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ABSTRACT 

 

Analog to Digital Converter (ADC) is a circuit used to convert the analog signals to digital or 

binary form consisting of 1s and 0s. Delta Sigma ADCs are based on two main concepts, 

oversampling and noise shaping. Conventional high order delta sigma modulators use multi op-

amps and thus consume a large power. The focus of our work is to design a higher order ADC using 

a smaller number of amplifiers to reduce the power consumption; hence the proposed design has 

a passive integrator and an inverter based differential amplifier. We achieved an SNDR of 43.31 

dB and a power consumption of 2.908 uW through our work. 

 



i  

 

CHAPTER 1: MOTIVATION 

 

ADCs have a vast range of applications. Low power and low bandwidth ADCs are required in 

applications like Temperature measurement, Pressure measurement, Weigh Scale measurement 

and Biomedical equipments. These data acquisition systems constitute of a complex circuitry and 

ADC is an important block in the sensing stage of biomedical systems. The power consumption 

poses a restriction on the battery life, especially with the evolution of portable heart rate 

monitoring devices. An electrocardiogram (ECG) is a medical test that detects heart problems by 

measuring the electrical activity generated by the heart as it contracts. ECGs from healthy hearts 

have a characteristic shape. If the ECG shows a different shape it could suggest a heart problem. 

ECG voltages measured across the body are very small. This low voltage necessitates a low noise 

and low power consuming amplifiers. Traditional ECGs include instrumentation amplifiers, 

operational amplifiers that implement active filters, and analog-to-digital converters (ADCs). ECG 

must be able to deal with extremely weak signals ranging from 0.1 mV to 0.5 mV. The useful 

bandwidth of an ECG signal, for a monitoring application in intensive care unit is up to 1 kHz 

For analysis of the heart rate signal recorded from patients that are characterized with low heart 

rate variability, sampling rate of the ECG signal should be greater than 1 KHz. Our focus is to build 

a system that consumes low power, provides an average resolution and works for the bandwidth 

range required for the ECG monitoring. 

Delta Sigma ADCs are based on two main concepts, oversampling and noise shaping. Conventional 

high order delta sigma modulators use multi op-amps and thus consume a large power. The focus   
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of our design is to design a higher order ADC using a smaller number of amplifiers to reduce the 

power consumption; hence the proposed design has a passive integrator and an inverter based 

differential amplifier. The design is described in more detail in the further chapters. 

1.1: Need for ADCs: 
 

Analog-to-digital conversion is an electronic process in which a continuously variable (analog) 

signal is changed, without altering its essential content, into a multi-level (digital) signal. 

Digital signals propagate more efficiently than analog signals, it is easier for electronic circuits to 

distinguish digital impulses from noise. Computers work with binary digital data; while a 

microprocessor can analyze analog data, hence the data must be converted into digital form for 

the computer to analyze it. 

In real world most data are characterized by analog signals. To make the data be manipulated by 

the microprocessor/microcontroller, we need to convert the analog signals to digital values such 

that the microprocessor/microcontroller can read, understand and manipulate the values. 

Communication systems require an interface with the DSP (Digital Signal Processing) to look 

through the transmitted information. This DSP needs a block that can transfer it the Digital data. 

As in real world the data collected is Analog, we need a block that can convert this data to the 

digital form. This work is done using an Analog to Digital Converter (ADC). The ADC converts the 

Analog data to Digital form before the data is interfaced with the DSP block. 

https://whatis.techtarget.com/definition/analog
https://whatis.techtarget.com/definition/digital
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Figure 1. 1 : Analog to Digital Real-Life Conversion 

Analog-to-digital converters (ADCs) are used in almost all modern consumer electronics and 

many commercial applications. Whenever we have to convert real-world inputs (like 

microphone audio or an image) to a digital signal for computer storage, manipulation, or 

other applications, we require an ADC. There are various types of ADCs available in the 

market, and each design has its different strengths and weaknesses. Choosing the right ADC 

for your application depends mostly on understanding your needs.  

 

A typical telephone modem makes use of an ADC to convert the incoming audio from a 

twisted-pair line into signals for the computer can understand. In a digital signal processing 

system, an ADC is required if the signal input is analog. Now a days ADC are embedded on the 

microcontroller, hence the data interfaced with it is converted to Digital form by the ADC and 

then the microcontroller processes that data. 

CHAPTER 2: INTRODUCTION 

2.1: Working of ADC 
 

Almost every real-world signal measurable parameter is in analog form like temperature, 

sound, pressure, light, etc. There is a need for an intermediate device to convert the analog 

temperature data into digital data in order to communicate with the digital processors 

like microcontrollers and microprocessors. Analog to Digital Converter (ADC) is a circuit used 

https://www.arrow.com/en/categories/data-acquisition/data-converters/adcs
https://searchmobilecomputing.techtarget.com/definition/modem
https://www.elprocus.com/microprocessor-and-microcontroller/
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to convert the analog signals to digital or binary form consisting of 1s and 0s.  An ADC samples 

the analog signal on each falling or rising edge of sample clock. In each cycle, the ADC gets a 

measure of the analog signal and converts it into a digital value. The ADC converts the output 

data into a series of digital values by approximating the signal with fixed precision. 

 

In ADCs, two factors determine the accuracy of the digital value for the captured analog 

signal. These are quantization level or bit rate and sampling rate. Bit rate decides the 

resolution of digitized output. 

 

There are two main parameters to control in converting the analog signals to the digital 

signals:  

• Sampling Rate, fs – controls the number of samples taken in a second  

• Sampling Precision, N – quantization levels 

Example: 

Let us consider the following analog signal: 

 

 

Figure 2. 1 : Analog Data 

Assuming: 
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• fs = 1000 samples per second  

• N = 10 (dividing the y-axis to 10 intervals) 

 

 

Figure 2. 2 : Sampled Output 

According to the sampling precision, the y-axis is divided into ten intervals (0-9). And 

according to the sampling frequency, the ADC converter samples the analog signals once per 

one-thousandth of a second. The ADC Converter then stores the analog signals to the closest 

number that it can find on the y-axis. The chosen number is indicated on the x-axis of the 

above figure. According to the digitized data (the number on the x-axis of the above figure), 

we can plot the following graph showing what the microprocessor is actually reading.  

 

 

Figure 2. 3 
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As you can see, we have lost quite a bit of the details of the original wave. This is the sampling 

error. In order to reduce the sampling error, we must increase the sampling rate, fs, and the 

sampling precision, N. So, if we improve the sampling rate, fs, and the sampling precision, N, 

by a factor of two, we will get the following graph. 

 

 

Figure 2. 4 

And, if we increase the sampling rate and the sampling precision by a factor of four, we will 

get the following digitized data. 

 

 

Figure 2. 5 

Therefore, in order to digitize the analog data accurately, we need to sample the analog signal 

as fast as possible with an ADC that has large number of bits. [7] 
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Criteria to be considered when selecting an ADC: Below are the four main criteria that need 

to be considered while selecting an ADC for your application:  

• Speed 

• Resolution 

• Accuracy 

• Quantization Noise 

These are explained in detail in further chapters. 

 

CHAPTER 3: DATA CONVERTERS AND THEIR CLASSIFICATIONS 

 

3.1: Need for Oversampled Converters 
 

Computational and signal processing tasks are performed by digital means, digital circuits are 

robust and can be realized using small and simple circuits which can than be combined to 

form a complex, accurate and fast circuitry. Every year the speed and density of digital 

integrated circuits is increased which in turn increases the dominance of the digital methods 

in all areas of communications and consumer products. Since the physical world remains  

analog, data converters are needed to interface with the digital signal processing core. As the 

speed and capability of DSP cores increases, hence the speed and accuracy of the converters 

associated with them is also required to increase. 

Data converters are classified into two main categories: 

• Nyquist-rate  
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• Oversampled converters 

Nyquist Rate Converters: An analog to digital conversion requires analog input to first be 

sampled at a sampling frequency of fs using a sample-and-hold circuit, which transforms it 

into an analog, discrete-time signal which will have amplitudes at periodic discrete intervals 

only (Ts = 1/fs). The name Nyquist-rate is derived from the sampling theorem also known as 

Nyquist Theorem, stating that fs (sampling frequency) should be at least two times larger than 

the highest frequency component present in the signal to avoid aliasing and for successful 

reproduction of the signal after filtering. Below equation provides the SNR of a Nyquist rate 

converter, where the only noise source is the internal quantization noise: 

SNR = 6.02 N + 1.76 dB 

Oversampled Converters: In oversampled converters, the input signal is sampled at a rate 

much higher than twice the bandwidth. The oversampling rate (OSR), is defined as the ratio 

of the sampling frequency to the Nyquist rate. 

𝑂𝑆𝑅 =
𝑓𝑠

2 ∗ 𝑓𝑏
 

If the OSR is unity we get a Nyquist Rate converter. The signal-to-noise ratio of an 

oversampled converter is given by the below equation: 

SNR = 6.02 N + 1.76 + 10 Log10(OSR) dB 

 

 

 

 

 6 

Figure 2. 6.1 Figure 3. 1.1 : Quantization Noise in Nyquist Rate vs Oversampled 
ADC 

Figure 3. 1.2 : Quantization 
Noise in Nyquist Rate 

Figure 3. 1.3 : Quantization Noise in 
Oversampled 
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The above equation shows that with the help of oversampled ADCs it is possible to achieve 

the same SNR performance with fewer bits as compared to higher performance Nyquist rate 

ADC. Also, it can be realized that every doubling of the sampling frequency in an oversampling 

ADC improves the SNR performance by 3 dB. For the quantization noise prospective, it can be 

noticed that the same amount of quantization noise power is present as was for the case of 

a Nyquist-rate converter, but the amount that actually falls into the bandwidth of interest in 

case for the oversampled ADC is less when compared to the Nyquist one.  

 

Figure 3. 2 : Noise Filtering for Oversampled ADCs 

 

3.2: Performance Criteria for an ADC 
 

To select the right ADC as per the requirement by the application, we look into below 

criterias. Below specifications describe the efficiency of the ADC.  

Resolution - Resolution of an ADC is the number of distinct analog levels corresponding to the 

different digital words. To understand it better, it can be said that an N-bit resolution means 

that the converter can resolve 2N distinct analog levels.  

DNL - Differential Non-Linearity describes the difference between two analog values 

corresponding to corresponding input digital values. 
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Figure 3. 3 : DNL 

INL – Integral Non-Linearity is a measure of the deviation between the ideal output value and 

the actual measured output value corresponding to a certain input value.  

 

Figure 3. 4 : INL 

DR - Dynamic Range of an ADC is defined as the range of input amplitudes the ADC can 

effectively resolve. If the signal is too large it overloads the ADC and if it is too small it gets 

lost in the quantization noise. 
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Figure 3. 5 : DR 

SNDR - Signal to Noise Distortion Ratio is the ratio of the signal power to the total noise and 

the harmonic power at the output. 

SNR - Signal to Noise Ratio (SNR) is the ratio of the signal power to the total noise power at 

the output. 

ENOB - Effective Number of Bits provides the resolution that the ADC can provide. It is given 

by the following equation: 

𝐸𝑁𝑂𝐵 =
𝑆𝑁𝑅 − 1.76

6.02
 

 

3.3: Important terms for operation of an ADC 
 

Sampling Rate: Sampling Rate is the speed at which the sampling operation takes place or the 

frequency at which the input is getting sampled samples can be continuously converted and 

is typically the inverse of the conversion time. However, some converters have a large latency 

between the input and output due to pipelining or multiplexing, and yet have a high sampling 

rate. 
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Conversion Time: Conversion Time is the time taken for the converter to complete a single 

measurement including the acquisition time of the input signal.  

 

3.4: Delta Sigma Modulators 
 

 

Figure 3. 6 : Delta Sigma Converters 

A discrete time Delta Sigma modulator structure is shown above. It requires two transfer 

functions to be implemented, noise transfer function (NTF) which acts like a high pass and a 

signal transfer function (STF) which acts as low pass. The loop filter is divided into two 

sections, a forward path filter G (z) and a feedback path filter H (z). The input signal X (z) is 

applied the compared with the signal which is feeded back by H (z), filtered through G (z) 

which is the integrator or the loop filter and is then quantized to give the digital output. 

Hence, we can imply that the quantizer digitizes the sum of previous differences. The name 

Delta Sigma is derived from such modulator functioning. The “sigma” and “delta” represent 

the summation and difference operations respectively. E (z) is the quantization introduced 

and is modeled as input-signal-independent and directly added to the output of the quantizer.  

 

Through this we get the output of the modulator as: 

Y (z) = STF (z) X (z) + NTF (z) E(z) 
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Where, STF is the Signal Transfer Function and NTF is the Noise Transfer Function, these are 

given by below: 

STF(𝑧) =
𝐺(𝑧)

1+𝐺(𝑧)𝐻(𝑧)
 

NTF(𝑧) =
1

1+𝐺(𝑧)𝐻(𝑧)
 

The most of the existing in band noise can be pushed outside the signal frequency band 

after oversampling. This can be done if the above STF acts as a all pass while the NTF acts as 

a high pass. The noise shaping modulators do not eliminate noise, it pushes the noise to 

higher frequencies.  

 

3.5: Discrete Time Delta Sigma Modulator 
 

 

Figure 3. 7 : First Order Delta Sigma ADC 

If G (z) is represented by an integrator for noise shaping, its transfer function is given as 

below: 

𝐺(𝑧) =
𝑧−1

1 − 𝑧−1
 

𝑌(𝑧) = 𝑧−1𝑋(𝑧) + (1 − 𝑧−1)E(z) 

Where, STF = 𝑧−1; 

NTF = 1 − 𝑧−1 
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In time domain analysis it can be given as: 

y[n] = x[n-1] +e[n]-e[n-1] 

Hence from the above equation it can be seen that the output is just the delayed version of 

the input added with the first order difference of the quantization noise. This proves that 

using integrators as a forward filter makes the STF all pass and NTF high pass. The SNR of first 

order noise shaping is given as: 

SNR = 6.02N + 1.76 - 5.17 + 30 Log (OSR) 

It can be seen from above equation that an advantage of first order noise shaping is that the 

SNR is improved by 9 dB for every doubling of the oversampling ratio while it was just a 3 dB 

increase without noise shaping. 

A better noise shaping can be achieved by the increasing the order of the modulator, below 

is a figure of the second order delta sigma modulator:  

 

Figure 3. 8 : Second Order Delta Sigma ADC 

Now, 𝑌(𝑧) = (𝑧−1)2𝑋(𝑧) + (1 − 𝑧−1)2𝐸(𝑧) 

In order to increase the resolution (i.e., the ENOB) of the modulator we use a higher-order 

loop filter that is done by adding another integrator and feedback path to the circuit. Now, 

doubling OSR results in about 2.5 bits of additional resolution.  
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Figure 3. 9 : Noise Shaping 1st Order vs 2nd Order 

The above figure shows the noise shaping achieved by the first order and second order 

modulator, from here it can be seen that the second order modulator provides a better 

noise shaping as compared to the first order. It can be concluded that higher the order of 

the modulator better is the noise shaping and less is the amount of noise that falls in the 

bandwidth of interest. 

 

CHAPTER 4: PROPOSED DESIGN 

4.1: Block Representation 
 

 

Figure 4. 1 : Block Diagram for Proposed Design 
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This propose a design for hybrid delta sigma modulator that use active functions to 

compensate for the limits of the passive operation. The transfer function for our design is 

given by below equations: 

𝑆𝑇𝐹 =
𝐺1(𝑧) 𝐺2(𝑧)

1 + 𝐺1(𝑧)𝐺2(𝑧)𝐻(𝑧)
 

𝑁𝑇𝐹 =
1

1 + 𝐺1(𝑧)𝐺2(𝑧)𝐻(𝑧)
 

When solved the above equations we get the value for our transfer function as below: 

𝑁. 𝑇. 𝐹.  =
(1 − 𝛽𝑧−1) ∗ (1 − 𝛾𝑧−1)

(1 − 𝛽𝑧−1) ∗ (1 − 𝛾𝑧−1) + 𝛼𝑧−1
 

𝛽 = 1 − 𝛼 

𝛼 =
𝐶𝑠

𝐶𝑠 + 𝐶𝑖𝑛
 

To prove that the system should provide a second order noise shaping, we can plot it in 

MATLAB. On plotting the above equation, we get the below plot, which shows that the 

system will provide second order noise shaping. We plotted this transfer function with the 

help of MATLAB to check for the stability of the system. Below is a plot from that:  
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Figure 4. 2 : Stability Analysis 

It can be seen from above that the system is stable as the phase crossover frequency is 

greater than the gain crossover frequency. We also did the pole zero analysis in cadence 

and when plotted those poles on a Smith Chart the location was inside the unity circle which 

again implies that the system is stable. Since we checked for the stability for the system, the 

next was to go forward with building the schematic for the same. 

We now make the schematic for our design, the proposed design has below components: 

• Passive Integrator 

• Inverter Based Differential Amplifier 

• One-bit Comparator 

• D Flip-Flop 

We propose a design that constitutes of a Passive Integrator and an Operational Amplifier.  

Below is the figure for our proposed design, the first part with four switches and two 

capacitors form a passive integrator and then we have an amplifier which acts as the second 
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integrator. Since we had only one feedback path, hence the stability analysis was necessary 

before moving forward with the actual design. 

 

Figure 4. 3 : Schematic of Proposed Design 

The functioning of the system is such that when S1 and S1E are closed at that time the input 

is sampled on the sampling capacitor Cs and in the next cycle when S2 and S4 are ON the 

charge from the sampling capacitor is moved to the integrating capacitor. The output from 

the passive integrator is fed to the Amplifier which amplifies the gain of the passive integrator 

and then the output from the Amplifier is fed to the Comparator. We have a D Flip Flop in the 

feedback loop which provides a delay of one cycle. The individual components of the circuit 

are discussed below. The below discussion throws some light on why we are using these 

components in this order. We did the simulations with our proposed design on MATLAB, 

below is the discussion on that: 
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Figure 4. 4 : Simulink Model 

The above figure shows the Simulink model for our proposed design, the FFT we achieved 

through this was: 

 

Figure 4. 5 : FFT of Simulink Model 

Through the Simulink model we were able to achieve an SNDR of 45.9 dB and a second order 

noise shaping of 40 dB/decade for an OSR of 80. We now go ahead with the schematic 

designing for our system of Second Order Discrete Time Delta Sigma Modulator.  
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Before designing the schematic on Cadence, we will discuss the main components of the 

modulator explaining their functioning in a little depth. 

 

4.2: Passive Integrator 
 

The increasing demand for audio devices for portable or autonomous apparatuses used in 

daily life continues to drive the need for highly power-efficient data converters with high 

resolution. Delta-sigma modulators are the preferred solution and the ones based on 

switched capacitor (SC) are optimal for low power medium conversion speed because of their 

accurate setting of zeros of the noise transfer function (NTF) and their insensitivity toward 

clock jitter and process. As is well known, delta sigma demands using one operational 

amplifier (op-amp) per zero of the NTF and this results in relatively high-power consumption, 

which becomes a limitation in many applications. Sharing the op-amp and special techniques 

reduces the number of active blocks but performance requests become more severe. Even 

the use of a passive Delta Sigma modulator, consisting of switches, capacitors, and quantizer 

only, reduces the power. [1] 

The main component of our design is the passive integrator, the sampling capacitor here is 

controlled by four switches and two non-overlapping clocks. Passive Integrator Switched 

Capacitor implementation consumes the lowest power of all integrator designs.  
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Figure 4. 6.1 : Switched Capacitor Passive Integrator 

 

Figure 4. 6.2 : Timing Diagram 

The transfer function for a passive integrator is given by: 

𝑇. 𝐹.  =
𝛼𝑧−1

(1 − 𝛽𝑧−1)
 

Where; 

𝛼 =
𝐶𝑠

𝐶𝑠+𝐶𝑖
  

𝛽 =
𝐶𝑖

𝐶𝑖 + 𝐶𝑠
 

𝛼 represents the loop gain. 

Through this transfer function, it can be implied that it gives rise to a phase error, the phase 

error is more problematic because it denotes a shift of the integrator pole inside the unity 

circle. As a result, the NTF becomes flat at low frequencies, thus affecting the maximum 

achievable SNR, especially for high oversampling ratios. [1] 

For the transfer function of this integrator to reach to the transfer function given by the active 

integrator, we want the value of 𝛼 to be as low as possible and the value of 𝛽 to be as close 
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to 1 as possible. To make this work, we choose the value for our integrating capacitor to be 

as high as possible and sampling capacitor as low as possible that would make 𝛽 high and 𝛼 

low.  

To find the value for 𝛽 and 𝛼 that would meet our requirements, we keep the sampling 

capacitor fixed at 25 fF and sweep the value for the integrating capacitor. Below is the curve 

for the SNDR achieved with various ratios of integrating capacitor to sampling capacitor.  

 

Figure 4. 7 : Capacitance Ratio vs SNDR 

The above plot shows the curve for SNDR vs the capacitance ratio. We can see from above 

that we achieved the highest SNDR of approximately 46 dB when the integrating capacitor 

was kept as 40 times the sampling capacitor. Hence, we kee the sampling capacitor at 25 fF 

and the integrating capacitor at 1 pF. 

 

4.3: Amplifier 

 
Amplifier is one of the major components of the modulator. We have used an Inverter Based 

differential Amplifier design, through this the power consumption is 1.38 uW. The gain is 59.7 



23 
 

dB, Bandwidth of 4.37 kHz and a phase margin of approximately 88 degrees. Gates of NMOS 

and PMOS shorted forming an inverter pair. Gain of the amplifier boosted without increasing 

the bias current. Operates in sub-threshold region. Power efficient design, can be used for 

biomedical implants and wireless sensors. The overall noise of a sensor read-out circuit is 

typically dominated by the front-end amplifier. For a given amplifier topology, there exists a 

fundamental tradeoff between noise and power. Thus, to suppress the noise below a certain 

target, it is necessary to consume a sufficiently large amount of power. In addition, the amplifier 

power does not decrease with technology scaling, as it is noise-limited rather than technology-

limited. As a result, for low-noise sensor applications, the front-end amplifier usually takes up a 

significant portion of the overall system power budget. Therefore, it is highly desirable to develop 

design techniques that can relax this tight noise and power tradeoff. Reducing amplifier power 

while keeping the same noise level is crucial for a wide range of power- and energy-constrained 

applications. For example, in the Internet-of-Things era, to ensure a long lifetime without battery 

replacement, the power of the amplifier in the sensor node needs to be ultralow. Similarly, 

biomedical implants have a stringent requirement on the amplifier power due to limited battery 

size as well as safety concerns regarding heat dissipation. There have been many excellent 

researches works in the past that aim to mitigate the amplifier noise-power tradeoff. Essentially, 

the goal is to decrease the product of power and noise for an amplifier. Thus, for the same noise, 

the amplifier power can be reduced; or for the same power, the amplifier noise can be minimized. 

These two scenarios are directly interchangeable. The central idea is to boost the overall amplifier 

transconductance gm but without increasing the bias current ID. The classic design technique is 

to bias the input transistors in weak inversion to maximize their gm/ID. To further increase gm, a 
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PMOS input pair can be stacked on top of an NMOS input pair to form an inverter-based input 

stage, so that the overall amplifier gm is doubled but without requiring any extra bias current 

which is shared by both NMOS and PMOS input pairs. [2] 

Our amplifier design shown in figure below operates in the sub threshold region. Sub threshold is 

the weak inversion region of the MOSFET, i.e. the gate to source voltage is less than the Threshold 

Voltage. For micro-power analog circuits sub threshold is a very efficient operating region. The 

reason for a growing importance of subthreshold conduction is that the supply voltage is 

continuously scaled down, both to reduce the dynamic power consumption of integrated circuits 

and to keep electric fields inside small devices low in order to maintain device reliability. The 

amount of subthreshold conduction is set by the threshold voltage, which is between ground and 

the supply voltage, and so that also has to be reduced along with the supply voltage. That 

reduction means less gate voltage swing below threshold to turn the device off, and as 

subthreshold conduction varies exponentially with gate voltage it becomes more and more 

significant as MOSFETs shrink in size. [4] 

 In subthreshold analog design, the CMOS inverter is considered as a possible alternative in the 

amplifier design for several benefits, like higher Gm/ID efficiency, symmetric slew rate, and relaxed 

input common mode range as well as lower thermal noise. But a single inverter is hard to provide 

stable gain, especially under low supply voltages. Hence, we come up with the design of an inverter 

based differential amplifier. [3] 

https://en.wikipedia.org/wiki/Threshold_Voltage
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Figure 4. 8 : Amplifier Design 

Av = - (gp + gn) * Rout 

An inverter based differential amplifier is designed with a common mode feedback loop is shown 

above.  

The bias for Q10 is provided by using Common mode feedback loop designed as below: 

 

Figure 4. 9 : CMFB Loop 
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The biasing for other transistors was provided using a High Swing Cascode Current Mirror.  

 

Figure 4. 10 : High Swing Cascode 

This amplifier design helps in achieving high gain with minimum power consumption. A PMOS 

input pair is stacked on top of a NMOS to form an inverter-based input stage. The transistors were 

operated in sub threshold region for both the amplifier as well as the CMFB loop and the total 

current was calculated to be 1.16uA. The supply voltage used is 1V. This makes the power 

consumed to be 1.38uW. gm/Id methodology used to attain the sizes of the transistors. Below is 

the table for the sizing of the amplifier and the CMFB loop: 

Amplifier 

NMOS Length 800 nm 

Width 1 um 

PMOS Length 400 nm 

Width 6 um 
Table 4. 1 : Dimensions for Amplifier 

CMFB 

NMOS Length 150 nm 

Width 3 um 

PMOS Length 150 nm 

Width 3.5 um 
Table 4. 2 : Dimensions for CMFB 

The overall schematic circuit for the amplifier in cadence is shown below: 
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Figure 4. 11 : Schematic of Amplifier Design in Cadence 

 

Gain and Phase plot for the Amplifier: 

 

Figure 4. 12 : Gain and Phase plot 
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𝑵𝑬𝑭 = 𝑽𝒊𝒏,𝒓𝒎𝒔√
𝟐

𝝅

𝑰𝒕𝒐𝒕

𝑽𝒕 𝑩.𝑾.  𝟒𝑲𝑻
 

 

𝑉𝑛,𝑖𝑛
∆𝑓

= 4𝐾𝑇𝛾
𝑔𝑚2 +  𝑔𝑚3 +  𝑔𝑚8 +  𝑔𝑚9

(𝑔𝑚2 +  𝑔𝑚8)2
 

𝑃𝑆𝐷 =
𝑉𝑛,𝑖𝑛

√
𝜋
2  𝐵𝑊

 

𝑉𝑖𝑛,𝑟𝑚𝑠 = 𝑃𝑆𝐷 ∗  √𝐵𝑊  

Substituting the values, we get NEF = 1.96 

 

4.4: Performance Comparison Table for Amplifier 
 

Parameter [8] [9] [10] [11] [13] [20] [21] This work 

Technology 180 nm 65 nm 180 nm 130 nm 65 nm 500 nm 130 nm 65 nm 

DC Gain 57.5 dB 43 dB 52 dB 40 dB 52.1 dB 40.85 dB 40 dB 59.7 dB 

GBW 3 MHz 3.6 MHz 2.5 MHz 1M 4.26 MHz 0.5 MHz 2 MHz 4.28 MHz 

Power 25.4 uW 17 uW 100 uW 12.1 uW 2.8 uW 7.56 uW 3.9 uW 1.38 uW 

NEF 2.1 - - 2.9 - 2.67 1.67 1.96 

Table 4. 3 : Performance Comparison of Amplifier 

From the above comparison table, it can be seen that our design produces the lowest power 

consumption and a better NEF when compared with the other similar designs. We also 

achieved a very high gain and a good gain bandwidth for the system. 
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4.5: Switches 
 

One of the most fundamental aspects of designing an ADC is the design of sampling switches. 

Switches are ideally designed to have zero ON resistances and infinite OFF resistances. MOS 

transistors used in the triode region, can function as switches with ON resistances varying 

from a few ohms to a few kilo ohms and very high OFF resistances. In addition to the finite 

ON resistances, there are also parasitic capacitances associated with the switch which when 

taken into account can result in charge-injection and clock feed through causing gain error or 

offset error in the performance of the converter. Therefore, the designing of the switches 

become an integral part in the design of a data converter. [5]  

NMOS switch is the most commonly used switch in any design, one major concern of the 

NMOS switch is that it has a very high ON resistance for input values very close to the power 

supply (VDD). Designing switches provide rail-to-rail swings is a challenge in low-voltage 

applications. The reason for this is that as technology scales, the supply voltage scales down 

at a much faster rate than the threshold voltage of a transistor. Since the threshold voltage 

of a transistor limits the swing of a switch using such a transistor, the swing capability 

decreases with each migration of technology. The technique that can be used to 

accommodate greater swings is to use complementary switches or transmission gates that 

consist of a PMOS in parallel with NMOS transistor. Although such a switch has the 

disadvantage of requiring complementary clocks which is a small price to pay for the 

improvement in the signal swing across the switch. The major design challenges include the 

designing and optimization of switching techniques to be used in the modulator. [5] The 
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switches used in the modulator are the transmission gate switches. The width of NMOS is 24 

um and PMOS is 48 um.  

 

Figure 4. 13 : CMOS Switch 

The output waveform of the switch is shown below, it can be seen that the sample and hold 

function provided by the switch. When the clock pulse is high, input is sampled and the 

value is stored at the capacitor and when the clock goes low the capacitor holds this value.  

The size of the switches was also chosen by sweeping the value for the width and plotting 

the SNDR. The width of the NMOS was swept from 10 um to 24 um and the PMOS was kept 

at twice of NMOS. It was observed that we achieved the highest SNDR when the width of 

NMOS was at 24  um. Also, we plotted the RC time constant to verify if the value selected 

suits our requirements. 
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Figure 4. 14 : Output of CMOS Switch 
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4.6: Non-Overlapping Clock 
 

The clock generator for producing non-overlapping clock signals can be realized with a simple 

circuit constructed of logic gates. It consists of two NAND-gates and several inverters. 

Complementary signals for TG switches can be generated adding more inverters. Further delayed 

clock can be produced by using several inverters again to one of the output clocks to produce its 

delayed clock. [5] 

 

Figure 4. 15 : Non Overlapping Clocks 

If a larger amount of delay is required, more inverters can be added to the chain. 

4.7: Comparator 
 

A comparator is similar to an op amp. It has two inputs, inverting and non-inverting and an output. 

But it is specifically designed to compare the voltages between its two inputs. Hence, it operates 

in a non-linear fashion. The comparator operates in the open-loop, providing a two-state logic 

output voltage. These two states represent the sign of the net difference between the two inputs. 

So, for example the comparator's output will be a logic "1" if the input signal on the non-inverting 

input exceeds the signal on the inverting input and a logic "0" for the opposite case. A comparator 

is normally used in applications where some varying signal level is compared with a reference 

voltage. Since it is, a 1-bit analog-to-digital converter (ADC), the comparator is a basic element in 
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all ADCs. Since in our design we have a one-bit quantizer we use a comparator that acts like a one-

bit quantizer and hence will have two levels 0 and 1. [6] 

 

CHAPTER 5: RESULTS 

Below table highlights the parameters that we have used in our design: 

Parameters Values 

Supply Voltage 1V 

Input Voltage 400m V 

Sampling Frequency 1 MHz 

Input Frequency 1.45 KHz 

Sampling Capacitor 25f F 

Integrating Capacitor 1p F 

Amplifier Gain 59.7 dB 

Total Power Consumption 2.908 uW 
Table 5. 1 : Parameters Used 

The Walden FOM was calculated as: 

𝐹𝑎 =
𝑃

2𝐸𝑁𝑂𝐵∗2𝐵.𝑊.
;  𝐸𝑁𝑂𝐵 =

𝑆𝑁𝐷𝑅−1.76

6.02
 ; 1.81 pJ/step 

5.1: Performance Comparison for Modulator 
 

Parameter [20] [21] [22] [23] [24] [25] This work 

Technology 180 nm 180 nm 90 nm 180 nm 1.2 um 180 nm 65 nm 

Power 2.8 W 1.76 mW 17.14 uW 155 uW 0.34 mW 180 uW 2.908 uW 

SNDR 44.8 Approx. 50 

dB 

64.87 dB 84 dB 47.6 dB 47.5 dB 43.31 dB 

Table 5. 2 : Performance Comparison for Modulator 

From the above table it can be highlighted that our design has a very low power consumption 

when compared with other similar designs. While achieving a similar SNDR the power 

consumption is very low in comparison hence providing a better FOM than the other designs. 
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5.2: Transient Output 
 

The transient response of our circuit is shown in the below figure. The digitized format is the 

output of the modulator and the sine wave is the analog input signal. It can be observed from here 

that when the amplitude of the input pulse is high the output of the delta sigma modulator 

provides a greater number of ones and as the amplitude decreases the number of ones decrease 

as well, when the amplitude is at its lowest the number of ones is the least. 

 

Figure 5. 1 : Transient Output of Delta Sigma Modulator  
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5.3: FFT 
 

 

Figure 5. 2 : FFT of Proposed Design 

The FFT of the designed Second Order Delta Sigma Modulator is shown in the above figure.  

The FFT plotted is for 2^13 points and we were able to achieve an SNDR of 43.31 dB which 

was very close to the Simulink model SNDR i.e. 45.9 dB. Through our design we achieved an 

second order noise shaping the bandwidth for our system was 6.25 KHz for an OSR of 80.  
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5.4: Power Consumption 
 

 

Figure 5. 3 : Power Consumption Breakdown 

The power consumption breakdown for our design is shown in the above pie chart. I was 

concluded that the Amplifier consumes a very large amount of the total power i.e. 1.38 uW . 

All the other components consume less power when compared with the amplifier. The total 

power consumption of our design was calculated to be 2.908 uW. Since power consumption 

is a very important aspect for any analog design, we wanted the power consumption to be as 

low as possible. In this way this ADC can be a good fit for the systems that require low power, 

are battery operated or are wireless/portable. With less power being consumed by the ADC 

the battery life of overall system can be extended helping the device’s overall life term.  

 

 

49%

18%

19%

14%

Amplifier

Comparator

D Flip Flop

Passive Integrator and Non Overlapping Clocks
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5.5: Dynamic Range 
 

 

Figure 5. 4 : Dynamic Range 

The dynamic range plot for the ADC is shown above, the dynamic range shows the least input 

the ADC can take and the maximum input it can observe. The least input for our ADC was 

approximately 500 uW where the SNDR was 0 and the maximum was found to be 445 mV for 

which we achieved an SNDR of 43.71 dB. The dynamic range of our ADC was calculated to be 

57 dB. 

5.6: Scope of Improvement 
 

The inverter based differential amplifier provides a better noise immunity and a low power 

consumption, the gain of the amplifier can be increased significantly by enhancing the circuit 

using Inverter stacking topology which increases the gain of the amplifier and hence would 

improve the SNDR. The supply voltage for the overall circuit can be decreased and hence that 
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would decrease the power consumption, care must be taken that the circuit works efficiently 

in the reduced voltage range. 

Decreasing “𝜶” which is the gain further more can make the system more stable and closer 

to the performance of an ideal integrator, increasing β will help in moving the pole location, 

making the circuit more stable and hence increasing the SNDR. Since the noise that is 

attenuated depends a lot on β. 

We can also add a Zero to the amplifier design that would help in increasing the SNDR. 

 

CHAPTER 6: CONCLUSION 

We have successfully designed a Second Order Discrete time delta Sigma modulator  in 65 nm 

technology that has a very low power consumption of 2.908 uW only. We have designed a 

switched capacitor passive integrator circuit and an amplifier to enhance the loop gain of that 

circuit, so we get a second order noise shaping because of that. Oversampled modulators are 

used for their better precision, through this work we were able to attain a second order noise 

shaping and an SNDR of 43.31 dB. The power consumption is 2.908 uW, due to the presence 

of the low noise inverter-based amplifier the overall power consumption of the system is low. 
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