hz. The actual cut-off frequency of the filter we designed was              

98.942521423799 Hz. We utilized Equation 15, referenced in Section 3.2.3, to again determine             

the error percentage of our desired values compared to our actual values. We found that our                

calculated cut-off frequency had an error percentage of 1.05%. For our low-pass filter with a               

cut-off frequency of 100 Hz, we chose to utilize a 0.66 μF capacitor for C1 and a 0.33 μF                   

capacitor for C2. We decided to use these capacitor values in order to produce a low-pass filter                 

that should have a Q factor of 0.707, a property of a Butterworth filter. In order to achieve a Q                    
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factor of 0.707, R1 was set to 3.6 kΩ and R2 was set to 3.3 kΩ. The transfer function of the                     

low-pass filter is the following:  

(s)  G = 386478.80704
s +880.01224364s+386478.807042  

We were pleased to find that the actual Q factor of the filter we designed was                

0.70643812214226 which produced an error of 0.08%. We then reviewed the step response of              

the low-pass filter with the Okawa Electric Design calculator (see Figure 51) and were satisfied               

to find a stable low-pass filter. The transient analysis of the low-pass filter with a cut-off                

frequency of 100 Hz was very satisfactory. The low-pass filter enters a steady state after               

approximately 0.01 seconds. This means, after 0.01 seconds there are no longer any transients, or               

oscillations, occurring in the signal.  

Figure 51 Transient Response of the Low-pass Filter with Cut-off Frequency of 100 Hz (Okawa Electric 

Design, 2019)  

We then followed the same process as we did in Section 3.2.3 to determine if the filter we                  

designed possessed typical low-pass filter characteristics. In addition, we utilized these tests to             
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compare our results from the tests we conducted on the actual low-pass filter circuit we built.                

Figure 52 is the theoretical bode plot Okawa Electric Design produced depicting the behavior of               

the low-pass filter. 

 

 

Figure 52 Theoretical Bode Plot of the Low-pass Filter with Cut-off Frequency of 100 Hz (Okawa 

Electric Design, 2019) 

Referring to the top plot depicted in Figure 52, the y-axis represents the magnitude of the                

gain of the signal in decibels [dB] and the x-axis depicts the frequency. From this plot, we can                  

determine that the filter passed all frequencies up until approximately 100 Hz (100*100). This              

can be inferred by the horizontal line occupying frequencies ranging from 0.1 Hz to 100 Hz. For                 

the frequencies larger than 100 Hz the line is attenuated, steadily declining. This is because our                

low-pass filter was built to pass all frequencies smaller than 100 Hz. If we refer to the bottom                  

plot, we can infer that at approximately 10 Hz the signal begins to experience phase delay. At the                  
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cut-off frequency of 100 Hz we can expect the signal to have a delay of approximately -80°. To                  

convert the delay from degrees to seconds we utilized Equation 14, referenced in Section 3.2.3,               

and found the time delay to be 0.002 seconds at 100 Hz.  

Once we had a finalized design for our low-pass filter with a cut-off frequency of 100 Hz,                 

we built a prototype to be utilized in the analog front end of the finalized ECG circuit (see Figure                   

53). The image on the left is the low-pass filter circuit that we soldered to a perforated                 

breadboard. We connected the inputs and outputs to the “snaps” (the small metal pins that are                

used to connect snap-circuit components together). The image on the right portrays the             

completed snap-circuit building block with the inputs and outputs clearly labeled.  

 

Figure 53 Physical Implementation of the Low-pass Filter with a Cut-off Frequency of 100 Hz  

This process was then repeated twice more for two other low-pass filter modules with              

different cut-off frequencies. For educational purposes, we created additional pieces so students            

could visualize how their ECG signal would be altered by different cut-off frequencies at this               

stage in the circuit. Since the appropriate bandwidth of an ECG ranges from 0.05 Hz to 100 Hz,                  

we decided the second cut-off frequency should be 70 Hz because it is close to 60 Hz, which is                   

the frequency that the notch filter we implemented attenuates. 
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Low-Pass Filter with Cut-off Frequency of 70 Hz 

 

Figure 54 Schematic of Low-pass Filter with Cut-off Frequency of 70 Hz 

The actual cut-off frequency of the low-pass filter with a desired cut-off frequency of 70               

Hz we designed was 68.132620471314 Hz. We again utilized Equation 15 to determine the error               

percentage of our desired values compared to our actual values, which we found to be only 2.7%.                 

For this low-pass filter, we chose to utilize a 0.01 μF capacitor for C1 and a .047 μF for C2. In                     

choosing to use these values, we found R1 had to be 43 kΩ and R2 had to be 27 kΩ in order to                       

build a low-pass circuit with respect to the Butterworth characteristics. The transfer function of              

this low-pass filter with a cut-off frequency of 70 Hz is the following:  

(s) G = 183260.94525996
s +6029.2850990525s+183260.945259962  
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We again aimed to design the filter to have a Q factor of 0.707. However, the actual Q                  

factor of the filter we designed was 0.271001764363784, which produced an error of 61.7%. We               

were concerned with the high error percentage, but found that the step response plot is very close                 

to an ideal step response of a low-pass filter. The low-pass filter enters a steady state after                 

approximately 0.2 seconds. This means, after 0.2 seconds there are no longer any transients, or               

oscillations, occurring in the signal. 

Figure 55 Transient Response of the Low-pass Filter with Cut-off Frequency of 70 Hz (Okawa Electric 

Design, 2019) 

To determine if the 70 Hz low-pass filter we designed possessed typical low-pass             

characteristics we again utilized the Okawa Electric Design calculator to analyze the filter’s bode              

plot. Figure 56 depicts how we expected the low-pass filter to handle the signal being processed.                

Referring to the top plot in Figure 56, we can see that the filter begins to gradually attenuate at                   

approximately 20 Hz, which is much earlier than expected. We were not extremely concerned              

with these results, as they were expected after solving for such a high error percentage and                

analyzing the transient response of the filter. If we refer to the bottom plot in the figure, we can                   

infer that multiple phase delays occur in the signal. Neither plot portrayed the characteristics of               

an optimal low-pass filter with a cut-off frequency of 70 Hz, but the filter still served its purpose,                  

76 



as it was still attenuating frequencies larger than 70 Hz, and would produce a noisier signal at the                  

output for students to compare and contrast to other two cut-off frequencies (100 Hz and 40 Hz).  

Figure 56 Theoretical Bode Plot of the Low-pass Filter with Cut-off Frequency of 70 Hz (Okawa Electric 
Design, 2019) 

 
Once we had a finalized design for our low-pass filter with a cut-off frequency of 70 Hz,                 

we built a prototype to be utilized in the analog front end of the finalized ECG circuit (see Figure                   

57).  
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Figure 57 Physical Implementation of the Low-pass Filter with a Cut-off Frequency of 70 Hz 

 

Low-Pass Filter with Cut-off Frequency of 40 Hz 

Figure 58 Schematic of Low-pass Filter with Cut-off Frequency of 40 Hz 
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This process was repeated for the last time with a low-pass filter designed with a cut-off                

frequency of 40 Hz. The actual cut-off frequency of the filter we designed was 39.101340100836               

Hz. We again utilized Equation 15 to determine the error percentage of our desired values               

compared to our actual values, which we found to be 2.2%. For this low-pass filter, we chose to                  

utilize a 1.0 μF capacitor for C1 and a 0.047 μF for C2. In choosing to use these values, we found                     

R1 had to be 7.5 kΩ and R2 had to be 4.7 kΩ. The transfer function of this low-pass filter with a                      

cut-off frequency of 40 Hz is the following:  

(s) G = 60359.136864343
s +346.09929078014s+60359.1368643432  

We again aimed to design the filter to have a Q factor of 0.707. However, the actual Q                  

factor of the filter we designed was 0.7098568883479, which produced an extremely low error of               

0.4%. We were extremely pleased with this result, and found that the filter’s step response was                

extremely satisfactory. As shown in Figure 59, the filter enters a steady state after approximately               

0.03 seconds.  

79 



Figure 59 Transient Response of 40 Hz Low-pass Filter (Okawa Electric Design, 2019)  

To ensure this filter possessed typical low-pass filter characteristics we analyzed the            

filter’s bode plot. Figure 60 depicts how the low-pass filter with a cut-off frequency of 40 Hz                 

handled the signal being processed.  
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Figure 60 Theoretical Bode Plot of the 40 Hz Low-pass Filter (Okawa Electric Design, 2019) 

Referring to the top plot depicted in Figure 60, we can determine that the filter passed all                 

frequencies up until approximately 40 Hz. This can be inferred by the horizontal line occupying               

frequencies ranging from 0.1 Hz to 40 Hz. For the frequencies larger than 30 Hz the line is                  

attenuated, steadily declining. This is because our low-pass filter was built to pass all frequencies               

smaller than 40 Hz. If we refer to the bottom plot, we can infer that at approximately 5 Hz the                    

signal begins to experience phase delay. At the cut-off frequency of 40 Hz we can expect the                 

signal to have a delay of approximately -100°. To convert the delay from degrees to seconds we                 

can utilize Equation 14, referenced in Section 3.2.3, and find that the time delay to be 0.007                 

seconds at 40 Hz.  

Once we had a finalized design for our low-pass filter with a cut-off frequency of 40 Hz,                 

we built a prototype to be utilized in the analog front end of the finalized ECG circuit (see Figure                   

61).  

81 



 

Figure 61 Physical Implementation of the Low-pass Filter with a Cut-off Frequency of 40 Hz 

3.2.6 Gain Stage 

After the signal passes through one of the low-pass filters, the user will then choose a                

gain. The next portion of the snap circuits that needed to be designed was the selectable gain                 

stages. Our team decided upon two different gains that can be placed into the circuit. The two                 

different gain modules we designed were 2 V/V and 3 V/V. We determined that the highest                

possible gain that could be implemented to avoid saturation was 3.2295 V/V. The method for               

determining this value is explained in section 3.2.3. Our team chose a non-inverting topology for               

the gain pieces. This topology is similar to the Sallen-Key topology that is used in both the                 

high-pass and low-pass stages, without the filtering. To create the non-inverting amplifiers, we             

utilized an LM348 operational amplifier, similar to the high-pass and low-pass stages. We again              

utilized two 0.1 μF decoupling capacitors to limit the current. 
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Gain Stage of Gain of 2 V/V 

 

Figure 62 Schematic Gain Stage with Gain of 2 V/V 

To calculate the gain for the gain stage of 2 V/V, we utilized Equation 16, which portrays                 

the equation for determining the gain of a non-inverting amplifier circuit, while Figure 63 shows               

the topology for a non-inverting operational amplifier with a gain feedback loop. 

(1 ) A V =  +  R1

R2  

Equation 17 Gain Equation for a Non-inverting Amplifier 
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Figure 63 Non-Inverting Gain Stage Topology 

For simplicity, R1 was set to 1 kΩ and R2 was used to control the gain. Therefore, to                   

calculate for a gain of 2 V/V, R1 = 1 kΩ and R2 = 1 kΩ as well: 

(1 ) 2 V /V  A V =  +  1 kΩ 
1 kΩ =   

After the signal passes through the gain stage of 2 V/V, the total gain of the ECG circuit would 

be as follows: 

  ATOTAL  = 25.7 V/V * 20 V/V * 2 V/V =  1028 V/V 

The snap circuits had the same pin connections as the low-pass filters that were designed.               

There are 5 connections on the snap circuit. The three power connections, +9V, -9V and ground.                

It also has a connection for the input and output signal. The photos of the physical                

implementations of the gain stage for a gain of 2 V/V are shown in Figure 64. 
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Figure 64 Physical Implementation of the Gain Stage with a Gain of 2 V/V 

Gain Stage of Gain of 3 V/V 

Figure 65 Schematic of Gain Stage with Gain of 3 V/V 
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To calculate the gain for the gain stage of 3 V/V, we again utilized Equation 16. R1 was                  

set to 1 kΩ and R2 was used to control the gain similar to the 2 V/V gain stage. Therefore, to                     

calculate for a gain of 3 V/V, R1 = 1 kΩ and R2 = 3 kΩ as well: 

(1 ) 3 V /V  A V =  +  1 kΩ 
2 kΩ =   

After the signal passes through the gain stage of 3 V/V, the total gain of the ECG circuit would 

be as follows: 

  ATOTAL  = 25.7 V/V * 20 V/V * 3 V/V =  1542 V/V 

Once we had a finalized design for our gain stage with a gain of 3 V/V, we built a                   

prototype to be utilized in the analog front end of the finalized ECG circuit (see Figure 66).  

 

Figure 66 Physical Implementation of the Gain Stage with a Gain of 3 V/V 
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3.2.7 Notch Filter 

Figure 67 Schematic of Notch Filter with Stopband at 60 Hz 

To design the notch filter correctly, we utilized the Okawa twin T notch filter design tool.                

We chose to implement a passive twin T notch filter because it is commonly utilized in ECG                 

circuits and it was very simple to construct. The resistor and capacitor values for the notch filter                 

were determined using the Okawa calculator. Our team tested the filter design against a              

pre-existing reference design and found that the passive circuit worked well in removing 60 Hz               

noise from the signal. The designed filter is shown in Figure 67, where the signal is input on the                   

left side and output on the right side. 

In order to ensure the notch filter performed properly we conducted the same tests as for                

the bandpass filter, without the step response. From Figure 68 we can determine that the notch                

filter should attenuate at 60 Hz as depicted by the large drop in-between 10 Hz and 100 Hz.  
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Figure 68  Theoretical Bode Plot of the Notch Filter (Okawa Electric Design) 

A snap circuit piece was designed to implement this circuit. Since this module did not               

require any power, there were only 2 inputs and 1 output to the module. The two inputs were the                   

signal and ground and the output pin was the signal output. This snap circuit piece is optional for                  

the user. If it is used, it serves the function of being the last snap circuit module and the                   

oscilloscope will be connected to it. Figure 69 portrays the final implementation of the notch               

filter module.  

 

Figure 69 Physical Implementation of the Gain Stage with a Gain of 3 V/V 
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4. Results 

4.1 Instrumentation Amplifier Stage  

4.1.1 Gain Testing 

 

 Instrumentation Amplifier 

Theoretical  25.7 V/V 

Measured 30.2 V/V 

Vin 20 mV pk-pk  

Vout 0.604 V pk-pk 

Error 17.5% 

Table 1 Comparison of Theoretical to Measured Gain Values for Instrumentation Amplifier 

To verify the gain we expected to produce at the instrumentation amplifier stage we              

measured the amplitude of a 50 Hz sine wave at the output of each stage. We used a 50 Hz sine                     

wave to measure the values because 50 Hz is within the passband of our filters and would not                  

attenuate. As depicted in Table 1, we were pleased to find the theoretical values we solved for                 

closely resembled the values we measured. For precision purposes, we solved for the percent              

error of our stage gains.  

4.1.2 Common Mode Rejection Ratio 

Common Mode Rejection Ratio (CMRR) is measured by evaluating the common mode            

gain and differential gain over the ECG signal’s passband (0.05 Hz to 100 Hz). To find the                 

common mode rejection ratio we connected the two input pins of the AD620 and applied a 5                 
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Vpk-pk sine wave. Ideally, the instrumentation amplifier would recognize the same signal at             

both inputs and perfectly subtract one from the other to create an output of zero. The frequency                 

of the input sine wave was varied from 1 Hz to 250 Hz incrementing by 10 Hz. At the output pin                     

of the instrumentation amplifier we measured the amplitude of the output signal at each              

frequency and calculated for the common mode gain by utilizing Equation 18.  

MG C =  Input Amplitude
Output Amplitude = 5 V

V OUT   

Equation 18 Equation for Common Mode Gain  

We found that the measured amplitude of the common mode output voltage ranged from              

0.28 mV pk-pk at 1 Hz to 1.24 mVpk-pk at 250 Hz. We would like to note that while measuring                    

the common mode output signal dropped to a very low magnitude that was difficult to measure                

reliably using the available lab, though we were not concerned because a small output indicates               

low common-mode gain.  

MRR (dB) 20log ( )C =  10
dif ferential gain

common mode gain  

Equation 19 Equation for Common Mode Rejection Ratio 

Ideally, the output of the instrumentation amplifier would be 0 V. The measured output of               

the instrumentation amplifier was 2.8 mV. The common mode gain was then calculated by              

dividing the output of the instrumentation amplifier by the input voltage, 5 V. This gave a                

common mode gain of 0.56 mV/V. To calculate the common mode rejection ratio in dB, we                

divided the measured differential gain of the amplifier, 30.2 V/V by the common mode gain and                

converted the value into dB. This gave a common mode gain of 94.64 dB. This was repeated                 

over the range of frequencies that we wanted to test. The results are shown in the graph below. In                   

order for our circuit to attenuate 60 Hz noise from the body, the common mode rejection ratio                 

would need to be at least 89 dB. Our circuit had a common-mode rejection ratio higher than 89                  

dB for frequencies less than 230 Hz. Since this extends the dynamic frequency range of the ECG                 
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signal, our circuit worked within the required specifications. See Figure 70 for a plot of CMRR                

vs. Frequency.  

 

Figure 70 Common Mode Rejection Ratio 

4.1.3 Input Offset Voltage 

After we tested the gain and common mode rejection of the instrumentation amplifier, we              

then measured the input offset voltage, which should have been a maximum of 50 μV based on                 

the specifications sheet of the AD620 (Analog Devices, 2019). To find this value, we had to                

connect the inputs of the instrumentation amplifier to ground to ensure the only voltage being               

passed through was the offset voltage. The offset voltage is a measurement of the noise voltage                

that is output from the instrumentation amplifier when no signal is being passed through. It is the                 

difference between the two ground inputs that the AD620 amplified. Ideally, the input offset              

voltage should be 0 V. It is necessary to test the input offset voltage to ensure that a huge offset                    

is not being amplified and corrupting the signal. Since this value is extremely small, we               

implemented a very high gain in the instrumentation amplifier, so we could measure the output               

accurately with a voltmeter. The input offset voltage is then determined by dividing the noise               

output voltage by the gain, which is equivalent to the large gain we implemented (Analog               
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Devices, 2019). It was important we tested the offset voltage of our implementation amplifier in               

order to ensure our output voltage was not skewed by too large of an offset.  

After connecting the inputs to ground and setting the gain of the instrumentation              

amplifier, we measured the DC output voltage of our AD620 to be 2.7 μV. Due to the fact that                   

the voltage is very small, we implemented a gain of 495 by setting the value of RG equal to 100                    

Ω by using Table 1. We found the input offset voltage to be 5.45 nV after dividing the 2.7 μV                    

output voltage by the different gain of 495. We were pleased to find the input offset voltage of                  

our instrumentation amplifier was a small negligible value because it meant it was unlikely to               

have an impact on our output signal.  

4.1.4  Input Bias Current 

The input bias current on an operational amplifier is the DC current required by the               

inputs of the amplifiers in order to operate the first stage. The input offset current is the                 

difference between the two input bias currents. Ideally, it is best not to have current flowing into                 

the input terminals when using an operational amplifier (Analog Devices). To measure the             

current, we would use an ammeter to read the current values flowing into the input terminals. For                 

instance, we would read IB+ and IB- shown in Figure 35. While doing so, we would ensure the                  

values were within the specified range of 0.3 - 1 nA.  
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Figure 71 Definition of Operational Amplifier Input Bias Current (Analog Devices) 

In order to find the input offset current, annotated as IOS, we would need to subtract the                 

differential currents IB+ and IB- to find IOS: 

(IOS = IB+ - IB-) 

However, the value of IOS is only meaningful if the two input bias currents are               

fundamentally reasonably well-matched to begin with (Analog Devices). An example where the            

value of IOS would not be meaningful is for a current feedback operational amplifier because in                

such a scenario, the currents are radically unmatched. Unfortunately, the equipment we had             

available to us at Worcester Polytechnic Institute was not sensitive enough to measure these              

small currents, so we were not able to conduct these tests.  
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4.2 High-pass Filter Stage  

 

Figure 72 Magnitude Response of the High-pass Filter  

Figure 72 depicts the magnitude response of a second order high-pass filter with a cutoff               

frequency of 0.05 Hz. This test was run by inputting a 0.1 V pk-pk sine wave into the high-pass                   

filter and measuring the magnitude of the signal at frequencies from 0.01 Hz to 30 Hz. The                 

measured results show that high-pass filter is performing closely to the idealized results that are               

discussed in the Methods section 3.2.3. The measured gain in the high-pass stage was 20.8 V/V,                

which is within the tolerance range of the designed filter gain, 20 V/V. The filter is rejecting                 

frequencies under 0.05 Hz and amplifying signals that are above that threshold. As the frequency               

of the signal increased, the gain approached 20.8 V/V. Table 2 shows the results from the gain                 

testing of the high-pass stage.  
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 High-Pass Filter 

Theoretical  20  V/V 

Measured 20.8 V/V 

Vin 0.1 V pk-pk  

Vout 2.08 V pk-pk 

Error 4% 

Table 2 Comparison of Theoretical to Measured Gain Values for High-pass Filter Stage 

4.3 Low-pass Filter Stage 

For the next test, we created magnitude responses for the three low-pass filters that were               

designed for the snap circuits. The filters designed were all second order Butterworth filters. The               

Sallen-Key topology also remained the same for all iterations. The only difference between the              

circuits are the resistor and capacitor values. All three filters worked as expected. The theoretical               

results of the filters are shown in the methods section 3.2.3 above. Since all three of the filters                  

worked as they were expected to, it is hard to see any advantages to either of the filters by                   

looking at just the magnitude response. The differences between the filter outputs are more              

visible by comparing the recorded ECG signal outputs. These results are shown in the Recorded               

ECG section below.  
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Figure 73 Magnitude Response of the Low-Pass Filter with 100 Hz (top), 70 Hz (middle), and 40 

Hz Cut-off Frequency (bottom) 
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4.4 Variable Gain Stages 

The next test was to measure the gain of the variable gain snap circuit pieces that were                 

created for the display. The gain values were chosen as discussed in the methods sections. The                

purpose of this test was to measure the accuracy of the gain pieces and also to ensure that no                   

saturation occurs when measuring an ECG signal. Table 3 shows the results from measuring the               

gains of the snap circuits. The pieces worked as they were expected to and no issues were found                  

with the circuits.  

 Gain of 2 Gain of 3  

Theoretical  2 V/V 3 V/V 

Measured 2.3 V/V 

 

3.1 V/V 

Vin 0.1 V pk-pk 0.1 V pk-pk 

Vout 0.23 V pk-pk 0.31 V pk-pk 

Error 15% 3.3% 

Table 3 Comparison of Theoretical to Measured Variable Gain Values of Snap Circuits 

4.5 Notch Filter Stage 

The next magnitude response that we created was for the Twin “T” notch filter that was                

designed in the method section 3.2.4 of this paper. This filter was designed to eliminate 60 Hz                 

noise from the signal. The filter did not work as effectively as it theoretically could have, as                 

discussed in the methods section. Despite the noise present in the magnitude response, the              

addition of this circuit piece to the circuit seemed to significantly reduce the 60 Hz noise in the                  

signal. An example of the output signal with and without the notch filter is shown in the recorded                  

ECG section below.  
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Figure 74 Magnitude Response of the 60 Hz Notch Filter 

4.1.9 Recorded ECG 

The screenshot shown in Figure 75 is the oscilloscope display of a filter output when               

using the low-pass filter with a cut-off frequency of 100 Hz, gain stage of 2 V/V, and an overall                   

gain of 1028 V/V. This output has a visible ECG signal with clear QRS waveforms at each                 

heartbeat. Due to the noise, the P and T waves are not visible. We then tested the circuit by                   

changing the gain to 3. This output is shown in Figure XX below. When the gain was increased                  

to an overall gain of 1542 V/V, more features of the waveform became visible. Then, the notch                 

filter was added to the snap circuit and the 60 Hz was reduced. The signal could still be clearer,                   

but it was a big improvement over the original output.  
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Figure 75 Recorded ECG with 100 Hz LPF, Overall gain of 1028 V/V, and No 60 Hz Notch Filter (Time 

division of 20 ms and 200 mV per division) 

 
 

 

Figure 76 Recorded ECG with 100 Hz LPF, Overall gain of  1542 V/V, before (left) and after (right) 60 

Hz notch filter is added (Time division of 20 ms and 200 mV per division) 

The last configuration that we tested used the 40 Hz LPF, a Gain of 2, and the 60 Hz                   

notch filter. This set-up produced a clean signal with clear QRS waves, as well as visible P and T                   

waveforms. The downside to this set-up is that the amplitude of the peak is reduced. The                

resulting output is shown in the figure below.  
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Figure 77 Recorded ECG with 40Hz LPF, a Gain of 2, and 60 Hz notch filter (Time division of 20 ms and 

200 mV per division) 
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5. Discussion 

We worked closely to determine what the criteria of our final design should be: an               

interactive educational display that represented the biomedical instrumentation concentration of          

ECE at WPI. The constraints we considered included time, cost and size while the objectives               

consisted of sustainability, reliability, safety and user friendliness. The final display was required             

to be capable of generating a clean ECG signal and had to be fully prepared to be on display for                    

the “Touch Tomorrow” event in the Spring of 2020. To better describe our design process with                

respect to our constraints and objectives, we have divided this discussion by each portion of the                

ECG circuit, following the layout of Section 3.0.  

In order to produce a successful display we had to create a display that worked with - not                  

against our constraints and took into consideration our objectives. In designing our display we              

ensured to ask ourselves whether the ideas we pictured would be feasible within our constraints:               

time, cost and size. When we produced the electrode handles we took into consideration whether               

the handles we chose to implement would be feasible enough to build within our allotted time of                 

fourteen weeks. This was a strict deadline for our group being that two out of the three members                  

would not be able to extend the project into a third term. In addition, we wanted to ensure the                   

handles we created were aesthetically pleasing, and within our budget, being that the display was               

meant to attract students from K-12 grade. This meant, we had to find a balance between one of                  

our objectives, user-friendliness, and our second constraint: cost. For instance, in Section 3.2.1             

we discuss that our first design iteration of the handles utilized adhesive electrodes (featured in               

Figure 31) because of how convenient the electrodes were for testing purposes. Although, we              

were aware that for the display the electrodes were an inefficient method. This is because               

adhesive electrodes are not reusable which means that WPI would need to purchase the              

electrodes in bulk to accomodate all visitors of the event, and even then it is possible for the                  

event to run out of them. Adhesive electrodes can also be uncomfortable to remove and this                

could be a possible issue when working with young children. With these factors in mind, we                

knew in order to achieve the objectives of user-friendliness and sustainability we would have to               
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find another option for the electrode handles. After reviewing our options, we were pleased with               

our final decision to utilize exercise handles from an elliptical exercise machine (depicted in              

Figure 32). This is because the electrodes met each of our constraints and objectives. We               

received the electrodes from our Advisor, meaning we did not have to allocate our budget to                

purchasing them, or any additional time to finding them online. In addition, the electrodes are               

considered a standard size for hands - meaning the electrodes would be fine for all individuals                

visiting our display. As for our objectives, we were happy to provide stationary handles for the                

users to rest their hands on because it created a more kid-friendly and efficient method of                

measuring ECG signals. The stationary handles would limit possible inconveniences with           

measuring the ECG signals compared to the adhesive electrodes. 

In order to design the fixed stage of the circuit, consisting of the instrumentation              

amplifier, high-pass filter, and isolation amplifier, we mainly took into consideration our            

objectives: sustainability, reliability, safety and user friendliness. Each of these stages were            

essential to the overall performance of the circuit, so we wanted to ensure the components we                

decided to utilize would be capable of performing to our expectations. In short, we were fine                

with spending more of our budget and time on these stages in order to perfect them. The only                  

constraint we wanted to ensure we followed was keeping the perforated breadboards within their              

specified size of 44x28mm.  

The fixed stage of the circuit was created to be non-interactive to ensure the reliability of                

the circuit, due to how sensitive this part of the circuit was and to ensure the safety of the users.                    

This is because, the isolation amplifier galvanically isolated the fixed stage of the circuit from               

the interactive portion of the circuit as described in detail in Section 3.2.4. In addition, we                

wanted to ensure the display was sustainable and we knew if we kept the most difficult portion                 

of the circuit secluded from the users it would only add to the longevity of the project. We were                   

proud of our final design for the fixed portion of the circuit because we believe it balanced each                  

objective well. Initially, we were worried that secluding a portion of the circuit would make the                

overall display less interactive. We were able to avoid this dilemma by adding variable cut-off               

frequencies for the low-pass filter and by producing a gain stage. By adding these additional               
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components to the circuit we believe we made the overall circuit more interactive while still               

protecting the fixed stage.  

When creating the interactive portion of the circuit (the variable low-pass filter, gain             

stage, and the notch filter) we took into consideration the objectives and constraints of our               

project. We wanted to make certain that this portion of the circuit was user-friendly, sustainable               

and reliable. Users would interact with this portion of the circuit the most, and we wanted to                 

make sure the users left feeling as though they learned something. When we designed this               

portion, we took into consideration our budget as well as the limited amount of time we had to                  

produce something both creative and useful. We had to ensure the variable frequencies and gains               

we chose produced a large enough difference in the signal that users could visualize the               

differences on the oscilloscope.  
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Appendix A: Bill of Materials 
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Appendix B: Directions for Touch Tomorrow Event 
Step 1: Plug in the 9 V batteries 

Step 2: Turn on the oscilloscope. Set to AC coupling. Set the time scale to 250 ms and set the 

volts per division to 100 mV.  

Step 3: When you are handed the board, connect the wires as connected in the photo below. 

[Both the right and left side of the photo have wires connected. Right side is oscilloscope and left 

side are the wires from the fixed portion of the circuit] If a signal does not appear, press the 

autoscale (or auto set) button and adjust the time scale back to 250 ms.  

 

 

 

 

 

 

 

 

 

 

 

 

 

On the left side of the photo:  

- Grey wire head is connected to the input pin of the low-pass filter 

- Red wire head is connected to V+ of the low-pass filter 

- Blue wire head is connected to V- of the low-pass filter 

- Black wire head is connected to ground 
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On the right side of the photo:  

- Oscilloscope alligator clip (common) is connected to ground 

- Oscilloscope head (positive reference) is connected to output 

  

Step 4: Tell the participant to place their hands lightly on the handles. After they see their ECG 

signal, clean the handles  

Step 5: Repeat the process for all participants 

Step 6: When packing the display make sure to unplug the batteries 
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Appendix C: Posters for Touch Tomorrow Event 
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Appendix D: Final Presentation Poster 
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Appendix E: EMG Recommendations  

The ECG Circuit can be Redesigned to Produce an Interactive          
EMG Display 

The EMG circuit needs to be redesigned to produce a high quality experience for the               

interactive EMG display. This display would incorporate a microcontroller, an interactive game            

using two robotic arms, and a cuff to record the user’s physiological signal. Currently, the EMG                

circuit design we created is based off of the parameters of the instrumentation amplifier, isolation               

amplifier, and filters we chose based on our design constraints. Such constraints included our              

two term MQP deadline, $600 budget, and unexpected inconveniences. To ensure the longevity             

of the EMG display and clarity of the signal, future MQP teams should create the display over a                  

time period of at least three terms.  

The EMG display was designed to feature an interactive game where the user’s goal is to                

mirror the movements of a “target” prosthetic arm located behind the user-controlled prosthetic             

arm. The user will be able to mirror the movements of the target arm by wearing a cuff that                   

contains electrodes placed within the lining. Once the cuff is on and the game begins, the                

user-controlled prosthetic arm will try to mimic the target’s movements within the designated             

parameters. The game would include three levels: easy, medium, and hard. Dependent on how              

well the user follows the movements of the standard arm, they will receive a score on the LCD                  

screen. In addition to the user-controlled and target prosthetic arms, the display would showcase              

the circuitry of the EMG, directions depicting how to play the game, an explanation of the                

project, and a detailed explanation of the analog front end circuitry.  

The MQP team adopting this project should contact the Robotic Engineering Department            

in hopes of utilizing their robotic arms within the first week of their MQP. This is to ensure a                   

repore is made with the department and to avoid a time delay in receiving the robotic arms. In                  

addition, the team should dissect each datasheet of every component they choose to utilize in               

their EMG circuit. After doing so, the team should choose which tests they would like to                

implement to ensure each phase works individually and as a whole. Prior to building their               
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display the team should have a reliable circuit design that can clearly display the EMG signal of                 

any user. For the benefit of the future MQP team, we have attached the material we have                 

produced on creating such a display in Appendix D.  
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Appendix F: EMG Background 

1.0 Background 

1.1 Electromyogram (EMG)  

Electromyography (EMG) can be utilized in both diagnostic procedures as well as for             

prosthetics. For diagnostic purposes, an EMG is a procedure that assesses the health of the               

muscle by measuring the electrical activity within the muscle to detect neuromuscular            

abnormalities. In all uses, an EMG captures the electrical signal from the muscle through tiny               

electrodes. After the signal is captured it is sent to an oscilloscope to display the signal for                 

interpretation. When performing an EMG for diagnostic purposes, the muscle signals are            

recorded during rest, slight contraction, and forceful contraction. It is important to keep in mind               

that at rest, electrical signals would not be produced. The muscle is measured at each of these                 

positions in order to capture multiple action potentials of the muscle. By capturing the action               

potentials of the muscle, the individual administering the EMG is able to assess the muscles'               

ability to respond when the nerves are stimulated (Ai et al., 2018). 

An EMG can also be used to produce myoelectric prosthesis. The term “myoelectric”             

refers to the electrical properties of human muscles. A myoelectric-controlled prosthesis is an             

externally powered artificial limb that can be controlled with the electrical signals generated by              

an individual's active muscles after amputation (Beckerle et al., 2019). To record these signals,              

similar steps are followed as when a diagnostic procedure is being performed.  

In order to understand how a nerve is stimulated, one must first have a basic               

understanding of how the human body carries electricity. The human body has the same number               

of positive and negative charges, making the body electrically neutral. When the human body is               

in a resting state, nerve cell membranes are polarized due to differences in concentrations and               

iconic compositions across the plasma membranes. Within this cell, a potential difference exists             

between the intracellular and extracellular fluids. In response to stimuli from neurons, muscle             

fiber depolarizes as the signal propagates along its surface causing the fiber to twitch. When the                
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depolarization and movement of ions occurs, an electric field is produced near each muscle fiber.               

An EMG records the response of the muscle to the stimulus, typically referred to as the motor                 

unit action potential. The EMG must be able to detect extremely weak signals ranging from 0.5                

mV to 10 mV. The appropriate bandwidth of an EMG signal ranges from 0.5 to 500 Hz                 

(Beckerle et al., 2019). As shown in Figure 1, an EMG signal appears random in nature due to                  

the sum of many MUAPs which fire at random times (Hussain et al., 2006).  

Figure 1 Typical EMG Signal (Beckerle et al., 2019) 

To record the electrical signal, two forms of EMG electrodes can be implemented: skin              

(surface) electrodes and inserted electrodes. Inserted electrodes have two configurations:          

concentric (needle) or monopolar (fine wire) electrodes. Inserted electrodes are typically used in             

clinical procedures in neuromuscular evaluations. Concentric electrodes are comprised of a           

cannula (the reference electrode) and a core (active electrode) generally made of different             

materials (Mazzaro, 2007). The outer diameter of the cannula ranges from 0.45 mm to 0.7 mm                

and the core is approximately 0.1 mm in diameter. The core is embedded in an insulating                

material making the two electrode parts electrically insulated. As depicted in Figure 2 below, the               

tip of the needle has a flat elliptical shape and is ground to an angle of approximately 15 degrees                   

(Mazzaro, 2007). Concentric needles are typically produced from stainless steel, silver and            

platinum.  

To measure using the concentric needle, the needle is inserted as close as possible to the                

potential of interest and a ground electrode is placed relatively away from the needle. Concentric               
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needles have an excellent common mode rejection ratio (CMRR) due to the proximity of the               

active and reference electrodes. The excellent CMRR produces a more stable signal, allowing for              

more specific measurements. In addition, the recording process using concentric needles is much             

simpler as only one needle and one ground electrode are used. (Mazzaro, 2007).  

Figure 2 Concentric Needle Electrode (Jamal, 2012) 

Monopolar needles, shown in Figure 3 below, are made of stainless steel with a gauge               

ranging from 26 to 31 in size. A monopolar needle is covered with an insulating material layer                 

that covers the whole needle except for the tip. The tip of a monopolar needle is the portion of                   

the needle that measures the signal and is traditionally sharpened to a conical shape (Mazzaro,               

2007). The area of the tip is vital in the recording process, as it is related to the pick up field and                      

amplitude of the recorded activity. To perform an EMG measurement with the monopolar             

needle, the needle must be inserted as close to the potential of interest as possible.               

Simultaneously, a reference electrode must be placed close to the active electrode but not on the                

active tissue and a ground electrode must be placed relatively away from the two previous               

electrodes. 

Monopolar needles are well-liked for their large measuring area averaging 0.10 mm to             

0.50 mm, which is approximately three times larger than the total area of exposure of the                

concentric needle (Mazzaro, 2007). Additionally, the impedance of a monopolar needle is lower             

by a factor of several times. The lower impedance of monopolar needles allows for a larger                

pickup field than concentric needles. As a result, the amplitude of potentials recorded with              

monopolar needles is larger (Mazzaro, 2007).  
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Figure 3 Monopolar Needle Electrode (Jamal, 2012) 

Skin electrodes, commonly referred to as surface electrodes, provide a non-invasive           

technique for measurement and detection of EMG signal. Unlike needle electrodes, skin            

electrodes do not require strict medical supervision and certification. Surface electrodes have            

been used in many applications ranging from neuromuscular recordings to sports medical            

evaluations, in addition to prosthesis applications. Skin electrodes are typically used for            

superficial muscles only, which allows for more noise affecting the signal (Jamal, 2012).  

Figure 4 Dry Electrode (Right) and Gel Electrode (Left) (Jamal, 2012) 

Skin electrodes come in two forms: gelled and dry. Gelled EMG electrodes contain a              

gelled electrolytic substance as an interface between skin and electrodes. The gel allows current              

from the muscle to pass more freely across the junction between the electrolyte and the electrode.                
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This is because oxidation and reduction reactions take place at the metal electrode junction. This               

reaction introduces less electrical noise into the measurement (Jamal, 2012). Dry EMG            

electrodes do not require a gel interface. Dry electrodes can have more than one detecting               

surface, and at times these electrodes include an in-house pre-amplification circuit. Dry            

electrodes are typically heavier than gel electrodes, which can cause issues for electrode fixation;              

a material for stability of the electrode is then required (Jamal, 2012).  

1.2 EMG Analog Front End 

 

Figure 5 Block Diagram of Three Lead EMG Circuit 

1.2.1 Instrumentation Amplifier  

The EMG signal will first pass through an instrumentation amplifier. An instrumentation            

amplifier has a high input impedance, common-mode noise rejection, differential output, and a             

high gain set by an external resistor. An instrumentation amplifier is comprised of non-inverting              

amplifying stages whose outputs act as the inputs to the differential amplifier. A differential              

amplifier is an inverting amplifier with negative feedback that amplifies the difference between             
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the two input voltages. The differential amplifier will amplify the difference between the two              

signals being recorded and reject the common-mode voltage. The two input buffers provide a              

key function in the instrumentation amplifier. The ideal non-inverting amplifiers have an infinite             

input resistance. Therefore, the input buffers will not sink or source any current. In this stage, the                 

differential amplifier will reject the common-mode voltage and will amplify the differential            

signal (Bitar et al., 2016).  

 

 

Figure 11 Model of a Basic Instrumentation Amplifier (EETech Media LLC, 2018) 

We utilized an instrumentation amplifier because it allowed us to adjust the gain of the               

circuit by adjusting a single external resistor. Another option would have been to utilize a               

differential amplifier. However, we would not have had a high impedance input and we would               

have had to adjust multiple resistors in order to reach our desired gain. Referring to the basic                 
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instrumentation amplifier depicted in Figure 11, an instrumentation amplifier can be modeled as             

two buffer differential amplifiers linked by three resistors with an additional differential            

amplifier stage. In order to explain this circuit, we will assume all of the resistor values to be                  

equal except for RG. The voltage at point 1 (found above RG) is equal to the voltage at V1 due to                     

the negative feedback loop of amplifier A1. In the same way, the voltage at point 2 (found below                  

RG) is equal to the voltage at V2. This then causes a voltage drop across RG thus creating a                   

current through RG. Due to the fact that the amplifier inputs draw no current, the only current that                  

can travel through the resistors labeled as “R” must be the current through RG. This current then                 

produces a voltage drop between points 3 and 4 (found at the top and bottom of the circuit). The                   

equation to solve for the voltage drop between points 3 and 4 is: 

 V ) 1 )V 3−4 = ( 2 − V 1 * ( + 2R
RG

  

The differential amplifier furthest to the right then takes this voltage drop and amplifies it               

by a gain of 1 (due to the fact that all of the “R” resistors in this circuit are of equal value).                      

Therefore, the output voltage is simply the voltage drop between points 3 and 4: 

VV OUT =  3−4  

  To solve for the gain of a typical amplifier the following equation would be utilized: 

(1 ) A V =  +  2R
RG

 

Equation 1 Gain Equation to solve for Gain (AV) (EETech Media LLC, 2018) 

1.2.2 Isolation Amplifier  

Once the electrical signal is amplified from the instrumentation amplifier the signal will             

travel through the isolation amplifier, which acts as the protection stage. An isolation amplifier is               

an operational amplifier circuit which provides electrical isolation of one portion of a circuit              

from another. The protection stage is responsible for limiting the input range, rejecting high              

frequencies, and providing a barrier for dangerous voltages. Since the electrodes will be             

connected to a human body, precautions will have to be made to ensure the safety of the                 
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individuals utilizing our product. Isolation amplifiers enhance safety by preventing fault currents            

from flowing through the human body through a ground-referenced biopotential electrode (Kutz,            

2009). We utilized an isolation amplifier in order to ensure that the human body had no direct                 

electrical path to the earth-grounded portion of the circuit. An isolation amplifier requires two              

different power sources in order to pass the signal through successfully. The portion of the circuit                

preceding the isolation amplifier, which will be connected to the human body, needs to be               

powered by an isolated power supply or by batteries. The portion of the circuit following the                

isolation amplifier, which is earth-grounded, is powered by a non-isolated power supply. This             

ensures that the only phenomenon being transferred through the isolation amplifier is the signal              

itself, not power (Analog Devices, 2009).  

 

 

 

 

 

 

 

 

 

Figure 12 Isolation Amplifier Circuit Diagram (Kester, 2012)  

An isolation amplifier serves as a buffer between two portions of a circuit to ensure the                

rightmost portion of the circuit does not influence the currents and voltages in the leftmost               

portion of the circuit. There are many different methods of achieving electrical isolation, but one               
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common technique is to modulate the input signal and then demodulate to obtain the output               

signal. The input signal is duty-cycle modulated and then transmitted digitally across the             

isolation barrier. The output section of the isolation amplifier receives the duty-cycle modulated             

signal, converts the signal back to an analog voltage, and removes the ripple component that               

generated in the demodulation produced (Analog Devices, 2019). The basic concept of an             

isolation amplifier is visually depicted in Figure 12. 

1.2.3 Bandpass Filter 

To ensure the signal is smooth and contains minimal noise we needed to filter the signal                

by utilizing a bandpass filter. The physiological signal will contain multiple forms of noise.              

Noise can be produced from other muscles throughout the body, from heat in the electronics, and                

from the 60 Hz input power interference. A popular method used to filter out the many forms of                  

noise is through high-pass and low-pass filtering. High-pass filters are employed to remove             

low-frequency components such as motion artifacts, respiratory variations, and baseline wander.           

Low-pass filters are employed to remove high frequency muscle artifacts and external            

interferences. As previously stated in Section 2.1, the frequency range of a typical EMG circuit is                

0.05 Hz to 100 Hz. The EMG circuit must be able to function properly for signals ranging from                  

0.5 mV to 5 mV in amplitude (Beckerle et al., 2019). The bandpass filter will be comprised of a                   

high-pass filter cascaded with a low-pass filter. A high-pass filter passes signals with frequencies              

higher than the cut-off frequency and rejects any signals with frequencies lower than the cut-off               

frequency. A low-pass filter has the exact opposite effect compared to the high-pass filter. A               

low-pass filter passes any signal with frequencies smaller than the cut-off frequency and rejects              

signals with frequencies higher than the cut-off frequency.  

If a high-pass filter is cascaded with a low-pass filter, the result will be a bandpass filter                 

(see Figure 13). Bandpass filters allow signals between two specific frequencies to pass through              

and rejects any signal with frequencies outside of the operating range, or passband.  
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Figure 13 Bandpass Filter Comprised of High-pass and Low-pass Filters (Thompson, 2006) 

Out of the many filter topologies that exist, there are two main categories: Sallen-Key              

and multiple feedback. The Sallen-Key topology is typically utilized in circuits which require             

high-gain accuracy and low Q factors, typically less than 3. A common characteristic of the               

Sallen-Key topology is to design the filter with equal resistances and equal capacitances. For              

example, a second-order Sallen-Key filter would have R = R1 = R2 and C = C1 = C2 (Carter &                    

Mancini, 2018). However, the resistances and capacitances do not need to be equal for              

Sallen-Key topology. See Figure 14 for topologies of unity-gain (gain of 1) Sallen-Key             

second-order high-pass and low-pass filters.  
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High-Pass 

Low-Pass 

Figure 14 Unity-gain Topologies for Second-order Sallen-Key filters: High-pass (Top) & Low-pass 

(Bottom) (Carter & Mancini, 2018)  

The multiple feedback topology is generally utilized in circuits which require high gain             

and high Q factors. Unlike the Sallen-key topology, multiple feedback filters have unequal             

resistances and capacitances. For a second-order multiple feedback high-pass filter C1 = C2 ≠ C3               

and R1 ≠ R2. For a second-order multiple feedback low-pass filter R1 ≠ R2 ≠ R3 and C1 ≠ C2                    

(Carter & Mancini, 2018). See Figure 15 for unity-gain multiple feedback high-pass and             

low-pass filters. 
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High-Pass 

Low-Pass 

Figure 15 Unity-gain Topologies for Second-order Multiple Feedback filters: High-pass (Top) & 

Low-pass (Bottom) (Carter & Mancini, 2018)  

In a typical EMG circuit, active high-pass and low-pass filters are utilized. Out of the               

many forms of active filters, there are four common types: Bessel, Butterworth, Chebyshev             

(Type I), and Elliptic filters. Bessel filters are all-pole filters, which means that their transfer               

functions have no zeros. Bessel filters have no ripples in the passband and stopband in their                

frequency responses. The Bessel filter is optimized to obtain better transient responses due to a               

127 



linear phase, or constant delay, in the passband. As a consequence, Bessel filters will have               

relatively poorer frequency responses, or less amplitude discrimination (Thompson, 2014). The           

poles of the Bessel filter can be found by locating all of the poles on a circle and separating their                    

imaginary parts by , where n is the number of poles. The distance between the top and bottom   n
2                

poles are determined by where the circle crosses the jω axis by , or half the distance between            n
1       

the other poles (Zumbahlen, 2008).  

Butterworth filters are also all-pole filters and their frequency responses are           

monotonically flat within the passbands and stopbands. The Butterworth filter is the best             

compromise between attenuation and phase response. To attain the Butterworth filter’s ideal            

flatness, the filter has a relatively wide transition region from passband to stopband, with average               

transient characteristics (Zumbahlen, 2008). The sharpness of the roll-off from the passband to             

the stopband is determined by the order of the Butterworth filter. Due the square response of a                 

Butterworth filter, there is no phase shift and the amplitude is attenuated by a factor of two at the                   

cutoff frequency (Emery & Thomson, 2014). The poles of the Butterworth filter can be found by: 

-sin  + jcos2n
(2K − 1)π

2n
(2K − 1)π K = 1, 2 … n 

Equation 2 Pole Positions for Butterworth Filter (Thompson, 2014) 

where K is the pole pair number and n is the number of poles. The poles are equidistant from one                    

another, which means that the angles between the poles are equal (Thompson, 2014).  

Chebyshev (Type I) filters, similar to Bessel and Butterworth filters, are also all-pole             

filters. However, a Chebyshev (Type I) filter’s frequency response has ripples in its passband or               

stopband which is a trade-off for the Chebyshev (Type I) filter’s smaller transition region              

compared to Butterworth filters. The Chebyshev (Type I) filter minimizes the height of the              

maximum ripple, which is the Chebyshev (Type I) criterion. The poles of the Chebyshev (Type               

I) filter can be found by moving the poles of the Butterworth filter to form an ellipse. The real                   

part of the pole is multiplied by Kr and the imaginary part of the pole is multiplied by KI. Kr and                      

KI  are found by utilizing the following equations: 
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Kr = sinh A 

Equation 3 (Zumbahlen, 2008) 

KI = cosh A 

Equation 4 (Zumbahlen, 2008) 

where: 

A = sinh-1 n
1

ε
1  

Equation 5 (Zumbahlen, 2008)  

where n is the filter order and: 

ε =  √10R − 1     

Equation 6 (Zumbahlen, 2008) 

where: 

 R = 10
RdB   

Equation 7 (Zumbahlen, 2008)   

where RdB is the passband ripple in dB. Typically, Chebyshev filters are normalized so that the                

edge of the ripple band is at normalized angular cut-off frequency of ωo = 1.  

The 3dB bandwidth is given by: 

A3dB = cosh-1 n
1

ε
1  

Equation 8 (Zumbahlen, 2008) 
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Now, the amplitude, step, and impulse responses of the three all-pole filters (Bessel,             

Butterworth, and Chebyshev (Type I)) will be compared. Figure 16 portrays the amplitude             

response of an eight pole 0.5dB ripple filter comparison of the Bessel, Butterworth, and              

Chebyshev (Type I) filters. Figure 17 portrays the step and impulse responses of the same filter.                

The responses have been normalized for a cut-off frequency (fc) of 1 Hz. It is easy to see in                   

Figure 16 that amplitude discrimination (the ability to distinguish between the desired signal             

from noise and other signals) increases in quality with Bessel as the poorest and Chebychev               

(Type I) as the best (Zumbahlen, 2008). The Bessel signal starts to attenuate at frequencies much                

lower than the cut-off frequency of 1 Hz, while the Chebyshev (Type I) signal seems to attenuate                 

almost immediately at 1 Hz. The Butterworth signal attenuates only slightly before the             

Chebyshev (Type I) signal, which is why it is a close second. 

Figure 16 Comparison of Amplitude Response of Bessel, Butterworth, and Chebyshev (Type I) Filters 

(Zumbahlen, 2008) 

Filters with better amplitude responses have poorer time responses. This trade-off           

phenomenon is evident in Figure 17. The transient behavior increases in quality with Chebychev              

(Type I) as the poorest and Bessel as the best. The left graph in Figure 17 portrays a step                   

response comparison of all three filters. The Chebyshev (Type I) signal does not even remotely               

emulate a step response due to its gradual transition and multiple ripples. The Bessel signal has a                 

very sharp transition which closely reproduces a step response. The Butterworth signal looks             
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very similar to the Chebyshev (Type I) signal; it is only slightly better due to its decrease in                  

ripples at a faster rate. The right graph in Figure 17 portrays an impulse response comparison of                 

all three filters. The Bessel signal has a large, narrow initial impulse and immediately transitions               

into a very steady signal. The Chebyshev (Type I) signal has a smaller, wider initial impulse and                 

has many ripples. The Butterworth signal has a slightly larger, more narrow initial impulse with               

fewer ripples compared to the Chebyshev (Type I) signal.  

 Figure 17 Comparison of Step (Left) and Impulse (Right) Responses of Bessel, Butterworth, and 

Chebyshev (Type I) Filters (Zumbahlen, 2008) 

Elliptic filters are not all-pole filters, meaning their transfer functions contain zeros.            

Elliptic filters have shorter transition regions than the previously mentioned filters because there             

are ripples in both the passbands and stopbands. The zeros also mean that the attenuation will be                 

very high in the stopband and “there will be some ‘bounceback’ of the stopband response               

between the zeros” (Zumbahlen, 2008). This “bounceback” is the stopband ripple. The poles of              

an Elliptic filter lie on an ellipse, which means that the time domain responses are degraded,                

similar to Chebyshev filters. The mathematical operations behind an Elliptic filter are much more              

complicated than Bessel, Butterworth, and Chebyshev filters. It is not simple to solve for poles               

and zeros. Alternatively, the modulation angle, θ, which determines the rate of attenuation is also               

an alternative method to defining the filter order, n: 
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θ = sin-1 1
F s

   

Equation 9 (Zumbahlen, 2008) 

Another important parameter to solve for is ρ, which determines the passband ripple: 

ρ =  √ ε2

1 + ε2   

Equation 10 (Zumbahlen, 2008) 

where ε is the ripple factor and the passband ripple is defined by: 

RdB = -10 log(1 - ρ2) 

Equation 11 (Zumbahlen, 2008) 

As the ripples of the Elliptic filter response increase, the value of Amin, the minimum               

attenuation in the stopband, increases as well. Also, as θ approaches 90°, the stopband frequency               

(Fs ) approaches the cut-off frequency (Fc ). When this occurs, the result is an extremely short                 

transition region, which results in sharp rolloff. The trade-off is a lower value of Amin. Lastly, ρ                 

determines the input resistance for a passive Elliptic filter, which then relates to the VSWR, or                

Voltage Standing Wave Ratio (Zumbahlen, 2008).  

1.2.4 Notch Filter 

A notch filter, also known as a bandstop filter or band-reject filter, is utilized to attenuate                

signals within a specific band of frequencies (stopband). All frequencies greater than or fewer              

than the stopband will not attenuate. Figure 18 depicts the role of a notch filter, where                

frequencies between f1 and f2 are attenuated and all frequencies less than f1 and greater than f2 are                  

passed. 
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Figure 18 Example of the Role of a Notch Filter (Winder, 2008) 

There are three different cases of notch filter characteristics: standard notch, high-pass            

notch, and low-pass notch. These cases are determined based on the relationship between the              

pole frequency (ω0) and the zero frequency (ωz). A standard notch occurs if the pole frequency is                 

equal to the zero frequency (ω0 = ωz). A high-pass notch occurs if the pole frequency is greater                  

than the zero frequency (ω0 > ωz). A low-pass notch occurs if the zero frequency is greater than                  

the pole frequency (ωz > ω0) (Zumbahlen, 2008). Figure 19 depicts the frequency responses of               

the three different cases of notch filter characteristics.  
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Figure 19 Comparison of Standard, High-pass, and Low-pass Notches (Zumbahlen, 2008) 

Out of the many different configurations of notch filters, there are four common designs:              

1 - Bandpass (1 - BP), Bainter, Boctor, and twin T. The 1 - BP notch filter is built as a bandpass                      

filter whose output is subtracted from the input of the filter. There are two different               

configurations of the bandpass filter. The bandpass filter can either be inverting, similar to              

multiple-feedback topology (see Figure 20) or non-inverting, similar to Sallen-Key topology (see            

Figure 21). These configurations are important depending on which topology is being utilized to              

ensure that the output of the bandpass filter is being subtracted from, not added to, the input                 

(Zumbahlen, 2008).  
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Figure 20 General Configuration for Inverting 1 - Bandpass Filter (Zumbahlen, 2008) 

 

Figure 21 General Configuration for Non-inverting 1 - Bandpass Filter (Zumbahlen, 2008) 

The Bainter filter is a simple notch filter which is composed of circuit blocks with two                

feedback loops. The Q factor of the Bainter filter is not determined by the resistance and                

capacitance values in the circuit, unlike other notch filters, and therefore the Bainter filter has               

low component sensitivity. The Q factor is dependent solely on the gains of the amplifiers in the                 

circuit, which means that the notch depth, or amplitude of the notch, will not drift with                
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temperature, aging, and other environmental factors. However, the notch frequency may shift            

(Zumbahlen, 2008). See Figure 22 for the general configuration of a Bainer notch filter. R6 tunes                

the Q factor and R1 tunes the zero frequency (ωz). Changing the value of R3 determines the ratio                  

of pole frequency to zero frequency (ω0 / ωz). If R3 = R4, then the notch filter produces a                   

standard notch. If R3 > R4, then the notch filter produces a high-pass notch, and if R3 < R4, then                    

the notch filter produces a low-pass notch (Zumbahlen, 2008). 

Figure 22 General Configuration of Bainter Notch Filter (Zumbahlen, 2008) 

The Boctor notch filter only utilizes one operational amplifier, but has a relatively large              

amount of components in a moderately intricate configuration. The number of components            

utilized in the Boctor filter allows flexibility when it comes to component value selection. Boctor               

filers have low sensitivity and also possess the ability to tune the parameters of the filter                

independently to an extent. There are two different configurations of a Boctor filter: a high-pass               

notch (see Figure 23) and a low-pass notch (see Figure 24).  
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Figure 23 General Configuration of Boctor High-pass Notch Filter (Zumbahlen, 2008) 

A circuit gain is required for a high-pass Boctor notch filter. The following must be true                

for the circuit to be considered a high-pass Boctor notch filter: 

Q < 1

1 − 
ω2

0

ωz2
 

Equation 12 (Zumbahlen, 2008) 

A high-pass Boctor notch filter can be comprised of only one amplifier and two              

capacitors, which can be the same value. The pole and zero frequencies (ω0 and ωz) are                

completely independent of the gain of the amplifier (Zumbahlen, 2008).  
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Figure 24 General Configuration of Boctor Low-pass Notch Filter (Zumbahlen, 2008) 

For a low-pass Boctor notch filter, R4 tunes the pole frequency (ω0), R2 tunes the Q                

factor of the poles (Q0), R3 tunes the Q factor of the zeros (Qz), and R1 tunes the zero frequency                    

(ωz) (Zumbahlen, 2008). In order for the filter to work properly with the desired components, the                

following must be true about parameter k1, the gain factor: 

< k1 < 1
ωz

2
ω2

0  

Equation 13 (Zumbahlen, 2008) 

The twin T notch filter is the most commonly utilized notch filter. A passive twin T notch                 

filter does not have any amplifiers in its configuration, meaning there is no feedback. Passive               

twin T notch filters (see Figure 25) have a fixed Q factor of 0.25 (Zumbahlen, 2008).  
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Figure 25 General Configuration of a Passive Twin T Notch Filter (Okawa Electric Design, 2019) 

An active twin T notch filter contains positive feedback to the reference node. Unlike the               

passive twin T notch filter, the active configuration has a variable Q factor, which is determined                

by the ratio R4/R5. This ratio also determines the notch depth of the filter signal. To reach a                  

maximum notch depth, resistors R4, R5, and the associated operational amplifier can be             

eliminated. If this were to happen, then the node connecting R3 and C3 would be directly                

connected to the output. See Figure 26 for a general configuration of an active twin T notch                 

filter.  

Figure 26 General Configuration of an Active Twin T Notch Filter (Zumbahlen, 2008) 
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