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ABSTRACT 

 

 

Medical ultrasound is a diagnostic imaging technique to visualize internal organs and body structures. This enables 

the doctors to inspect the interiors of the patient non-invasively using ultrasound. Portable ultrasound systems 

enable doctors to rapidly and conveniently provide diagnostics in remote rural and sub-urban areas. These portable 

systems also allow for medical personnel in army and sports to conduct on the fly examinations in an efficient 

manner. Early digitization in the signal processing chain of ultrasound probes can bring substantial benefits in 

terms of improved image quality, manufacturability, cost and time to market. There is a clear need to create new, 

low-power, low-cost, highly integrated and digitized electronic acquisition front-ends that will be located very 

close to the transducers. In turn, this will enable a digital, optical or even wireless link to the back-end system. 

Realization of such a system with current state of the art, highly integrated chip solutions from OEMs, results in 

high power dissipation. Thus, this thesis aims to realize an initial step towards developing an ASIC (Application 

specific Integrated Circuit) for in-probe implementation, with a focus on low power consumption and a small chip 

area. The primary function of the prototype ASIC is to validate the various required sub-blocks in a single analog 

front-end (AFE) chain for later implementation in an array level for the final envisioned chip. 

In order to determine the required ADC resolution for acceptable ultrasound image quality, AFE modelling and 

image reconstruction was carried out using MATLAB and SIMULINK software. Two ultrasound probe 

configurations were chosen in order to investigate the influence of ADC resolution and sampling clock jitter on 

the reconstructed image quality (CNR). Image reconstruction results indicate that the ADC resolution can be 

relaxed without impacting the reconstructed image quality (CNR). A minimum ENOB of 8 bits for the ADC is 

required for ultrasound B-mode imaging for two different probe types. Furthermore, the sampling clock jitter of 

the ADC can be relaxed up to 100psrms without impacting the reconstructed image quality (CNR). Hence the 

simulation outcomes indicate techniques for possible power reduction in the probe electronics without impacting 

the reconstructed image quality (CNR). 

A brief literature review of state-of-the-art digitizer arrays, along with requirements of Philips Research helped in 

defining the required circuit block specifications and the ASIC architecture. Next, the single ended to differential 

converter (SDC) circuit block in the ASIC was designed in 40nm low power CMOS technology. The SDC is based 

on a multiple feedback filter topology with the Miller operational transconductance amplifier (OTA) topology, 

which enables meeting all the required design specifications. The advantages offered by the multiple feedback 

architecture enable the realization of a low power, low area, tunable bandwidth and linearity SDC. The designed 

and measured SDC has a total chip area of 0.014mm2 with a tunable bandwidth of either 10MHz or 22.5MHz for 

a SDC reference bias current of 4µA. An one-bit calibration option is also provided which enables to adjust the 

bandwidth for process and mismatch variations within the chip. The power consumption of the SDC is based on 

the linearity requirements of the AFE, resulting in a minimum of 229µW up to 468.1µW for a spurious free 

dynamic range of a minimum 32dB up to 53dB respectively for input signals of 200mVpp and frequencies > 6MHz. 

The design with a FoMfilter = 0.43fJ.mm2 and NEF = 10.96 enables its integration within area constrained 

ultrasound ASICs. The total ASIC-II (SDC + AAF + ADC) power consumption can range from 437µW (for a 

SFDR = 32dB) up to 679 µW (for a SFDR = 53dB), thus satisfying the power consumption requirements of less 

than 2mW set for ASIC-II. The chip measurements also match closely to the simulated results. Overall, the SDC 

design thus offers the intended flexibility in targeting ASIC integration for both high-end and low-end probes, and 

for different ultrasound applications.  
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1 INTRODUCTION 

 
 

1.1 INTRODUCTION 
 
The word Ultrasound refers to sound waves which are beyond the hearing limits of humans. Humans typically 

have a hearing range approximately between 20 to 20kHz. Hence sound waves with frequencies beyond 20kHz 

fall under the category of ultrasound. Animals such as bats and porpoises use ultrasound for locating prey and 

obstacle detection. On the other hand, Sound Navigation and Ranging (SONAR) typically used underwater, use 

both infrasonic (very low) to ultrasonic (very high) acoustic frequencies for object detection, obstacle avoidance 

and even for communication [1]. The transition of the use of ultrasound from navigation to the medical domain 

was ushered by research during World War I. Hence it can be said that WWI and WWII were instrumental in 

developing ultrasound technology for both therapeutic and diagnostic applications. This report will further focus 

on ultrasound for medical diagnostic applications.  

 

1.2 MEDICAL ULTRASOUND 
 
Medical ultrasound (also known as diagnostic sonography) is a diagnostic imaging technique to visualize internal 

organs and body structures. This enables the doctors to inspect the interiors of the patient non-invasively using 

ultrasound. The doctor then makes a diagnosis by comparing the received ultrasound data to similar data from a 

healthy patient for example. This thus allows doctors to narrow down the region of interest from diagnostics point 

of view, non-invasively and quickly, and thus recommend further steps for treatment. Additionally, the patient is 

benefitted from the fact that a quick non-invasive diagnosis is conducted to identify the problem or the source of 

the problem. Ultrasound is also used to monitor the status and health of the fetus in pregnant women. Shown in 

Figure 1.1a is an example.  

 

     
Fig. 1.1 a) A typical ultrasound scan for monitoring fetal health & b) Typical ultrasound imaging system [2] 

 

The promising advantages of ultrasound in diagnostic imaging has spurred a lot of interest in this field in the recent 

decades.  
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1.3 ULTRASOUND IMAGING SYSTEMS 
 
Traditional ultrasound imaging systems are huge and expensive. They are bulky, consume a lot of power, and 

consist of dedicated processors, analog frontends and micro-coaxial cables to accommodate the large amount of 

data from the ultrasound probes. Shown in Figure 1.1b is an example of a typical ultrasound imaging system. A 

basic flowchart depicting the various steps in ultrasound imaging is presented in Figure 1.2. The ultrasound wave 

signals are generated and received by a transducer probe, which is the basic device in an ultrasound imaging system. 

The transducer is controlled by an RF-unit, which is responsible for focusing and steering of the ultrasound waves. 

The RF-unit, equipped with both analog and digital electronics, is responsible for the beamforming operation on 

signals in both space and time. The scanline processor extracts the data acquired by the RF-unit. Image data for 

each scanline as well as data for color and spectral Doppler is extracted by time domain signal processing. The 

scanline data is sent to the image processor, which performs image construction and filtering. Finally, the image 

data is sent to the display, as shown in Figure 1.2. 

 

 

 
Fig. 1.2 Typical steps involved in ultrasound imaging 

 

1.4 RECENT ADVANCES IN PORTABLE AND POCKET ULTRASOUND 
 
Portable ultrasound systems enable doctors to rapidly and conveniently provide diagnostics in remote rural and 

sub-urban areas. These portable systems also allow for medical personnel in army and sports to conduct on the fly 

examinations in an efficient manner. Thus, portability ensures Point of Care Ultrasound (POCUS) for the patients. 

Although performance wise they may not compare with the huge expensive systems stationed at hospitals, they 

can still be relied upon to make a good first hand diagnostics [1]. These products try to capitalize from the recent 

advances in electronics and transducer technology in order to shrink the size of ultrasound systems to portable and 

handheld devices.     

  

 

1.5 REFERENCES 
  
[1] T. Szabo, Diagnostic Ultrasound Imaging: Inside Out, Elsevier Academic Press, Burlington, MA, 2004. 

[2] Image by falco from Pixabay, 2020 (https://pixabay.com/photos/medical-ultrasound-monitor-doctor-1166206/).  

  

https://pixabay.com/photos/medical-ultrasound-monitor-doctor-1166206/
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2 MOTIVATION 

 
 

2.1 INTRODUCTION 
 
There are many different ultrasound transducer configurations available, each of which is suited for certain medical 

applications and imaging requirements. Some of the typical ultrasound transducers are 1-dimensional arrays, 2-

dimenional arrays, annular arrays and multidimensional arrays. For this work the 1D and 2D arrays are considered.  

Conventional linear arrays as depicted in Figure 2.1a used in echocardiography are transducer assemblies with 

more than one element. These elements are rectangular in shape and arranged in a line. 

 

 

 

 
Fig. 2.1a) Ultrasound transducers (1D array) & b) Typical ultrasound co-axial cable   

 

 

Linear arrays are usually 1 cm wide and 10 – 15 cm long with 128 – 512 elements. The space between two elements 

is called kerf and the distance between the centres of two elements is called pitch. The kerfs may be filled with 

acoustic isolating material to minimize acoustic cross-talk. The pitch size in a linear array ranges from λ/2 to 3λ/2 

where λ is the wavelength in the medium into which ultrasound is launched. The ultrasonic beam generated by a 

phased array can be both focused and steered by applying time delays to the transmitted and received signals. In 

case of a 2D array, it is used to scan structures in 3D, contained in a pyramidal volume [1]. In order to achieve 

good spatial resolution, in the elevation plane and the lateral plane (azimuth) the number of transducers have to be 

increased [1]. Hence with increasing element count in 1D linear array probes and 2D phased array probes, it puts 

a constraint on the micro-coaxial cable that connects the probe to the backend machine. This cable typically houses 

a limited number of wires as shown in Figure 2.1b) and is costly. For example, in case of a 2D array, one can 

assume a typical probe can have 4096 transducers or more. Clearly having so many wires within the micro-coaxial 

cable is not an option. So there exists an option of utilizing analog beamforming within the probe which helps in 

addressing this problem. This is covered in the next section.  

 

2.2 ULTRASOUND RECEIVER ARCHITECTURES 
 
Beamforming is a signal processing technique wherein an array of transducers is sending and receiving signals in 

any given direction. This can be achieved by combining the sensor output signals in a certain way such that the 

signals arriving from the required direction add constructively and the rest experience destructive interference. 

Medical ultrasound uses this technique for imaging by beamforming the data from a single scan.  
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There are two main types of beamforming architectures: Analog and Digital beamforming as shown in Figure 2.2. 

In analog beamforming (ABF), the various signals are delayed and summed in the analog domain. By placing the 

analog beamformer in the probe, a lower cable count can be reached. Micro-analog beamforming is done at the 

patch level thus bringing down the cable count to a manageable number, for example 128 cables. Digital 

beamforming (DBF) on the other hand performs delay and summation in the digital domain, which implies that 

each transducer has to be digitized individually. Such beamforming is nowadays done in the backend due to the 

power consumption and size of the involved electronics. As a result, all individual analog outputs of the transducers 

need to be wired to the backend. This results in a linear increase in the cable count as the number of transducers 

increases. Clearly, this results in a bottleneck to leverage the advantages offered by DBF. Figure 2.2 shows the 

difference between the two architectures. 

  

 

 
Fig. 2.2 Ultrasound Receiver Architectures: Analog beamforming (left) & Digital beamforming (right)   

 

 

The pros and cons of the two architectures are discussed in [1]. Digital beamforming or a hybrid combination of 

analog and digital beamforming is prefered. This allows for usage of wireless or optical cables as channels for 

ultrasound signals, thus overcoming the problem posed by the finite number of micro-coaxial cables. Per channel 

digitization thus allows for scaling of the number of transducers for increased spatial resolution until we hit the 

limits for the total power dissipitation allowed for the probe and the upper channel capacity for data transmission.  

 

2.3 PROBLEM STATEMENT AND AIM 
 

Early digitization in the signal processing chain of ultrasound probes can bring substantial benefits in terms of 

improved image quality, manufacturability, cost and time to market. There is a clear need to create a new, low-

power, low-cost, highly integrated and digitized electronic acquisition front-end that will be located very close to 

the transducers. In turn, this will enable a digital, optical or even wireless link to the back-end system. Such an 

approach can minimize the required ultrasound cabling and in this way enable large number of channels for a 

lower cost. Ultrasound startups have recently also shown the effectiveness of in-probe digitization for point of care 

ultrasound (POCUS) applications. On the other hand, current state of the art, highly integrated solutions from 

OEMs such as Texas Instruments, have high power dissipation [3]. This prevents realization of DBF architectures 

within the probe for increasing transducer count, while essentially maintaining portability for POCUS.  

 

This project aims to realize an initial step towards such an ASIC (Application specific Integrated Circuit) for in-

probe implementation, with a main focus on low power consumption and small chip area. The primary function 

of the prototype ASIC is to validate the various required sub-blocks in a single analog front-end (AFE) chain for 

later implementation in an array level for the final envisioned chip as per the project management plan of Philips 

Research [2].  

 

Aim of the project:  

• Determine the required ADC resolution & clock jitter for acceptable image quality via AFE modelling. 

• Architecture, modelling, performance and power estimations of the digitizer array. 

• Design, tape-out & measurements of the single-ended to differential converter (SDC) in 40nm low power 

CMOS. 

 

The AFE modelling will be carried out in MATLAB and SIMULINK, in combination with the input data from the 

ultrasound simulation software FIELD II. Based on the results of the former modelling, the digitizer architecture 

is first realized. Ideal modelling of the digitizer array is then carried out in CADENCE Virtuoso. Finally, the 
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schematic and layout of the SDC are designed in CADENCE Virtuoso and later integrated with other sub-blocks 

to realize a single AFE chain. The next section details further the AFE modelling for medical ultrasound.  

2.4 THESIS OUTLINE 
 

Chapter 3 covers the Ultrasound AFE analysis and modelling with image reconstructions. With the insights gained 

from the AFE modelling and image reconstructions, the digitizer array architecture is realized. This is detailed in 

Chapter 4. Chapter 5 presents the design, simulations and measurements of the SDC taped out in 40nm low power 

CMOS. Finally, the conclusion of the thesis is covered in Chapter 6.  

 

2.5 REFERENCES 
 
 [1] A. Bhat, “Low Power 12b SAR ADC for 3D Ultrasound” TU/e master thesis, Sep. 2014. 

 [2] S. Ouzounov, “Early Digitization for Ultrasound in Advance Technology Nodes”, Project management plan, 

Philips Research 2017. 

 [3] Texas Instruments, “32-Channel Ultrasound AFE with 18.5-mW/Channel Power, 4-nV/√Hz, 12-Bit, 

40-MSPS or 10-Bit, 50-MSPS Output and Passive CW Mixer” AFE5832LP datasheet, December 2018. 

 [4] S. Freeman, et al, “Third generation xMATRIX technology for abdominal and obstetrical imaging,” pp. 1-10. 
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3 ULTRASOUND AFE MODELLING 

 
 

3.1 INTRODUCTION 
 
An ultrasound Analog Frontend (AFE) consists of a high voltage transmitter, transmit/receive switches and a low 

voltage receiver [1]. Depending upon the ultrasound application and product, the ultrasound probe could consist 

of just the transducers connected via the ultrasound cable to the backend or have the transceiver electronics 

incorporated within the probe itself as illustrated in Figure 3.1 to Figure 3.3.  

 

 
Fig. 3.1: Block diagram of a typical 1D linear array probe with electronics in the backend system 

 

 
Fig. 3.2: Block diagram of a typical 2D ultrasound probe with the backend system 

 

 
Fig. 3.3: Block diagram of a typical 1D/2D ultrasound probe with the backend system for point of care ultrasound 
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Figure 3.1 shows an example of a 1D linear array probe and the backend system. In this case, the ultrasound probe 

consists of only the transducers and is connected to the backend system via an ultrasound cable (US Cable). The 

typical transducer count of a 1D linear array probe is around 128 and is limited by the number of cables. Here, the 

underlying assumption of a channel per transducer is considered. Increasing the transducer count further will 

require a high-speed analog multiplexer within the probe itself.   

 

Figure 3.2 shows an example of a 2D phased array probe. These probes typically have 1000’s of transducers. The 

transducers are further grouped in patches with a micro analog beamformer (µABF). This helps in reducing the 

total channel count to the number of available ultrasound cables & provide sub-beamforming capability within the 

probe. It is seen that transmit/receive switches, low noise amplifiers and high voltage drivers have migrated from 

the backend to the probe. This is advantageous as it overcomes the signal degradation resulting from the ultrasound 

cables. Figure 3.3 shows an example of the Philips Lumify transducer family with the backend system, typically a 

smartphone or a tablet. Much of the electronic components have moved within the probe and the communication 

with the backend happens via the USB protocol. However, the total channel count is still limited due to power 

consumption restrictions and the data rate limitations of the USB protocol.  

 

In order to address these kind of problems for many different probe types and also to see how certain choices of 

components of the analog frontend will affect the final image quality, modelling of the analog frontend is desired. 

The goal of modelling the AFE and image reconstruction is that it should provide insights into the required number 

of ADC bits for an acceptable image quality. The next section covers the summary of the prior work done in 

modelling the analog frontend for ultrasound probes. Section 3.3 details the analog front-end analysis and 

modelling, followed by section 3.4 on the backend model. The image reconstruction results are covered in section 

3.5, followed by the conclusions and future work in sections 3.6 & 3.7 respectively.    

 

3.2 LITERATURE OVERVIEW 
 
Ultrasound frontend modelling has lately picked up pace, in pursuit for design space exploration and optimization 

towards low power in-probe solutions. In the past, extensive studies have focused on the modelling of the 

transducers and ultrasound wave propagation [2] [3] [4]. With the push towards portable devices, Philips Research 

has explored beamforming techniques for portable ultrasound systems [5] [6] [8] [9].  

The authors of [7] present a system energy model for the Analog Front-End (AFE) & Analog to Digital Converter 

(ADC), and propose a scalable Digital Beam-Former (DBF). Trade-offs between AFE power, ADC resolution and 

DBF power were investigated for a desired frame rate and image quality. The analysis and conclusions arrived at 

are under the assumption of very simple models for the AFE, the ADC and the backend DBF. Furthermore, the 

exclusion of the Time Gain Compensation (TGC) amplifier in the model makes the work highly application 

specific. The paper concludes that increasing power in the AFE leads to a better image quality.  

In [10], the authors propose and describe a tool for ultrasound system modelling and simulation which includes 

ultrasound propagation and scattering, electronic signal conditioning and beamforming in a single environment. 

They align their proposed model with an existing 16-channel integrated receiver. Further, they extend this model 

to a 2-D phased array in order to optimize system level electronic design parameters for a given required image 

quality. Their work details the modelling of the low noise amplifier with variable gain and the micro-beamformer. 

Emphasis was laid on the Low Noise Amplifier (LNA), Analog beamforming (ABF) and Digital beamformer 

(DBF) and its impact on the image reconstruction. The influence of a non-ideal ADC and its modelling was not 

addressed. The impact of a non-ideal ADC (and its implementation as an ADC array on the same ASIC) on the 

image reconstruction is yet to be explored.  

In [11], the authors take the modelling of the ultrasound analog front-end and the transducers to the next level. The 

authors present an analog frontend model which they try to align with an existing analog frontend solution from 

Texas Instruments (AFE5808). The modelling takes into account the high voltage transmitter, the LNA, TGC, and 

the ADC. Their main motivation is to provide a simulation tool for their transducers which are connected via co-

axial cables to the analog front-end. The simulator is intended to facilitate the design of the matching network 

between the transducer and the AFE, and give the users an option to explore the impact of certain system level 

parameters of the AFE model. The impact of AFE parameters variation on the image quality is not addressed. The 

model presented is aligned to match the AFE5808 integrated chip (IC) in terms of architecture, thus limiting its 

use case for applications exploring different AFE architectures.   
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The authors of [12], present in their paper, the system level design of an integrated receiver front-end targeting a 

wireless ultrasound probe. This work further details on system level modelling compared to [11]. The work mainly 

focuses on the architectural design choices and its impact on the reconstructed image quality. The paper begins 

with deriving a system level power budget similar to [13]. The signal processing chain presented consists of regular 

AFE circuit blocks. An ideal TGC amplifier with continuous time-gain compensation was assumed for the model, 

which in reality is seldomly used due to its power consumption [13]. The paper explores per channel digitization 

for 64 channels (ADC per transducer per channel) and applies digital beamforming on the ADC output data. The 

AFE models proposed don’t take detailed noise analysis into account and simplify their assumptions for the AFE 

to reduce the multidimensional problem analysis. Their results show that there exists no considerable difference 

in terms of lateral resolution and contrast in the reconstructed images between Nyquist-rate and oversampling 

ADCs. 

This work tries to address the missing gap in the modelling of the AFE and its impact on the reconstructed image 

quality. The AFE model allows for investigating the dependency of ADC resolution, sampling clock jitter, channel 

non-linearity, output signal to noise and distortion ratio (SNDR) reduction, impact of non-ideal finite digital TGC, 

channel-channel variability, failing & deteriorating transducers on the reconstructed image quality. Furthermore, 

two ultrasound probe configurations, a high-end linear array probe and a low-end linear array probe are considered, 

with the aim of investigating the required ADC resolution and acceptable clock jitter from the system model. 

MATLAB and Simulink are used for realization of the AFE models with emphasis on accuracy, parallelization 

and fast simulation run-times. Later, using Cadence Virtuoso, an ideal model is realized of the digitizer array to 

determine the maximum achievable performance. The next section covers the Analog front end modelling. 

 

3.3 ANALOG FRONT-END MODEL 
 

3.3.1 Introduction 

 
This work will focus on modelling the AFE during the receive mode. The receiver AFE for ultrasound comprises 

of the low noise amplifier (LNA), the time gain compensation amplifier, the anti-aliasing filter and the analog to 

digital converter (ADC). The ultrasound transducer output is single-ended and a differential input ADC is intended 

to be used as the last stage of the AFE. This means that a single-ended to differential converter (SDC) is needed 

before the ADC as an additional block [14]. The time gain functionality will be incorporated within the low noise 

amplifier (LNA) and the SDC thus eliminating the need for a separate TGC block in the AFE. Field II [15] will be 

used to model the transducer array and the ultrasound signals. This serves as the input for the AFE model.  

MATLAB and Simulink are used for the modelling of the AFE as per the needs & requirements of Philips 

Research. The generation of the ultrasound input signals, digital beamforming, image reconstruction and analysis 

from the AFE output will be dealt by the Philips Research team in Cambridge, USA. Shown in Figure 3.4 is the 

AFE diagram based on [13] [14] used for the modelling. ASIC-I comprises of the transducer, the multiplexer which 

effectively isolates the high voltage transmitter and the low voltage LNA & buffer stage. ASIC-II comprises of 

the SDC, the AAF and the ADC. Micro-analog beamforming is not modelled in this work at the moment, and the 

presented AFE model assumes per transducer digitization. The next sections will detail further on the modelling 

of the individual blocks. 
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Fig. 3.4 Ultrasound ASIC I and ASIC II with their sub-blocks [14] 

3.3.2 Transducer 

 
Ultrasound transducer elements are used to generate and receive ultrasound signals. These transducer elements 

can be either piezoelectric (PZT) or Capacitive micro-machined ultrasonic transducers (CMUT). Ultrasound 

frequencies between 1 and 50 MHz are generally used in medical imaging. Diagnostic imaging designed to 

penetrate tissues to a depth of 5 to 20 cm uses frequencies between 1 and 10 MHz [16]. For imaging smaller organs 

or surfaces such as skin or intravascular blood vessels, ultrasound with frequencies more than 20 MHz is utilized 

for higher resolution images, trading off with lower penetration depth. The bandwidth of the transducers depends 

upon the type of the transducer element. PZT transducers typically have a narrower bandwidth, around 50-60% of 

the centre frequency. CMUTs on the other hand are known to have higher bandwidth, up to 100% of the centre 

frequency [16]. In the past, extensive work has been carried out in modelling the transducer elements, both in the 

mechanical domain and its electrical equivalent [2][3][4]. This work will use the simplified KLM model [21] for 

the receive mode, presented in [17]. This is shown in Figure 3.5. 

 

 

Fig. 3.5 Simplified KLM model of the transducer in the receive mode 

 

ITR stands for the generated AC current from the transducers (in the order 10 ~ 1000 µApp). 

RTR is the transducer leakage resistance.  

CTR is the transducer capacitance. 

 

The transducer resistance RTR, capacitance CTR, and the centre frequency f0 are related by the equation (3.1) 

 

 𝜃 = cot−1(2𝜋𝑓0𝑅𝑇𝑅𝐶𝑇𝑅) (3.1) 

 

θ is the angle that describes the capacitive property of the transducer [14]. The value for RTR can range from 100Ω 

to 100kΩ. The CTR value is typically in pico-Farads and is given by equation (3.1).  The transducer admittance is 

given by:  
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 𝑌𝑇𝑅(𝜔) = 𝐴𝑇𝑅 + 𝑗𝐵𝑇𝑅(𝜔) (3.2) 

 

The RMS thermal noise current resulting from RTR for the transducer bandwidth BW is given by equation (3.3) 

 

 

𝑖𝑛,𝑅𝑡𝑟 = √
4𝑘𝑇 ∙ 𝐵𝑊

𝑅𝑇𝑅

 

(3.3) 

 

Field II software is used to model the ultrasound signals and the transducer array. A 1D linear array consisting of 

128 transducers elements has been chosen as the configuration for modelling as per the internal requirements of 

the project. The parameters of the 1D linear array are listed in Table 3.1.    

 

TABLE 3.1 

1D LINEAR ARRAY PARAMETERS 

  

Center Frequency f0 6 MHz 

Bandwidth  0.6·f0 

αdB 0.5dB/cm/MHz 

Number of elements 128 

RTR 100Ω ~ 100kΩ 
θ ≈ 70° 

Element Pitch 0.3 mm 

Kerf 0 mm 
Element width 0.3 mm 

Element length 4 mm 

Elevation focus 50 mm 
Focal depth 75 mm 

tacquisition 130µs 

csound 1540 m/s 

 

The ultrasound signal experiences attenuation when it propagates through the human tissue [13], [16]. A value of 

0.5dB/cm/MHz has been chosen for the simulation. Figure 3.6 shows the simulated ultrasound signal (single 

transducer element) generated by Field II [22], [23] in the receive mode for phantom cysts. Simulations with cyst 

datasets allow for effective quantification of the influence of model parameters in terms of the final reconstructed 

image contrast to noise ratio (CNR). 

 

 

 

Fig. 3.6 Simulated ultrasound signal generated by Field II for cyst dataset 

dB 
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Ultrasound signals are generated for 128 transducer elements by Field II software. These software generated 

pressure signals are then converted to the voltage domain based on the transducer’s sensitivity [14]. The Simulink 

model for the transducer element is shown in Figure 3.7. The ultrasound signal is then passed through a gain block 

which introduces gain variations from one transducer element to another. For the current modelling work, a 

Gaussian distribution is assumed for the transducer gain variations along the linear array. A sigma of 2.5% with 

mean gain (GTR) = 1 is chosen per transducer element after internal consultation. The transducer thermal noise 

current is given by equation (3.3). This ultrasound signal, including gain variations and noise contribution, will 

serve as the input to the low noise amplifier discussed in the next section.  

 

 𝜎

𝐺𝑇𝑅

= 2.5% (3.4) 

 

Fig. 3.7 Ultrasound transducer Simulink model 

 

3.3.3 Low noise amplifier and buffer 

 
The low noise amplifier (LNA) is a key block of the receiver analog frontend. The LNA typically is designed to 

have a low noise figure (NF) with high gain. So that as per Friis formula for cascaded blocks in a receiver, the 

overall noise figure is dominated by the LNA block. During the receive mode, the transducer outputs current as 

shown in Figure 3.5. A low noise trans-impedance amplifier presented in [13] [14] is used for modelling, shown 

in Figure 3.8.  The modelling will focus on noise, system transfer function, linearity and slew rate. 

 

 

Fig. 3.8 Transducer model along with the LNA (TIA) and buffer stage 
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To begin with, first the input referred noise is calculated for the combination of the LNA and the buffer stage. 

Shown in Figure 3.8, noise sources in consideration are indicated. The total input referred noise at the input is 

given by: 

 

 
𝑖𝑛,𝑖𝑛,𝑡𝑜𝑡𝑎𝑙

2̅̅̅ ̅̅ ̅̅ ̅̅ ̅̅ =  𝑖𝑛,𝑅𝑡𝑟
2̅̅̅ ̅̅ ̅̅ + 𝑖𝑛,𝑅𝑓

2̅̅̅ ̅̅ ̅ + 𝑖𝑛,𝐿𝑁𝐴
2̅̅̅ ̅̅ ̅̅ + 𝑖𝑛,𝑏𝑢𝑓𝑓𝑒𝑟

2̅̅̅ ̅̅ ̅̅ ̅̅ ̅̅ +
𝑣𝑛,𝐿𝑁𝐴

2̅̅ ̅̅ ̅̅ ̅̅

(𝑅𝑖𝑛,𝐿𝑁𝐴//𝑅𝑇𝑅)
2 

(3.5) 

 

Wherein, the thermal noise current contributed by Rf is given by: 

 

 
𝑖𝑛,𝑅𝑓

2̅̅̅ ̅̅ ̅ = (
4𝑘𝑇 ∙ 𝐵𝑊

𝑅𝑓

) 
(3.6) 

 

The input referred noise current of the LNA taking into account equation (3.2) is given by: 

 
𝑖𝑛,𝐿𝑁𝐴

2̅̅̅ ̅̅ ̅̅ =  
4𝑘𝑇𝛾 ∙ 𝐵𝑊

𝑔𝑚,𝐿𝑁𝐴

(
1

𝑅𝑓
2) (𝐴𝑇𝑅𝑅𝑓 + 1)2 +

4𝑘𝑇𝛾 ∙ 𝐵𝑊

𝑔𝑚,𝐿𝑁𝐴

(𝜔𝐶𝑇 + 𝐵𝑇𝑅(ω))2 
(3.7) 

 

Wherein, CT is the total capacitance and Rin,LNA the resistance seen at the input of the LNA are given by: 

 

 𝐶𝑇 =  𝐶𝑇𝑅 + 𝐶𝑔𝑠,𝐿𝑁𝐴 + (1 + |𝐴𝑣|)𝐶𝑔𝑑,𝐿𝑁𝐴 + 𝐶𝑝𝑎𝑟 (3.8) 

 

 
𝑅𝑖𝑛,𝐿𝑁𝐴 =

𝑅𝑓 + 𝑅𝑜𝑢𝑡,𝐿𝑁𝐴

1 + 𝑔𝑚,𝐿𝑁𝐴𝑅𝑜𝑢𝑡,𝐿𝑁𝐴

  
(3.9) 

 

The input referred noise current contribution due to the buffer is given by:  

 

 
𝑖𝑛,𝑏𝑢𝑓𝑓𝑒𝑟

2̅̅̅ ̅̅ ̅̅ ̅̅ ̅̅ = (
4𝑘𝑇𝛾 ∙ 𝐵𝑊

𝑔𝑚,𝑏𝑢𝑓𝑓𝑒𝑟 ∙ 𝑅𝑓
2) 

(3.10) 

 

The last term of equation (3.5) is neglected as its contribution to the total sum is negligible. Flicker and shot noise 

contributions are currently neglected. Next the transfer function of the combined LNA and buffer stage is 

considered, given by: 

 

 
𝑍𝑇 =

−𝑅𝑓

∏(𝑠 + 𝑝𝑜𝑙𝑒𝑠)
 

(3.11) 

 

Where the individual pole contributions are given by: 
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𝑝𝑖𝑛,𝐿𝑁𝐴 =

1

(𝑅𝑇𝑅||𝑅𝑖𝑛,𝐿𝑁𝐴)(𝐶𝑇)
 

(3.12) 

   

 
𝑝𝑜𝑢𝑡,𝐿𝑁𝐴 =

1

(𝑅𝑜𝑢𝑡,𝐿𝑁𝐴)(𝐶𝑇 + 𝐶𝑑𝑏,𝐿𝑁𝐴 + 𝐶𝑔𝑑,𝐿𝑁𝐴 + 𝐶𝑔𝑠,𝑏𝑢𝑓𝑓𝑒𝑟 + 𝐶𝑝𝑎𝑟)
 

(3.13) 

 

 
𝑝𝑜𝑢𝑡,𝑏𝑢𝑓𝑓𝑒𝑟 =

1

𝑅𝑜𝑢𝑡,𝑏𝑢𝑓𝑓𝑒𝑟𝐶𝑔𝑑𝑏𝑢𝑓𝑓𝑒𝑟
+ 𝑔𝑚,𝑏𝑢𝑓𝑓𝑒𝑟

−1 (𝐶𝑤𝑖𝑟𝑒 + 𝐶𝑔𝑠,𝑏𝑢𝑓𝑓𝑒𝑟)
 

(3.14) 

 

The input bandwidth of the combined LNA and buffer is determined by the dominant pole pin,LNA (when pin,LNA < 

pout,buffer). The slew rate (SR) requirement for the buffer is derived taking into account that the ultrasound signal 

experiences attenuation as it propagates through the body, and is given by: 

 

𝑆𝑅 = 2π (𝑓0 +
BW

2
) (

𝑉𝑜𝑢𝑡,𝑝𝑝

2
) 10

−𝛼𝑑𝑏(𝑓0+
BW

2
)𝑐𝑠𝑜𝑢𝑛𝑑𝑡𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛

20  

(3.15) 

 

With the driving current requirements on the buffer stage given by: 

 

 
𝐼𝑏𝑢𝑓𝑓𝑒𝑟 = 𝐶𝑙𝑜𝑎𝑑𝑆𝑅𝑚𝑎𝑥 = 2π (𝑓0 +

BW

2
) (

𝑉𝑜𝑢𝑡,𝑝𝑝

2
) 𝐶𝑤𝑖𝑟𝑒  

(3.16) 

 

Next, the nonlinearity of the LNA and buffer stages is considered. A simple nonlinear model [18] is considered, 

shown in Figure 3.9 such that second (HD2) and the third order (HD3) distortion and the respective intermodulation 

components (IM2 & IM3) can be formulated. Higher powers can be considered in the shown Taylor expansion for 

precision, but is currently not considered as the presented nonlinear model is accurate enough for the modelling 

purpose. 

    

 

Fig. 3.9 Non-linear model using a 3rd order polynomial   

 

 
𝐼𝑀2 = 2·𝐻𝐷2 =  (

𝑎2

𝑎1

) |𝑥(𝑡)|            𝐼𝑀3 = 3·𝐻𝐷3 =
3

4
 (

𝑎3

𝑎1

) |𝑥(𝑡)|2 
(3.17) 

 

The values a1 to a3 are set by the model depending upon the probe configuration. The next section covers the 

time gain compensation (TGC) functionality included in the LNA.   
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3.3.3.1 Time gain compensation – I 

 
The ultrasound signal experiences linear attenuation (in dB) as it propagates through the human tissue. So, the 

signals arriving from deep within the body have to be amplified more when compared to signals arriving from 

shallow depths. The main function of the TGC amplifier is to adapt the input signal dynamic range to the dynamic 

range of the ADC, such that the desired instantaneous dynamic range is met with the ADC. The total gain range 

required for the TGC amplifier (consisting of the gain within the probe and the backend) is derived from [13] and 

is given by: 

 

 𝑇𝐺𝐶𝑝𝑟𝑜𝑏𝑒(𝑑𝐵) = −10 log(𝑁𝑎𝑝𝑒𝑟𝑡𝑢𝑟𝑒) +  𝐼𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠 𝐷𝑅 + 2(𝑓𝑜) ∙ (𝑑𝑒𝑝𝑡ℎ) ∙ (𝛼𝑑𝐵) − 𝑆𝑁𝑅𝐴𝐷𝐶 + 𝐷𝑅𝑙𝑜𝑠𝑠 (3.18) 

  

 𝑇𝐺𝐶𝑡𝑜𝑡𝑎𝑙(𝑑𝐵) =  𝑇𝐺𝐶𝑝𝑟𝑜𝑏𝑒(𝑑𝐵) +  𝑇𝐺𝐶𝑏𝑎𝑐𝑘𝑒𝑛𝑑(𝑑𝐵) (3.19) 

 

 𝑇𝐺𝐶𝑝𝑟𝑜𝑏𝑒(𝑑𝐵) =  𝑇𝐺𝐶𝐿𝑁𝐴(𝑑𝐵) + 𝑇𝐺𝐶𝑆𝐷𝐶(𝑑𝐵) (3.20) 

 

Wherein, Naperture is the total number of transducer elements in an aperture, 𝑓𝑜 is the transducer’s centre frequency. 

[13] illustrates an example in the case of a 2D phased array, with an element count Naperture = 2000, and how this 

along with the desired imaging depth and instantaneous dynamic range results in the required dynamic range for 

the AFE. There are two ways to implement the TGC amplifier: Continuous Time gain compensation and Discrete 

Time gain compensation. In the first case, the gain is changing continuously in time, matching to the signal 

attenuation. In the second case, the continuous-time function is approximated by several discrete steps. This work 

will model the discrete TGC amplifier as its preferred due to its lower power consumption [13]. Shown in Figure 

3.10, is the TGC functionality, depicted as a function of time, taking a discrete 5-step compensation as an example.  

Referring back to Figure 3.10, there is an expected dynamic range reduction when moving towards the ADC, due 

to the noise contribution from the previous AFE blocks. Furthermore, due to discrete TGC implementation, the 

dynamic range is further reduced [13] as shown in Figure 3.10. The TGC amplifier is responsible for matching the 

total dynamic range at the transducer input to the ADC’s dynamic range. The TGC amplifier thus enables 

leveraging the ADC’s dynamic range to achieve better instantaneous dynamic range as the scan depth increases, 

as shown in Figure 3.11.   
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Fig. 3.10 Two types of time gain compensation of ultrasound signals: Continuous-time and Discrete-time TGC  
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Fig. 3.11 Dynamic range analysis of the ultrasound AFE 
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From equation (3.20) the total TGC amplifier gain needed in the probe is chosen depending upon the desired scan 

depth and the instantaneous dynamic range required at that depth, as shown in Figure 3.11. Ideally it is desired to 

realize as much as possible TGC gain within the probe. This is because the dynamic range at the input of the TGC 

amplifier at the backend will be reduced further after the ADC stage due to the noise contribution from the ADC.  

The TGC amplifier gain within the probe typically ranges from 26dB (low-end probe configuration) to 40dB (high-

end probe configuration). A discrete TGC architecture is used within probes and is considered for modelling in 

this work. In [14] the TGC gain within the probe is split in two stages. The first stage is incorporated within the 

LNA and the second stage within the single-ended to differential converter (SDC). This relaxes the gain 

requirement per AFE block and also aids in reduction of the distortion components, which otherwise would be 

large if the entire TGC gain is incorporated in a single block. This two-stage approach is also used in this work. 

In this section, the TGC gain incorporated in the LNA is considered. The TGC gain in the second stage is covered 

in Section 3.3.4.1. Referring to Figure 3.12, the feedback resistance Rf is varied in order to realize the TGC 

functionality. Depending upon the TGC gain requirement for the LNA stage, Rf is binary weighted (with respect 

to RTR) in order to realize a voltage gain ranging from 0dB to 12dB (by modelling the transducer as a voltage 

source with series RTR). The resistance Rf is further segmented to realize discrete TGC functionality, shown as an 

example in Figure 3.12. Equations (3.21) to (3.24) model the TGC gain implementation within the LNA.   

  

 

Fig. 3.12 Discrete TGC implementation in the LNA stage 

 

The TGC gain in the LNA stage is given by:  

 

 

𝑇𝐺𝐶𝐿𝑁𝐴,𝑑𝐵𝛺(𝑛) =  20𝑙𝑜𝑔 (𝑅𝑓0 + 𝑁 ∙ 𝑅
𝑓

(𝑛∆𝑡
𝑇𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛

⁄ )

) 

(3.21) 

 

Wherein Rf is typically equal to 4·RTR [14]. The value chosen for Rf0 is small, (≈ Rf /1000). The total time that the 

TGC gain is applied is given by: 
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 𝑇𝐺𝐶𝐿𝑁𝐴,𝑠𝑖𝑚𝑡𝑖𝑚𝑒 =  𝑇𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛 (3.22) 

 

The discrete gain steps are determined by the number of TGC bits (= bLNA), defined by: 

 

 
𝑇𝐺𝐶𝐿𝑁𝐴,𝑔𝑎𝑖𝑛 𝑠𝑡𝑒𝑝,𝑑𝐵𝛺 =  

𝑇𝐺𝐶𝐿𝑁𝐴,𝑑𝐵𝛺

2𝑏𝐿𝑁𝐴
 

(3.23) 

   

 
∆𝑡 =  

𝑇𝐺𝐶𝐿𝑁𝐴,𝑠𝑖𝑚𝑡𝑖𝑚𝑒

2𝑏𝐿𝑁𝐴
 

(3.24) 

 

No mismatch (systematic and random) is assumed at the moment for the feedback resistors. Presence of mismatch 

will result in nonlinear (in dB domain) TGC compensation, which is currently not within the scope of this work. 

The next section details the Simulink model for the LNA and the buffer stages, based on the above equations. 

Based on the theory and equations stated in the previous section, the Simulink model is realized which is shown 

in Figure 3.13 and Figure 3.14. A MATLAB script (Appendix A & B) is used to feed the calculated values based 

on the equations stated in section 3.3.3.1. The dominant pole at the input of the LNA and the pole at the output of 

the buffer stage are considered for the filter implementation. The next section covers the single-ended to 

differential converter, the subsequent stage after the buffer block.  

 

3.3.4 Single-ended to differential converter and anti-aliasing filter 

 
The single-ended to differential (SDC) converter, converts a single ended signal at the input to a differential signal 

at the output. It also serves in reducing even order distortion (HD2 and IM2) & supply noise reflected on the 

common-mode signal. Also since the already available Successive Approximation Register (SAR) ADC, has 

differential inputs, a SDC is required as an additional block before the ADC. This work will consider the SDC 

presented in [14] for modelling. The SDC schematic is shown in Figure 3.15. 

 

 

Fig. 3.13 Simulink model of the LNA stage 

TGC 

HD2 & HD3 

model 
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Fig. 3.14 Simulink model of the buffer stage 

 

 

Fig. 3.15 Single-ended to differential converter 

 

The modelling of the SDC is similar to that of the LNA and the buffer stage presented in section 3.3.3.2. This is 

because the intention of the model is to capture the gain, bandwidth, nonlinearity, total input referred noise and 

the slew rate requirements. The analysis and trade-offs are already covered in [14] and are omitted here for brevity. 

The equations used for modelling the SDC are stated below. The noise referred to the input of the SDC (Av = 2.5) 

is given by: 

 

 𝑣𝑛,𝑆𝐷𝐶 = 18.4𝑛𝑉√𝐵𝑊  (3.25) 

   

 𝐵𝑊𝑆𝐷𝐶 = 15 𝑀𝐻𝑧  (3.26) 

   

The differential voltage gain of the SDC can be varied. The range is given by:  

 

 𝑇𝐺𝐶𝑆𝐷𝐶 = 8 𝑡𝑜 28 𝑑𝐵   (3.27) 

 

The slew rate value is: 
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 𝑆𝑅𝑆𝐷𝐶 ≈ 50𝑉/𝜇𝑠   (3.28) 

 

The HD2, HD3, IM2 and IM3 components are modelled similar to the equations (3.16) and (3.17). An Anti-aliasing 

filter (AAF) is needed to attenuate frequencies beyond the Nyquist bandwidth and the noise bandwidth from the 

preceding stages. Papers [13], [14] suggest that the requirements of the AAF are relaxed such that only a second 

order low pass filter is sufficient. This is because the finite bandwidth of the preceding stages contribute to an 

effective higher order AAF before the ADC. This work tries to validate that claim by modelling and implementing 

a second order Butterworth low pass filter as the AAF. 

 

3.3.4.1 Time gain compensation – II 

 
The second stage of the TGC gain is implemented within the SDC. As per equation (3.20), the remainder of the 

TGC gain is assigned to the SDC block. In order to improve the minimum instantaneous dynamic range at the 

input of the ADC (refer Figure. 3.11), its desired to accommodate higher percentage of the total TGCprobe gain to 

the LNA block and the rest to the SDC. Depending upon the actual circuit implementation trade-offs, the TGC 

gain distribution between the blocks has to be decided. This investigation is currently not covered in this work. 

The current modelling work, after internal consultation, assumes a fixed gain range of 0dB to 12dB for the LNA 

and the rest for the SDC. Further details can be found in Appendix B. The modelling of the TGC gain in the SDC 

is similar to the Simulink implementation shown in Figure 3.13, also as described in [14]. The resistor Rin is varied 

in discrete steps to achieve the discrete gain steps. The equations (3.29) to (3.32) are used to model the TGC gain 

of the SDC in MATLAB. The TGC gain in the SDC stage is given by: 

 

 𝑇𝐺𝐶𝑆𝐷𝐶(𝑑𝐵) =  𝑇𝐺𝐶𝑝𝑟𝑜𝑏𝑒(𝑑𝐵) −  𝑇𝐺𝐶𝐿𝑁𝐴(𝑑𝐵) (3.29) 

 

The total time that the TGC gain is applied is given by: 

 

 𝑇𝐺𝐶𝑆𝐷𝐶,𝑠𝑖𝑚𝑡𝑖𝑚𝑒 =  𝑇𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛  (3.30) 

 

The discrete gain steps are determined by the number of TGC bits (= bSDC), defined by: 

 

 
𝑇𝐺𝐶𝑆𝐷𝐶,𝑔𝑎𝑖𝑛 𝑠𝑡𝑒𝑝,𝑑𝐵 =  

𝑇𝐺𝐶𝑆𝐷𝐶

2𝑏𝑆𝐷𝐶
 

(3.31) 

   

 
∆𝑡 =  

𝑇𝐺𝐶𝑆𝐷𝐶,𝑠𝑖𝑚𝑡𝑖𝑚𝑒

2𝑏𝑆𝐷𝐶
 

(3.32) 

 

The next section details the Simulink model for the analog to digital converter (ADC).  

 

3.3.5 Analog to digital converter 

 
The analog to digital converter (ADC) converts the signal at the output of the SDC into the digital domain, which 

is then passed onto the next stage for beamforming. The goal of modelling the AFE and image reconstruction is 
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that it should provide insights into the required number of ADC bits for an acceptable image quality. The study in 

[13] explores the SAR and Sigma-Delta architecture choices, with its advantages and disadvantages when 

migrating towards patch level and per transducer level digitization options. The SAR ADC from [19] will be used 

for modelling. The design is a reconfigurable 10bit/12bit ADC in 65nm CMOS. Papers [20], [19] cover in detail 

the working and the specifications of the design. Shown in Figure 3.15 is the SAR architecture of the ADC [19]. 

 

 

Fig. 3.15 SAR ADC Architecture  

 

This work will focus on the ADC mode of the reconfigurable ADC/DAC presented in [19]. Referring back to 

equations (3.18) & (3.20), rearranging the terms yields: 

 

 𝑆𝑁𝑅𝐴𝐷𝐶 = −10 log(𝑁𝑎𝑝𝑒𝑟𝑡𝑢𝑟𝑒) +  𝐼𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠 𝐷𝑅 + 2(𝑓𝑜) ∙ (𝑑𝑒𝑝𝑡ℎ) ∙ (𝛼𝑑𝐵) − (𝑇𝐺𝐶𝐿𝑁𝐴(𝑑𝐵) +  𝑇𝐺𝐶𝑆𝐷𝐶(𝑑𝐵)) +  𝐷𝑅𝑙𝑜𝑠𝑠 (3.33) 

 

Typically, an Instantaneous Dynamic Range (IDR) of 40 to 100 dB is desired at any location within the scan region 

in the body [16], [13]. So, from equation (3.33) we see that if the TGC gain within the probe is chosen in order to 

compensate the attenuation experienced by ultrasound signal during propagation through the tissues for a given 

scan depth, then equation (3.33) reduces to: 

 

 𝑆𝑁𝑅𝐴𝐷𝐶 = −10 log(𝑁𝑎𝑝𝑒𝑟𝑡𝑢𝑟𝑒) +  𝐼𝑛𝑠𝑡𝑎𝑛𝑡𝑎𝑛𝑒𝑜𝑢𝑠 𝐷𝑅 + 𝐷𝑅𝑙𝑜𝑠𝑠  (3.34) 

 

The assumption for the TGC gain taken into consideration is due to the fact that it depends upon the scan depth 

and imaging application. So, the assumption provides us with insights into the dynamic range requirements of the 

ADC, purely from the instantaneous DR point of view. Figure 3.16 shows the plot of SNRADC versus Naperture for a 

given IDR requirement for various TGC gains at max scan depth. The ultrasound frequency, depth and attenuation 

coefficient are mentioned in Table 3.1. 
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Fig. 3.16 Required ADC dynamic range versus aperture size for various IDR  

 

In the above figure, it is seen that as the TGC gain changes from 0dB to 60dB (complete compensation for the 

ultrasound attenuation), the dynamic range requirement of the ADC is relaxed for a given instantaneous dynamic 

range requirement. The dynamic range requirement of the ADC is further relaxed when moving towards bigger 

aperture sizes. Typically, high-end ultrasound probes have TGC gains around 40~48dB and the low-end ultrasound 

probes have around 24dB of TGC gain. Hence the dynamic range requirement of the ADC differs in both those 

cases. So, from Figure 3.16, for a high-end probe configuration, with an aperture size of 32, the ADCSNR ≈ 65dB 

for targeting an IDR = 60dB. Whereas the same ADC and aperture size when used within the low-end probe will 

provide an IDR = 40dB. These IDR values in reality will be further lowered due to noise and distortion from the 

LNA and the SDC.    

The modelling of the ADC consists of the input referred noise of the ADC and the sub-blocks namely, the track 

and hold stage (T/H), and the DAC of the ADC. The SAR algorithm modelling is currently not taken into account, 

and will be incorporated in future. Referring to [19], [20] the following equations describe the Simulink ADC 

model. The full-scale range of the ADC is given  

 

  
𝑉𝐹𝑆 =

𝐶𝑠

𝐶𝑠 + 𝐶𝑝𝑎𝑟𝑎

∙ 2𝑉𝐷𝐷 
(3.34) 

 

Wherein the factor 2 arises due to the differential mode of the DAC implementation. Cs is the total sampling 

capacitance per input of the DAC and Cpara is the parasitic capacitance existing at the input of the DAC. The LSB 

voltage is defined as:  

 

  
𝑉𝐿𝑆𝐵 =

𝑉𝐹𝑆

2𝑏𝑖𝑡𝑠 − 1
 

(3.35) 

 

The thermal noise referred to the input of the ADC is given by: 

  

 

𝑣𝑛,𝑘𝑇/𝐶 = √
2𝑘𝑇 ∙ 𝐵𝑊

𝐶𝑠 ∙ (𝐹𝑠/2)
 

(3.36) 
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Wherein, Fs represents the sampling frequency of the ADC and BW is the ultrasound signal bandwidth of interest. 

The noise of the comparator referred to the input of the ADC, as mentioned in [20] is given by: 

 

 

𝑣𝑛,𝑐𝑜𝑚𝑝 = √
𝐵𝑊

(𝐹𝑠/2)
2.89 × 10−8 

(3.37) 

 

The quantization noise of the ADC is given by: 

 

 

𝑣𝑛,𝑄𝑁 = √
𝑉𝐿𝑆𝐵

2

12
∙

𝐵𝑊

(𝐹𝑠/2)
 

(3.38) 

 

The noise power of the DAC is currently assumed to be equal to 10% of the comparator’s noise power. The DAC’s 

noise is not related to the comparator’s noise, but for the purpose of modelling, a ballpark figure is assumed. 

  

 

𝑣𝑛,𝐷𝐴𝐶 = √
𝐵𝑊

(𝐹𝑠/2)
∙ 0.1(𝑣𝑛,𝑐𝑜𝑚𝑝

2 ) 

(3.39) 

 

The jitter noise of the ADC comprises of the sampling clock jitter. For the current modelling, the jitter noise is 

taken into consideration, given by 

 

 

𝑣𝑛,𝑗𝑖𝑡𝑡𝑒𝑟 = √
2𝜋𝑓0 (

𝐴𝑖𝑛𝑝

√2
⁄ ) ∆𝑡𝑗𝑖𝑡𝑡𝑒𝑟,𝑐𝑙𝑜𝑐𝑘 ∙ 𝐵𝑊

(
𝐹𝑠

2⁄ )
 

(3.40) 

 

There exists also aperture delay due to the finite fall time of the sampling clock pulse. This will result in additional 

signal dependent distortion at the output. This aspect is currently not included in the ADC modelling. The impact 

of ADC supply (VDD) noise, and variability of the offset, INL of ADC from channel to channel, is controlled by 

the user in the model by assigning the appropriate sigma values for each. The track & hold circuit model consists 

of a sampler switch and additional non-linear blocks. The offset of the comparator is also included in this sub-

block of the model. The track & hold circuit’s non linearity is modelled within the ADC. The approach towards 

modelling this is similar to that outlined in section 3.3.3.2. The DAC of the ADC is modelled as 8 sub-DACs to 

match the dynamic characterization of the available SAR ADC. The worst-case error during conversion cycle 

happens at the mid-code transition. This results in the worst-case differential non linearity (DNL). So, depending 

upon the required DNLwc set by the user, the DAC model adapts the 8 sub-DACs in order to realize the transfer 

function of the total DAC. This is achieved by modelling each of the sub-DAC mathematically in the line intercept 

form given by: 

 

 𝑦 = 𝑚𝑥 + 𝑐 (3.41) 
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The limitation of this approach is that, only systematic mismatch can be included in the DAC model. This is 

because the quantizer block in Simulink is a standard ideal block. Shown in Figure 3.17 is the Simulink model of 

the non-ideal ADC. The parameters for each of the blocks is updated by the MATLAB script. 

 

 

Fig. 3.17 Simulink model of the ADC 

 

3.4 BACKEND MODEL 
 

3.4.1 Introduction 

 
The digitized signals from the ADC need to be further processed before being displayed as the final image on the 

display. The processing of the quantized ultrasound signal is depicted in Figure 3.18. 

  

 

Fig. 3.18 Ultrasound signal processing steps involved after digitization 

 

The ADC data is first fed to the digital beam-former. The digital beam-former aids in beamforming the digitized 

ultrasound signals from the transducer element array in order to focus on a single point in the imaging field. There 

are many options available for the implementation of the digital beam-former architecture [5], [6]. The typical 

delay and sum beamforming is used in this work with uniform apodization. The aperture size used for beamforming 

is 128. Further the beam-formed data undergoes envelope detection. The signals after envelop detection have a 

high dynamic range and needs to be compressed to match with the dynamic range of the typical display units. 

Also, the human eye has a limited greyscale dynamic range of around 60 dB [16]. Hence the signals are log 

compressed and with image post processing depending upon the ultrasound application, the final images are 

T/H 

QUANTIZER 
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displayed on the display unit. Given the fact that only a certain TGC gain is incorporated within the probe, the 

remainder of the TGC gain is provided by the back-end systems. In a traditional ultrasound system, there exists 

TGC control knobs in order to control the brightness of the image at certain depths. The next section covers this 

back-end TGC control and the need for it in the context of current modelling work. 

 

3.4.2 Backend time gain compensation 

 
The back-end TGC allows for the user to compensate the attenuation experienced by the ultrasound signal as it 

propagates through the human body. This attenuation compensation is dependent on the tissue characteristics and 

is a complex subject on its own. For the current modelling work, the attenuation coefficient is known before-hand 

from Table 3.1. Hence, for the given imaging depth in consideration, the total attenuation experienced by the 

ultrasound signal can be calculated by 

 

 𝑈𝑆𝑎𝑡𝑡𝑒𝑛𝑢𝑎𝑡𝑖𝑜𝑛(𝑑𝐵) = −2(𝑓𝑜) ∙ (𝑑𝑒𝑝𝑡ℎ) ∙ (𝛼𝑑𝐵)  (3.42) 

 

The factor two arises due to the roundtrip of the ultrasound signal. A part of this attenuation is compensated by the 

TGC in the probe as indicated in equation (3.19). The remainder of the TGC gain is implemented in the backend 

before beamforming. This allows to examine the increased noise floor in the final image reconstruction due to the 

AFE model, given that the ultrasound signal has been totally compensated for attenuation. So, the resulting image 

reconstructed from the original RF data (with ideal conditions) and after being processed by the AFE model, will 

have similar image brightness levels. Furthermore, it allows for the user to compare the contrast to noise ratio 

degradation with respect to the original dataset (shown in Figure 3.6) due to various parameters within the AFE 

model. The Simulink model for this TGC implementation is similar to the TGC implementation within the LNA 

& SDC Simulink models. A GUI is designed using MATLAB (see Appendix A) to facilitate easy interaction with 

the model. Appendix A & B covers the analysis and characterization of the individual sub-block models along 

with the image reconstructions. 

 

3.5 RESULTS 
 

3.5.1 Complete ultrasound AFE & backend model 

 
The individual blocks are combined together to result in the complete analog front-end up to (and including) the 

ADC. The ADC resolution is varied from 4 bit to 14 bit and the resulting digitized output is later beam-formed to 

reconstruct the image. Shown in Figure 3.19 is the AFE setup. As can be seen in Figure 3.19, the cyst dataset from 

Field II (ideal signals with no noise) is provided as the input to the Simulink model. Uniform apodization is used 

during the beamforming process, with transducer aperture size varying from 90 to 128 channels. The two probe 

configurations indicated in Appendix B are used to simulate the Simulink model via the AFE simulation GUI. For 

assessing the image quality, Contrast to Noise ratio is computed with reconstructed cyst phantom ultrasound image. 

The Contrast to noise ratio (CNR) is defined as 

 

 
CNR =  

|µ𝑏𝑐𝑘 − µ𝑐𝑦𝑠𝑡|

√𝜎𝑏𝑐𝑘
2 + 𝜎𝑐𝑦𝑠𝑡

2

  
(3.43) 

 

The numerator in the above equation (3.43) calculates the absolute difference of the means of the image data, 

within and outside the anechoic cysts. The denominator accounts for the standard deviation of the values in the 

chosen region of consideration as shown in Figure 3.19. The next sections cover the influence of ADC resolution 

and clock jitter on the Contrast to Noise ratio of the anechoic cyst phantoms when compared with the ideal image 
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reconstruction of the simulated data as shown in Figure 3.19, with the anechoic cyst numbers & region of 

consideration. The focus is around at a depth of 7cm.    

 

  

 

Fig. 3.19 Ideal reconstructed image with cyst phantoms (top). Complete ultrasound AFE and backend D-TGC Simulink model (bottom) 

 

3.5.2 Impact of ADC resolution on anechoic cyst CNR 

 

In order to see the impact of ADC resolution on the anechoic cyst CNR, the ADC resolution was varied, from 4bit 

until 14bit for both the high- and low-end probe configuration. Two approaches were considered for setting the 

value of the INL in the ADC model. In the first approach, the INL of the 12b SAR ADC [19] is taken as a reference, 

from which subsequent INL for lower and higher resolution is estimated. The total sampling capacitance is fixed 

in this case [19]. In the second approach the INL of the ADC was chosen to be held constant at 0.5 LSB. The total 

sampling capacitance now varies such that the thermal noise floor is lower than the quantization noise floor of the 

ADC. An INL of 0.5 LSB can be targeted for lower resolution SAR ADCs, but becomes increasingly challenging 

for higher resolution SAR ADCs [13]. The reconstructed images can be found in Appendix A & B. The CNR 

results of the image reconstructions are tabulated in Tables 3.2 up to 3.5.  

From Figures 3.20 and 3.21, its seen that in the case of 4bit and 6bit ADC, the reconstructed images are not visually 

complete for the entire sensing depth and hence the anechoic cyst CNR results are not considered for all the four 

anechoic cysts (see Appendix A for the image reconstructions). This is due to the finite TGC gain of the high-end 

and the low-end probe configurations, combined with a lower resolution ADC results in a total lower sensing 

dynamic range. As a result, the anechoic cysts are no longer visible at lower sensing depths, but the massive cysts 

are visible. 

The anechoic cyst CNR values are relatively constant from an ADC resolution of 8bit onwards. This trend is seen 

both in the case of low-end and high-end probes, and also for both fixed and varying INL of the ADCs. One 

possible reason which explains this trend is due to the Delay & sum beamformer used for the image reconstruction. 

The acoustic clutter due to the side lobes are relatively higher compared to other beamformers [16]. Further 

investigation is required in order to differentiate the impact of different beamformers on the required ADC 

4 

3 

2 

1 

Original Annotated 
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resolution. The SAR ADC from TU Eindhoven [19] is a flexible 10b/12b ADC, which meets the requirement for 

the required ADC resolution for ultrasound, given that per channel (one transducer per channel) digitization is 

chosen for the implementation. 

TABLE 3.2 

LOW-END PROBE: CYST CNR V/S ADC BITS (VARYING INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 
 

5e-4 4e-3 3e-2 0.2 1.5 12 

        
Cyst 1 3.86 2.44 1.40 0.56 0.55 0.58 0.62 

Cyst 2 3.19 1.78 0.61 0.58 0.58 0.58 0.60 

Cyst 3 3.35 1.68 1.32 1.27 1.27 1.26 1.30 
Cyst 4 3.35 2.09 2.21 2.31 2.31 2.28 2.24 

 

TABLE 3.3 

HIGH-END PROBE: CYST CNR V/S ADC BITS (VARYING INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 5e-4 4e-3 3e-2 0.2 1.5 12 

        
Cyst 1 3.86 1.07 1.21 0.81 0.81 0.79 0.83 

Cyst 2 3.19 1.78 0.82 0.79 0.78 0.78 0.74 

Cyst 3 3.35 1.72 1.45 1.44 1.46 1.43 1.47 
Cyst 4 3.35 2.15 2.22 2.30 2.27 2.29 2.34 

        
 

       
Fig. 3.20 Cyst CNR versus ADC resolution (Low-end & High-end probe configurations)  

 
TABLE 3.4 

LOW-END PROBE: CYST CNR V/S ADC BITS (FIXED INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 0.5 0.5 0.5 0.5 0.5 0.5 

        

Cyst 1 3.86 2.39 1.41 0.75 0.59 0.54 0.54 

Cyst 2 3.19 1.75 0.88 0.70 0.59 0.56 0.58 

Cyst 3 3.35 1.88 1.66 1.40 1.26 1.25 1.25 

Cyst 4 3.35 2.24 2.29 2.28 2.28 2.29 2.33 

       

 

 

 

TABLE 3.5 

HIGH-END PROBE: CYST CNR V/S ADC BITS (FIXED INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 0.5 0.5 0.5 0.5 0.5 0.5 

        

Cyst 1 3.86 1.08 1.30 0.99 0.80 0.77 0.76 

Cyst 2 3.19 1.81 1.14 0.88 0.79 0.77 0.76 
Cyst 3 3.35 2.04 1.76 1.53 1.47 1.44 1.38 

Cyst 4 3.35 2.19 2.27 2.33 2.31 2.31 2.29 
 

   
Fig. 3.21 Cyst CNR versus ADC resolution (Low-end & High-end probe configurations) 
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3.5.3 Impact of clock jitter on cyst CNR 

 
It is known that jitter of the sampling clock of the ADC, results in sampling moments to shift from sample to 

sample, resulting in the degradation of the ADC’s SNR. Random jitter variations are considered in the context of 

the AFE modelling and image reconstruction. Clock skew (both globally and channel to channel) is not considered 

in the current modelling, but can easily be implemented in the Simulink model in the future. Aperture error 

resulting from the sampling switch and finite fall time of the sampling clock is neglected in the modelling for 

simplicity. Shown in Table 3.6 and 3.7 are the results of the image reconstruction for varying sampling clock jitter. 

 

TABLE 3.6 

LOW-END PROBE WITH 12B ADC 

Jitter rms 0.1ps 1ps 10ps 100ps 1ns 10ns 

       

Cyst 1 0.54 0.57 0.56 0.59 0.69 0.03 

Cyst 2 0.59 0.57 0.57 0.56 0.30 0.17 

Cyst 3 1.27 1.26 1.27 1.28 1.24 0.21 

Cyst 4 2.31 2.29 2.29 2.26 2.18 0.43 

       
 

TABLE 3.7 

HIGH-END PROBE WITH 12B ADC 

Jitter rms 0.1ps 1ps 10ps 100ps 1ns 10ns 

       

Cyst 1 0.81 0.81 0.80 0.83 0.94 0.17 

Cyst 2 0.79 0.78 0.78 0.74 0.83 0.06 

Cyst 3 1.44 1.46 1.43 1.47 1.30 0.11 

Cyst 4 2.30 2.27 2.29 2.34 2.06 0.44 

       
 

 

   
Fig. 3.22 Cyst CNR versus ADC clock jitter (Low-end & High-end probe configurations) 

 
From the reconstructed images both for high-end and low-end probe configurations, it shows that the total rms 

sampling clock jitter can be tolerated up to 100psrms for reliable image reconstruction. This is captured in Figure 

3.22. The paper [13] mentions the clock jitter requirement for ultrasound specifications is typically about 1psrms. 

This work shows that the clock jitter requirement can further be relaxed up to 100psrms without impacting the 

reconstructed image quality. This can later be used as an input for designing the clock and timing management 

blocks of the digitizer array. The AFE model also incorporates the option to simulate the impact of channel-channel 

variability arising at the transducer, and also failing transducers. The impact of channel non-linearity, channel-

channel variability, failing transducers were analyzed partially due to time and resource constraints and hence not 

presented here.   

 

3.6 CONCLUSIONS 
 
In this chapter, the modelling of the ultrasound AFE was covered, with emphasis on addressing the required ADC 

resolution for acceptable reconstructed image quality. Two probe configurations namely a high-end and a low-end 

were considered in order to arrive at the required ADC resolution after image reconstruction. Also, the modelling 

work addresses the current gap in literature in terms of understanding the impact of finer parameters of the model 
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on the reconstructed image quality. These parameters being the sampling clock jitter, finite digital TGC of the 

AFE. MATLAB and Simulink models were developed for the circuit blocks with a user-friendly GUI. The detailed 

analysis of the ultrasound AFE Simulink model was carried out for determining the accuracy of the models 

developed, covered in Appendix B. Two ultrasound probe configurations were chosen in order to investigate the 

influence of ADC resolution and sampling clock jitter on the reconstructed image quality. Image reconstruction 

results indicate that the ADC resolution can be relaxed down to 8bit without further impacting the reconstructed 

image quality (CNR). This is further validated with cascaded noise analysis which is also covered in Appendix B. 

Hence ensuring a minimum ENOB of 8 bits for the ADC fulfills the required resolution of the ADC for ultrasound 

B-mode imaging. Furthermore, the sampling clock jitter of the ADC can be relaxed up to 100psrms without further 

impacting the reconstructed image quality (CNR). Hence the simulation outcomes propose techniques for possible 

power reduction in the probe electronics without impacting the reconstructed image quality, quantified in terms of 

CNR.   

 

3.7 FUTURE WORK 
 

With the help of Philips Research, Cambridge, further image reconstructions with the Simulink AFE model can 

be carried out to analyse the impact of channel non-linearity, channel crosstalk, channel-channel variability, failing 

& deteriorating transducers. Thanks to the ultrasound AFE simulation GUI, and the beamforming by the 

Cambridge team, minimal effort is foreseen for the remainder of the analysis.  
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4 DIGITIZER ARRAY  

 

 

4.1 INTRODUCTION 
 

This chapter on the digitizer array covers the top-level architecture of ASIC II. The literature overview provides 

insight into current state of the art designs, followed with ideal block level simulations of ASIC II. An ultrasound 

probe during the receive mode is connected to low voltage receiver electronics by the transmit/receive switch. The 

ultrasound signals upon reception are amplified and later digitized before beamforming and final image 

reconstruction process. In chapter 3 it was noted that the digitization stage is slowly migrating towards in-probe 

implementation, which offers additional benefits. Hence arises the need for a dedicated digitizer array which will 

enable the digitization of ultrasound signals within the probe. Highly integrated, low power & flexible performance 

are some of the key attributes desired from such a digitizer array. This will enable its usage for a wide range of 

ultrasound applications & transducer configurations. The next section covers the literature review of selected 

published papers on digitizer arrays.  

 

4.2 LITERATURE OVERVIEW  
 

Digitizer arrays are used in a myriad of applications such as in image sensors, communications, neuro-prosthesis, 

ultrasound and many more. Each application dictates certain requirements which need to be met by the ADC array 

for optimal integration in the system. In this section, some selected commercial chipsets and research papers are 

discussed to give an overview of current state of the art designs of digitizer arrays.  

AFE5816 is a 16 channel AFE for ultrasound applications from Texas Instruments [1]. The chip consists of the 

input attenuator, low noise amplifier, low pass filter, ADC and a mixer. The input attenuator along with the variable 

gain within the LNA account for 39dB of TGC gain. The anti-aliasing filter is a 3rd order linear phase filter with 

variable cut-off frequencies. The ADC can be configured to operate in either 12bit or 14bit mode, with a sampling 

frequency of 80MS/s or 65MS/s respectively. A SAR ADC is used within this AFE chip, whose architecture is 

similar to the 16bit, 2MS/s, ADS8413 chip from Texas Instruments [2]. With a power consumption of 55mW per 

channel at 40MS/s, this AFE chip can be configured to be used in various ultrasound applications. Due to its high-

power consumption per channel, its more suitable for systems wherein the digitization at transducer level would 

be carried out in the backend rather than in the ultrasound probe. 

Recently in December 2018, Texas Instruments introduced a new lower power version of the AFE for ultrasound 

applications. The chip AFE5832LP is a 32 channel AFE for ultrasound [3]. The chip consists of 32 channels, with 

each channel consisting of the LNA, Attenuator, Low pass filter, ADC and the Continuous wave mixer. The total 

TGC gain available equals 48dB. The anti-aliasing filter is a 3rd order linear phase filter with variable cut-off 

frequencies. The ADC can be configured to operate either in 12bit, 80MS/s or 10bit, 100MS/s mode. A 

differentiating factor from AFE5816 chip is the option to choose from either 16 input channels or 32 input channels 

at half the sampling frequency. This is achieved by using a multiplexer stage at the input of each of the individual 

16 ADCs. This allows for a small area design, in cases where the ADC is of substantial area compared to the other 

blocks of the AFE. With a power consumption of 18.5mW per channel in low power mode, the AFE chip is 

intended for use within the ultrasound probe for point of care ultrasound applications. Prior analog beamforming 

is still necessary at transducer patch level, in order to realize a power efficient system with this chipset.  

The author of paper [4] presents a configurable array of SAR (Successive Approximation Register) ADCs (Analog 

to Digital Converter) which can be configured to be measured in parallel mode or in time-interleaved mode. The 

use of the multiplexer & de-multiplexer stages allows for the flexible configuration of the ADC array based on the 

application needs for high speed xDSL communications. The SAR ADC in each channel is based on threshold 

configuring scheme, thus avoiding the need for an internal DAC (Digital to Analog Converter). The author 
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investigates the performance of the ADC array in the time interleaved mode to determine the optimal array size in 

the presence of different mismatch sources (such as offset, gain, bandwidth, timing skew). Given the choice of 

SAR ADC implementation in the paper, an optimal array size of 8 was chosen beyond which there was no further 

improvement in the ENOB for the time interleaved configuration. The array size limitation in this paper is mainly 

due to the threshold configuring scheme used in the 7-bit SAR ADC. The ADC array has a max sampling frequency 

of 125MS/s with a Figure of Merit (FoM) of 130fJ/conversion-step.  

The 10bit ADC array presented in [5] uses the SAR architecture in order to realize an array of 256 ADCs for high 

speed CMOS imaging application. 256 column parallel ADCs are used for a 256 x 256 CMOS Image Sensor (CIS). 

The ADC array also includes 256 multiplexers at the input of the ADC. This feature allows the authors to test the 

individual ADC performance and impact of various readout techniques of CIS on the ADC array output. The 

capacitor mismatch in the ADC is compensated by an analog calibration technique called dithering. This technique 

enables the authors to achieve an average ENOB of 9.83bit for a sampling frequency of 768kS/s. Compared to [4], 

the ADC array achieves a competitive FoM of 74fJ/conversion-step. The ADC’s FoM still meets the requirements 

for in-probe implementation for ultrasound applications [8].  

Neuro-prosthetic applications also demand power efficient ADC array for large electrode arrays. The ADC array 

presented in [6] consists of 96 variable resolution ADCs. Each ADC has a SAR architecture implemented in 

0.13µm CMOS, with a sampling frequency of 100kS/s. The resolution of the ADC can be varied from 3 to 8bits 

according to the neural data content of the signal. The ADC array manages to reduce the power consumption by a 

factor of 2.3 while achieving an ENOB of 7.8bits at the 8bit setting, with a FoM equalling 40fJ/conversion-step. 

The power efficiency of the ADC array is attributed to the on chip real-time spike sorter which controls the required 

ADC array resolution for optimal results after the training period. The ADC’s FoM is better than the ADC 

presented in [5], allowing for in-probe implementation.  

Digitizer arrays have recently also been used for in probe implementation for ultrasound probes. The authors of 

[7] have designed an analog front-end with in probe digitization. The 24 x 6 elements transducer array is interfaced 

with an LNA followed by a Programmable Gain Amplifier (PGA) whose output is digitized by the Beamforming-

ADC. The beamforming-ADC consists of a hybrid combination of delay lines and a SAR ADC. Each ADC 

performs analog beamforming on a 3 x 3 elements patch of the total 144 elements. Hence the digitizer array 

consists in total of 16 ADCs. Each beamforming-SAR ADC is 10bit with a sampling frequency of 30MS/s. Further, 

the output of two 2 ADCs are combined together and with clock data recovery, 8b/10b encoding, the data is 

outputted via LVDS drivers. In total, with a 36-fold channel count reduction, the ASIC achieves a power efficiency 

of 0.91mW/element in the receive mode. The power efficiency of the combined AFE solution presented allows 

for scaling of this design for large 2D arrays with around 1000 elements. For larger transducer count, analog 

beamforming needs to be carried out for larger patch sizes before digitization by the AFE.  

TABLE 4.1 

LITERATURE OVERVIEW SUMMARY 

 [1] [3] [4] [5] [6] [7] 

Application Ultrasound Ultrasound 
High-speed 

communication 
Imaging 

Neuro-

prosthetic 
Ultrasound 

AFE Channels 16 32 8 256 96 16 

AFE Sub-Blocks 

Attenuator, 

LNA, LPF, 
ADC, Mixer 

Attenuator, 

LNA, LPF, 
ADC, Mixer 

MUX, ADC, 

DEMUX 

MUX, 

ADC 
LNA, ADC 

LNA, PGA, 

ADC 

ADC Resolution 12bit / 14bit 12bit / 10bit 7bit 10bit 3bit to 8bit 10bit 

Sampling speed 
80MS/s or 

65MS/s 
80MS/s or 
100MS/s 

125MS/s 768kS/s 100kS/s 30MS/s 

Power/Channel 55mW 18.5mW 850µW 58µW 0.9µW 4.3mW 

ADC FoM 
12.5pJ/conv-

step 
12.5pJ/conv-

step 
130fJ/conv-

step 
74fJ/conv-

step 
40fJ/conv-

step 
N.A. 

Technology N.A. N.A. 90nm CMOS 
180nm 

CMOS 

130nm 

CMOS 

180nm 

CMOS 

 
Table 4.1 summarizes the design details of the discussed papers. The digitizer array designs described so far 

indicate that a medium resolution ADC along with integrated AFE & with DSP backend, integrated within a single 

chip allows for a power and area efficient solution when considering an in-probe implementation. Furthermore, 

the use of an analog multiplexer within the digitizer array allows for an area efficient implementation in cases of 

large transducer count. It can also serve as an additional debug pin for the digitizer array after integrating with the 

2D ultrasound transducer. The ADC’s FoM is also of critical importance in realizing a power efficient digitizer 
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array. Achieving a FoM of 20fJ/conversion-step or lower will allow for the digitizer array’s integration with 2D 

transducers [8]. This work will try targeting the above requirements with a proposed low power digitizer array 

design, which will simultaneously allow for flexibility in terms of various ultrasound applications. As mentioned 

earlier in Chapter 3, Section 3.3, the AFE along with the digitizer array comprises of ASIC I and ASIC II. ASIC I 

interfaces with the ultrasound transducers and amplifies the received ultrasound signal with time gain 

compensation. ASIC II further converts the single-ended ASIC I output to differential and then digitizes it. The 

specifications of ASIC I and II are covered in the next section. 

 

4.3 ASIC-I & ASIC-II SPECIFICATIONS  
 
In Chapter 3, the functionality of ASIC-I and ASIC-II were covered with modelling. In this section, the 

specifications for ASIC-I and ASIC-II are detailed. The ultrasound transducer during the receive stage is connected 

to ASIC-I, whose output is further processed by ASIC-II. Figure 4.1 shows the sub-blocks of ASIC-I and ASIC-

II.  

 

Fig. 4.1 ASIC I and ASIC II with their individual sub-blocks 

 
ASIC-I consists of the transducer, the transmit/receive switch indicated by the MUX in the above figure, followed 

by the low noise amplifier during the receive mode and the high voltage driver during the transmit mode. ASIC-I 

also includes a time gain compensation function which is incorporated within the LNA stage. There is already a 

pre-existing ASIC-1 chip within certain Philips ultrasound transducer probes. This chip directly drives the coaxial 

cable connecting the probe to the backend as explained in Chapter 2. With ASIC-II, further analog processing of 

the received ultrasound signals is done, followed by the digitization. Hence, the required sub-blocks consist of a 

single ended to differential amplifier, an anti-aliasing filter and an analog to digital converter. 

Appendix B covered the AFE model simulations for two probe configurations, namely a High-end and a Low-end 

transducer probe. These two probe configurations had different parameters for the sub blocks of ASIC-I and ASIC-

II. The model parameters were detailed for individual sub blocks focussing on the noise, TGC gain within the 

probe, non-linearity, bandwidth and ADC resolution. The simulations using this AFE model were meant to give 

further insights to the required ADC resolution for B-mode ultrasound imaging. But in the context of the ASIC-II 

design, the parameters of ASIC-I were adapted due to additional insights within the team at Philips Research, 

Eindhoven. The new set of specifications of ASIC-I are indicated in Table 4.2. Detailed specifications can be 

found in Appendix C. 

TABLE 4.2 

ASIC-I SPECIFICATIONS FOR HIGH & LOW-END PROBE 

 

Nyquist 

Bandwidth 
(MHz) 

Transducer 

RT  
(Ω) 

Transducer 

Noise  
(µVrms) 

TGC 

gain 
(V/V) 

LNA 

NF 
(dB) 

Output 

signal 
(mVpp) 

VCM 

(V) 

Output 

Dynamic range 
(dB) 

Power 

consumption per 
channel (mW) 

High-end 

Probe 
20 100 5.75 0.5 to 5 10 to 6 200 1.8 77.8 to 61.8 < 0.5 

Low-end 
Probe 

20 10k 57.5 0.5 to 5 10 to 6 200 1.8 57.8 to 41.8 < 0.5 

 
The two probe configurations, namely the high-end and low-end have different transducer leakage resistance 

values, as reflected in the above Table 4.2. Given similar bandwidths, Noise Figure (NF), TGC gain and the signal 

swing, this results in different output dynamic ranges for the two probe configurations. The output signal from 

ASIC-I is single-ended and needs to be digitized within the probe. The power consumption details of ASIC-I are 
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not known due to confidentiality reasons. The ballpark figure for the power consumption of ASIC-I is between 

0.3mW to 0.5mW per channel [8]. 

ASIC-II which interfaces with ASIC-I is responsible for single-ended to differential conversion, filtering and 

digitization. It is hereby referred to as the digitizer array. The main sub-blocks required are the single-ended to 

differential amplifier, an anti-aliasing filter and an analog to digital converter. This is shown in Figure 4.1. For B-

mode ultrasound imaging, it is desired to have an instantaneous dynamic range of 40dB to 55dB (within the 

ultrasound bandwidth) for differentiating tissues at the desired scan depth [9]. Given that this instantaneous 

dynamic range is desired within the ultrasound bandwidth of interest, the main requirement of ASIC-II would be 

to meet the said dynamic range at the ASIC output, with power efficient design of the sub-blocks. In Chapter 3, 

Table 3.1, its known that the transducer’s centre frequency is 6MHz and with a bandwidth of 3.6MHz. This 

bandwidth, which is 60% of the transducer’s centre frequency, is typical for piezo-electric ultrasound transducers. 

In the case of Capacitive Micro-machined Ultrasound Transducer (CMUT), the transducer’s bandwidth is typically 

100% of its centre frequency. Since the intended usage of ASIC-II is for both types of transducers, the latter 

bandwidth specification will be considered, targeting an output dynamic range of 40dB to 55dB. The power 

consumption of ASIC-II needs to be less than 9.5mW/channel, a requirement for both High-end and Low-end 

ultrasound 1D linear array probes. The former power budget includes the power requirements for the digital 

interface, high speed output driver stages and other miscellaneous blocks. Hence the combined power consumption 

of both ASIC-I and ASIC-II during receive mode is targeted to be less than 10mW/channel. A voltage gain of 

6V/V which results in a differential output swing of 1.2V is desired from the SDC and the AAF block’s output. 

No additional TGC gain is required from ASIC-II as per the requirements of the Philips Research, Eindhoven 

team. Table 4.3 captures the top-level specifications of ASIC-II. 

TABLE 4.3 

ASIC-II SPECIFICATIONS FOR HIGH & LOW-END PROBE FOR TRANSDUCER BANDWIDTH = 6MHZ, NYQUIST BANDWIDTH = 20MHZ 

 
AFE      

Sub-Blocks 

Voltage 

Gain 

(V/V) 

Output 

signal 
(Vpp_diff) 

VDD 

/VCM 

(V) 

AAF 

Filter 

order 

ADC 

Resolution 

(bits) 

Output  

Dynamic range 

(dB) 

AFE Power 

consumption 
per channel 

(mW) 

Total Power 

consumption 
per channel 

(mW) 

High-end 

Probe 

SDC, AAF, 

MUX, ADC 
6 1.2 

1.1/ 

0.55 
2 12 55.4dB to 53.8dB < 2 < 9.5 

Low-end 

Probe 

SDC, AAF, 

MUX, ADC 
6 1.2 

1.1/ 

0.55 
2 12 52.1dB to 38.7dB < 2 < 9.5 

     

The main objective is to realize a single ASIC-II such that it will be compatible with both high-end and low-end 

ASIC-I. The different output dynamic range seen in Table 4.3 stems basically due to ASIC-I’s high and low-end 

configurations. Further breakdown of the individual sub-block specifications shown in Table 4.3 will be covered 

in Section 4.4. The next section covers the architecture for ASIC-II wherein, the individual block design choices 

and approach will be detailed. Ideal channel simulations are later carried out in order to determine the maximum 

achievable output dynamic range in the given ultrasound bandwidth of interest.  

 

4.4 ASIC II CHIP ARCHITECTURE 
 

4.4.1 Introduction 

 
ASIC-II which interfaces with ASIC-I is responsible for single-ended to differential conversion, filtering and 

digitization. It is hereby referred to as the digitizer array. The initial project management plan document envisions 

a 32 channel ASIC-II, responsible for the digitization of 32 channels with an ADC per channel [10]. The signal 

processing font-end and other auxiliary blocks such as the reference voltage generator, low dropout regulator, 

clock tree, internal clock divider circuits, the datalink interface circuit for the ADCs and finally the low voltage 

differential signalling (LVDS) driver stage for high speed serial data transmission, together constitute the digitizer 

array. This report focuses on the AFE blocks, mainly the design of the single-ended to differential converter which 

will interface with an existing ADC design from the Integrated circuits department of TU Eindhoven. The next 

section covers the details of the AFE of the digitizer array.  
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4.4.2 Analog frontend blocks 

 
The single-ended output from ASIC-I needs to be amplified and interfaced with a differential input ADC. An anti-

aliasing filter is needed before the ADC in order to limit input frequencies beyond the Nyquist bandwidth. As seen 

from Figure 4.1, the two essential AFE sub-blocks, namely the SDC and the AAF need to be designed to interface 

with the existing ADC design. Earlier the SDC design presented in [11] tried exploring the possibility of combining 

the SDC and the AAF functionality together. This work will try to use a similar design approach with a focus on 

realizing a design with less area & greater power efficiency. Additional functionalities such as tunable bandwidth 

& linearity is desired from this work. Also, the use of a multiplexer stage (MUX) is desired in order to limit the 

required ADC count, similar to [3], [4] & [5]. The use of the MUX further allows for the independent 

characterization of the ADC design. 

Furthermore, the MUX is particularly useful in the case of a 2D-transducer with thousands of elements. With 

techniques such as sparse array sampling, the MUX block provides an additional degree of freedom in choosing 

the final set of transducer elements that is digitized [9], [12], [13]. With the MUX block combined with the ADC, 

architectures such as Delay, Digitize And Sum (DDAS) beamforming can be explored. The MUX block can be 

used in certain combinations in an AFE as shown below.   

 

       

(a)                                                                                   (b) 

Fig. 4.2 Two MUX stage implementation options for ASIC II   

 

In Figure 4.2a, the MUX block allows for the ASIC-II AFE to process 4 transducer elements, with 4x reduction in 

the required SDC and ADC circuit blocks. However, an AAF is needed prior to the MUX block for each channel 

in order to limit frequencies beyond the effective Nyquist bandwidth per channel. With the advantage of fewer 

required circuit blocks, thus reduced area of ASIC-II, there are few disadvantages of this configuration too. A 

higher order AAF requires an active filter implementation. Further the SDC block needs to have a high Gain-

Bandwidth Product (GBW) in order to minimize adjacent channel inter-symbol interference (ISI). A higher GBW 

implies that the SDC block will consume more power too. This implies that the signal bandwidth per channel is 

limited/reduced if a power efficient and reduced ISI solution is required for ASIC-II.  

On the other hand, the MUX block shown in Figure 4.2b overcomes the disadvantages of the previous 

configuration with additional advantages. Moving the MUX block closer to the ADC allows for its effective 

integration within the ADC. The SDC and the AAF stages can be combined together, with the possibility of 

realizing a higher order active filter. With no reduction in the usable input signal bandwidth, this configuration 

also provides an option for future integration of ASIC-I and II as a single ASIC with the SDC interfacing directly 

with the transducer elements. Hence this configuration with the MUX block before the ADC is considered for 

further implementation, with a 2:1 MUX stage.  

The ADC’s output is then processed by an 8b/10b encoder. The 8b/10b encoder is essential when transmitting data 

over coaxial or optical fibre cables. The encoding relaxes the lower limit of the required transmission channel 

bandwidth and provides enough state changes for possible clock recovery [15]. With each ADC being 12bit, 

grouping two ADCs to realize a 24bit output results in an effective interface with the 8b/10b encoder. Shown in 

Figure 4.3 is the final AFE configuration of ASIC-II. This AFE configuration consisting of the two ADCs together, 

is termed as “AFE Block” indicated as B1 in Figure 4.3. The next section details further on the digital interface of 

ASIC-II.  
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Fig. 4.3 Ultrasound AFE Block configuration of ASIC-II   

 

 

4.4.3 Datalink 

 

The datalink is an important block which enables an effective interface between the AFE blocks and the receiver 

module within the workstation. There are two possible options for the receiver module interface, optical or an 

electrical (LVDS receiver) within a FPGA. The datalink block is also responsible for the control and setting up the 

configuration of multiple AFE blocks. This section will cover the requirements of the datalink block, existing 

architectures, its required sub-blocks and finally the proposed architecture of the datalink block. 

One of the key requirements is to maintain compatibility with the existing test setups and also allow for other 

possible readout options. The requirements are captured below in Table 4.4. 

TABLE 4.4 

TOP-LEVEL REQUIREMENTS OF THE DATALINK BLOCK  

Input bits  24 

Input Bitrate  1.2Gbps (maximum) 

Output Bitrate  1/2/4 Gbps 
Test pattern  Test pattern and Comma generation 

Optical readout  SFP module Transmitter (serial) 

Parallel readout  24bit parallel CMOS I/O buffers 
Serial readout  LVDS Transmitter 

 Control Input/setup  Serial Peripheral interface (SPI) 

     

The datalink block presented in [1], [2], [3] use SPI logic for configuring the chip and LVDS output drivers for 

data transmission. The authors in [7] have designed a datalink architecture which has clock and data recovery 

module, a 8b/10b encoder and LVDS output drivers. The clock for the datalink block presented in [7] is derived 

from an external high-speed clock, which is subsequently divided internally for the various sub-blocks and the 

AFE block. This work proposes a combination of both parallel and serial readouts, which will essentially meet the 

stated top-level requirements of the datalink block. The master clock for the datalink and rest of the chip will be 

derived from an external clock source ensuring that the modifications required for the new design is minimal and 

makes use of some sub-blocks from the existing design. Shown in Figure 4.4 is the proposed datalink architecture.     
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Fig. 4.4 ASIC II datalink architecture and its interface to a workstation (for a single AFE block)   

 

The datalink block shown in Figure 4.4 consists of two types of outputs, which interface with a custom PCB. The 

first consists of a 24b parallel CMOS I/O output and the second type consists of a clocked LVDS transmitter. The 

master clock is derived externally from the custom PCB, which is fed to ASIC-II. The datalink block shown in 

Figure 4.4 is for a single AFE Block, comprising of two ADCs. In the case of a 32-channel digitizer ASIC, which 

results in 8 AFE blocks, each AFE block would require its own datalink block. In Section 4.4.2, the reason for 

grouping of the 2 ADCs and the need of the 8b/10b encoder was covered. 

The test pattern and comma generation sub-block shown in Figure 4.4 is required for clock & data recovery when 

the clock source is not derived from an external source but rather generated internally within ASIC-II. The custom 

PCB further communicates with the workstation via PCI express and through optical fibre. The Small form-factor 

pluggable (SFP) module is standard off the shelf optical module transceiver used for data communications. It 

allows for the optical data transmission to the workstation via the custom PCB. In the next section, the final chip 

architecture is covered along with the intermediate test version chip of the design. 

 

 

4.4.4 Proposed chip architecture 

 

In sections 4.4.2 and 4.4.3, the two main blocks of the digitizer array (ASIC-II) namely the AFE block and the 

Datalink were detailed. Along with the other ancillary blocks such as the reference voltage generator, the low 

dropout regulator, internal clock divider circuits and the clock tree, they constitute the digitizer array chip. But for 

the current project, the reference voltage will be externally provided, hence it is not included in the chip. This 

approach was chosen primarily due to the time constraints within the project. Shown in Figure 4.5 & 4.6 are two 

possible versions of a single channel ASIC–II implementation. The first version shown in Figure 4.5 mainly 

comprises of the AFE block along with the datalink block. Also shown are the required clock divisions derived 

from the external master clock. The various internal clock divisions have been indicated in the figure, below 

respective circuit blocks. The parallel to serial converter block includes an additional feature of appending 

additional 12 bits if required, which will allow for the testing of the LVDS driver stage capability of being 

interfaced to 2 ADCs. 
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Fig. 4.5 Single channel digitizer architecture (chip version-1) 

 

The second version of the single channel digitizer shown in Figure 4.6 does not include the existing datalink design, 

but has the AFE block, the parallel to serial converter and the clocked LVDS driver. This version of the chip was 

proposed due to project constraints. The input clock indicated by CLK1 is the master clock with either a clock 

frequency of 1.28GHz or 2.56GHz. The bit MODE2 is set based on the initial chosen master clock frequency, thus 

resulting in the desired 40MHz ADC input clock. The parallel to serial converter block is also responsible for 

padding extra bits (either 4 or 20bits). The padding of 20bits, enables the option to emulate two additional ADC 

outputs. These two versions of the single channel digitizer, with two possible modes of operation, namely the 

normal mode & the two ADC emulation mode will also allow for the characterization of the existing LVDS design 

of Philips Research, similar to the final intended operation within a digitizer array. 

The initial project description [10] targeted 32 channels for the digitizer array, but due to time and resource 

constraints within the project, this work focusses on the realization of a single channel of the digitizer array. With 

this approach, individual designs can be characterized and measured, with a possibility of further improving the 

design when considering a larger 32 channel digitizer array. Furthermore, this work will focus only on the design 

of the single-ended to differential converter/amplifier, which will integrate with existing SAR ADC and LDO 

designs of the Integrated circuits group from TU Eindhoven. Shown in Figure 4.7 is the intermediate test chip 

architecture of the digitizer array. Excluding the second SDC from the AFE block allows for the independent 

characterization of the ADC design as well. Chapter 5 covers the design details of the SDC block, which will be 

integrated with the rest of the AFE blocks as shown in Figure 4.7. The next section will cover the simulation details 

of the digitizer array, with focus on the AFE block, in order to determine the performance of the design with ideal 

blocks.     
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Fig. 4.6 Single channel digitizer architecture (chip version-2) 



 

 

44 
 

 

Fig. 4.7 Single channel digitizer architecture (Intermediate test chip version) 

 

 

4.4.5 Simulation results  

 

In the previous section, two versions of the single channel digitizer chip architecture were presented. An 

intermediate test chip version intended to characterize individual circuit blocks was designed and taped-out in 

40nm low power CMOS technology. This test chip with the AFE chain comprising of the SDC (with AAF), MUX 

and the ADC for testing and characterization of the designs, was chosen for the tape-out. Having captured the 

ASIC-I and ASIC-II (Digitizer array) specifications earlier in section 4.3, the next step is to realize top level 

functional/behavioural model of the single channel digitizer in order to benchmark the expected performance in 

the case of an ideal design. The intermediate test chip version shown in Figure 4.7 is chosen for the modelling with 

focus on the AFE chain only. An additional SDC is included in the AFE chain for the modelling, which enables 

the AFE chain presented in Figure 4.6 and Figure 4.7 also to be tested. The SDC model consists of the “Multiple 

feedback second order Bessel lowpass filter”. Further details regarding the choice and the motivation can be found 

in Chapter 5. Shown in Figure 4.8 is the AFE of a single channel and its test-bench. The ADC and the registers 

were realized using Verilog-A, while the rest of the blocks were realized using ideal components. The detailed 

ideal models used can be found in Appendix-D. The Verilog-A code can be found in Appendix-D. The main 

purpose of the simulations and realization of the ideal model of the single channel AFE block is to understand the 

impact of the MUX on the overall linearity and bandwidth requirements of the AFE block, by dynamic 

characterization. Furthermore, this single channel ideal model is intended for later usage in the realization of the 

digitizer array ideal model, as per the needs of Philips Research.  
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Fig. 4.8 Single channel AFE Block and its test-bench 

 

In section 4.3, the ASIC-I and ASIC-II specifications were detailed, as per the requirements of the project. 

Focussing further, the specifications of ASIC-II, detailed in Table 4.3 and in Appendix-C were used for the 

realization of the single channel AFE block ideal model shown in Figure 4.8. The simulations were carried out in 

Cadence Virtuoso software. The SDC’s bandwidth tunability is verified with the AC simulation. A frequency 

sweep is carried out in order to determine the ENOB, SNDR, SFDR and SNR for the two bandwidth selectable 

options of the SDC.  

 

 

Fig. 4.9 AC response of SDC indicating its BW tunability 

 

In Figure 4.9, the AC response of the SDC is shown, with an option to select either 10 MHz or 20 MHz bandwidth. 

The AC coupling to the SDC results in a -3dB high-pass cut-off of 0.4 MHz. Further details on the choice and the 

motivation of the architecture of the SDC can be found in Chapter 5. The bandwidth selection option allows for 

the AFE block to operate for different ultrasound applications, which along with the multiplexed inputs gives a 

greater control over techniques such as sparse array sensing techniques [12] [13]. Figure 4.10 shows the AFE 

block’s linearity and dynamic range indicated by SFDR and SNR respectively for the single input of the AFE 

block. The SNR of the single input is dominantly determined by the SDC and the observed values match closely 

to the expected values, detailed in Chapter 5 and in Appendix-C. The roll-off seen in the SNR plots in Figure 4.10 

is due to the SDC’s second order filter roll-off as seen in Figure 4.9. With the MUX operational, it can be seen that 

it results in similar performance as observed for the single input operation. No channel to channel crosstalk is 

observed in the FFT spectrum of the demultiplexed outputs. The reason being that the current model of the MUX 

didn’t include the capacitance across the switch inputs (the capacitance CSD between the source and drain of the 
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mosfet). Combined with the SDC’s output stage slew-rate and the design of the MUX switches, channel to channel 

cross-talk is expected in the design. This work tries to address this by allowing for the SDC’s output stage slew-

rate to be controllable thus allowing for the suppression of channel-channel crosstalk for different ultrasound 

applications.  

     

     

Fig. 4.10 AFE Block response for a sampling frequency of 40MS/s (left) and 20MS/s (right) for a 200mVpp input 

 

     

Fig. 4.11 AFE Block response with multiplexed inputs, for a sampling frequency of 40MS/s for a 200mVpp input 

 

4.5 CONCLUSIONS 
 

In this chapter, the realization of the top-level architecture of ASIC-II (also known as the digitizer array) was the 

main focus. A brief literature review of some of the state-of-the-art digitizer arrays, along with requirements of 

Philips Research helped in defining the required ASIC-II specifications and its architecture. Two versions of the 

chip were proposed, with and without the existing datalink design IP of Philips Research. In order to test and 

characterize the individual sub-blocks of the single channel AFE block, a modified single channel digitizer 

architecture was realized as an intermediate step. Simulations of the single channel AFE block using ideal 

components showed that inclusion of the multiplexer does not deteriorate the targeted linearity but allows the use 

of ASIC-II for various ultrasound imaging techniques. The MUX model did not include channel to channel 

crosstalk; hence its impact is yet to be investigated on the required linearity of the AFE. The realization of the 
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single channel AFE block model and its simulations thus allow for the scaling of the model for future versions of 

a multichannel digitizer array. 

 

4.6 FUTURE WORK 
 

The multichannel digitizer array which will comprise of at least 16 AFE blocks needs further modelling with taking 

into account the datalink and other ancillary blocks required for the AFE block. Furthermore, the individual models 

at the ideal level can be further refined in order to analyse the impact of channel-channel crosstalk, both within a 

single AFE block and from other adjacent blocks as well.  
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5 SINGLE-ENDED TO DIFFERENTIAL CONVERTER  

 

 

5.1 INTRODUCTION 
 

The single-ended to differential converter (SDC) is one of the key sub-blocks of ASIC-II. In this chapter, the 

choice of the SDC architecture, its design details and circuit implementation will be covered in detail. In chapter 

3, it was concluded that modern ultrasound probes such as the 1D Lumify probe will benefit from in probe 

digitization at the transducer level rather than at the patch level. This will enable the system designers to truly 

leverage the benefits offered by digital beamforming architecture for ultrasound imaging. Existing ultrasound 

probes with ASIC-I within probe have single-ended analog output and a differential input ADC is intended to be 

used as the last stage of the AFE. This means that a single-ended to differential converter/amplifier is needed 

before the ADC as an additional block. Covered earlier in Chapter 4, ASIC-II will allow for in probe digitization. 

In order to enable ASIC-II to be used for 2D ultrasound probes, power efficiency is one of the key requirements. 

With additional requirements, such as controllable linearity and bandwidth, allows for the design space exploration 

for ASIC-II’s integration with ASIC-I. Shown in Figure 5.1 is the block diagram of the SDC and the AAF, with 

indicated input, output, control and power pins. Table 5.1 summarizes the target specifications of the SDC and 

AAF together. The next section covers the literature overview followed by Section 5.3 on the anti-aliasing filter. 

Section 5.4 details the multiple feedback single ended to differential anti-aliasing filter. Section 5.5 details the 

Miller Operational Transconductance Amplifier (M-OTA) design, with its layout and simulations covered in 

Section 5.6. Section 5.7 covers the measurement results and its analysis. The conclusions of the chapter are covered 

in Section 5.8 followed with the Section 5.9 on future work.  

 

 

Fig. 5.1 Block diagram of the combined SDC & AAF 

 TABLE 5.1 
TOP-LEVEL REQUIREMENTS OF THE SDC & AAF BLOCK  

CMOS node 40nm LP 
VDD 1.1V 

Power Consumption < 1mW 

Input Voltage (Vpp,SE) 200mVpp 
Output Voltage (VPP,Diff) 1.2Vpp 

Input/Filter bandwidth 9.5, 19.5MHz 

fHPF-3dB 0.5MHz 
fLPF-3dB 10, 20MHz 

Filter Roll-off -40 dB/decade 

Input Impedance (passband) 12kΩ 
Differential gain 15.5dB 

SNR 55dB 
SFDR 45dB 

Slew rate >96V/µs 

Input-referred noise density 29nV/√Hz 
Chip area < 0.05mm2 

Phase Margin 60° 

     

5.2 LITERATURE OVERVIEW 
 

The SDC has been extensively researched in the past in the context of bio-medical frontend electronics. The author 

of paper [1] explored some of the recent state of the art SDC designs along with topologies and their trade-offs. 

The main focus of the study was to determine suitable architectures of SDC for ultrasound applications. The paper 

details the motivation for the choice of a continuous-time SDC implementation for diagnostic ultrasound 

applications. A single order anti-aliasing filter was incorporated in the design as well. The realized low noise 

programmable gain SDC, with a power consumption of 1.1mW exceeds our target power budget.  
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A low noise single ended to differential linear two stage switched capacitor variable gain amplifier (VGA) is 

presented by the authors of paper [2]. The variable gain functionality is required for the implementation of time 

gain compensation for the received ultrasound signals. With a 10bit control for the gain stage, 46dB of time gain 

compensation is achieved, with an overall power consumption of 1.62mW based on simulation results. With the 

need for an additional anti-aliasing filter before the switched capacitor (SC) amplifier, it results in a larger area for 

the combined AAF and SDC. With a higher power consumption as a result of the requirement posed by the OTA 

for SC amplifiers, the design provides less flexibility in terms of the required small design area when considering 

1D and future 2D transducer applications. 

The authors of [3] present a differential-ramp based 65dB linear VGA. The amplifier consists of 2 stages of VGA 

followed by a third order Sallen-Key buffer stage. The design realizes effectively a 5th order filter with variable 

gain, with two poles contributed by the VGA stage and 3 poles by the Sallen-Key filter stage. The total gain range 

of 65dB allows for the implementation of TGC for larger scan depths, thus enabling various ultrasound 

applications. With a power consumption of 2.33mW and a total area of 0.17mm2, makes it a possible choice for 

1D transducer applications wherein larger scan depths, single ended to differential and filtering is combined in a 

single design. However due to its large area and power consumption, migrating towards transducer level is not 

feasible.  Table 5.2 summarizes the key specifications of the covered literature. With the motivation to truly enable 

the single ended to differential amplifier’s migration to transducer level, the combined power consumption of the 

SDC and the ADC should be less than 2mW as indicated earlier in Table 4.3. 

 

TABLE 5.2 

LITERATURE OVERVIEW SUMMARY 

 [1] [2] [3] Target 

Topology CT SC SK, CT MFB, CT 
VDD 1.8V 1.8V 1.2V 1.1V 

Power Consumption 1.1mW 1.62mW 2.33mW <1mW 

Input-referred noise 18.4nV/√Hz 4nV/√Hz 11nV/√Hz 29nV/√Hz 
Gain range 8 ~ 20dB -14 ~ 32dB -18 ~ 47dB 15.5dB 

Max output amplitude 2Vdiff 190mV 2Vdiff 1.1Vdiff 

SFDR 63dB 61dB 42dB 45dB 
-3dB Bandwidth 12MHz 2 ~ 6MHz 40MHz 20MHz 

Phase Margin 60° - 53° 60° 

AAF Filter order 1 1 3 (+2) 2 

Chip area 0.05mm2 0.19mm2 0.17mm2 < 0.05mm2 

Load capacitance 1.2pF 0.2pF 10pF < 1pF 

CMOS node 65nm 180nm 65nm 40nm LP 

       

5.3 ANTI-ALIASING FILTER 
 

An anti-aliasing filter (AAF) is needed to attenuate frequencies beyond the Nyquist bandwidth before being 

sampled by the analog to digital converter (ADC). The AAF is one of the 3 main sub-blocks that constitute ASIC-

II, detailed earlier in Chapter 4. Apart from the fundamental frequency imaging, tissue harmonic imaging is also a 

desired application to be targeted by ASIC-II. [1], [4] suggest that the requirements of the AAF are relaxed such 

that only a first/second order low pass filter is sufficient. Given that the one of the requirements of the SDC block 

is to have tunable linearity, the required AAF order needs to be chosen such that it does not impact both 

fundamental and tissue harmonic imaging. Hence in this section the requirements of the AAF are further 

investigated based on the former imaging requirements.  

Shown in Figure 5.2 is the block diagram of the combined AAF, ADC and the backend system, indicating the 

signal propagation. The function of the sub-blocks within the ultrasound probe has been covered earlier. The input 

signal to the AAF indicated by “x” in Figure 5.2, comprises of the signal from the transducer, harmonics due to 

ASIC-I nonlinearity and other additional signal frequencies (out of band interferences). The signal indicated by 

“xfilt” is the filtered signal along with the harmonics of ASIC-I & II and out of band interference arising within 

ASIC-II. This signal is digitized by the ADC, with the output of the ADC indicated by y[n]. The digital bandpass 

filter function is typically implemented in the backend systems depending upon the requirements of the ultrasound 

application.  
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Now, three types of out-of-band signals could occur at input node “x”: 

1. Unrelated out-of-band interference: “x” contains a desired signal fc (< fs/2) and may contain a disturbance 

fd (> fs/2). Since fd is aliased to in-band by the S&H as shown in Figure 5.2, it should be suppressed by 

the AAF sufficiently. The required AAF order now depends on the original power of the disturbance, and 

the tolerated power after filtering and aliasing in band. This is difficult to guess unless there is a good 

estimate of the interference. 

 

2. Out-of-band harmonics from the transmitter or previous ASIC: “x” contains a desired signal fc (< fs/2) 

and a harmonic k·fc (> fs/2), with k = 2, 3, …. Since k·fc is aliased to in-band by the S&H, it should be 

suppressed by the AAF sufficiently. The required AAF order now depends on the original power of the 

harmonic, and the tolerated power after filtering and aliasing in band. Similar to point 1 above, but now 

given a model of the signal and its harmonics, the filter requirements can be calculated. The most difficult 

case is when the harmonic k·fc  is just beyond fs/2, since there the filter attenuation will be the least. 

 

3. Distortion from the AAF itself: The AAF itself may also produce distortion. Depending on where this 

happens, this could be before or after the filter function. In case it can be referred to the AAF input, it can 

be dealt with as under point 2. Otherwise, if it cannot be filtered anymore, it should be intrinsically 

sufficiently linear.   

 

  

Fig. 5.2 Block diagram of the combined AAF, ADC & Backend, indicating the signal propagation 

 

Shown in Figure 5.3 & 5.4 are the ultrasound signal spectrums along with the dominant third harmonics generated 

from the ASIC-I & II, and the OOB (out of band) interference regions I & II. Here it assumed that the ASIC-I’s 

non-linearity is dominant, with the option to tune the non-linearity of ASIC-II as per the requirements of the 

ultrasound application. In case of a CMUT transducer with its large transducer bandwidth used for fundamental 

frequency imaging, harmonics generated from ASIC-I & II along with OOB interference should be sufficiently 

attenuated by the AAF before its sampled by the ADC. On the other hand, a PZT transducer used for fundamental 

frequency imaging allows for the backend digital filtering of harmonics and OOB interference provided that the 

ADC is sufficiently oversampled [4] as shown in Figure 5.4. This relaxes the requirements for the AAF order. 

But in the case of tissue harmonic imaging, the requirements of the AAF increase, since the harmonics of ASIC-I 

& II along with the OOB interference will fold back to the weaker tissue third harmonic ultrasound signal. This is 

illustrated in Figure 5.5 for a CMUT transducer. Whereas in the case of a PZT transducer shown in Figure 5.6, as 

explained earlier, oversampling of the ADC allows for backend digital filtering of the required ultrasound signal 

bandwidth. Hence it is observed that in the case of PZT transducers, frequency planning allows for the relaxation 

of the required AAF order. Whereas in the case of CMUT transducers, oversampling of the ADC will results in 

larger power dissipation thus limiting the options available for frequency planning. Overall a general assumption 

that the OOB interference power levels are similar or less than the harmonics of the ASIC-I & II has been 

considered for the analysis.   
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Fig. 5.3 Ultrasound signal spectrum of a CMUT transducer used for fundamental frequency imaging. The signal spectrum corresponds to 

input “x” in Figure 5.2  

 

Fig. 5.4 Ultrasound signal spectrum of a PZT transducer used for fundamental frequency imaging. The signal spectrum corresponds to input 

“x” in Figure 5.2  

 

Fig. 5.5 Ultrasound signal spectrum of a CMUT transducer used for tissue third harmonic imaging. The signal spectrum corresponds to input 

“x” in Figure 5.2  

 

Fig. 5.6 Ultrasound signal spectrum of a PZT transducer used for tissue third harmonic imaging. The signal spectrum corresponds to input 

“x” in Figure 5.2  
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The requirements of ultrasound imaging & the AAF order based on the 3 possible scenarios is further elaborated 

by equations (5.1) to (5.4) & Table 5.3 & 5.4, wherein fc is the transmit centre frequency, fdisturbance is the out-of-

band interference, and fs is the ADC's sampling rate. As equation (5.1) shows, the out-of-band interference fdisturbance 

will alias to the Nyquist zone, resulting in an aliased disturbance faliased disturbance. If this aliased disturbance collides 

with the desired signal bandwidth, it should be filtered prior to the ADC in order to sufficiently suppress it. In case 

of fundamental imaging, the frequency bandwidth of interest is centered around fc, so any disturbance that is at a 

frequency given by equation (5.2) will collide with the bandwidth of interest after aliasing. Similarly, equations 

(5.3) and (5.4) show which disturbance frequencies will collide with the 2nd and 3rd harmonic imaging (at 2fc and 

3fc), respectively. The most critical disturbance frequencies (for N = 1 up to 3) are shown in Table 5.3 and 5.4, for 

fundamental and third harmonic imaging, respectively. The achieved attenuation of fdisturbance is then computed in 

Tables 5.3 & 5.4 for both a 1st order and a 2nd order AAF. The ADC sampling rate is set to 40MS/s and the third 

order distortion (HD3) of the ASIC-I+II is assumed to be -40dBc (worst case). 

A typical PZT transducer with a centre frequency of 3MHz and a bandwidth of 3.6MHz is considered for the lower 

frequencies. Also, a typical CMUT with a bandwidth of 15MHz and a centre frequency of 12MHz is considered 

for the calculations. 

 

 𝑓𝑎𝑙𝑖𝑎𝑠𝑒𝑑 𝑑𝑖𝑠𝑡𝑢𝑟𝑏𝑎𝑛𝑐𝑒 =  |𝑓𝑑𝑖𝑠𝑡𝑢𝑟𝑏𝑎𝑛𝑐𝑒 − 𝑁 ∙ 𝑓𝑠|  (5.1) 

 𝐹𝑢𝑛𝑑𝑎𝑚𝑒𝑛𝑡𝑎𝑙 𝑓𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦 𝑖𝑚𝑎𝑔𝑖𝑛𝑔:               𝑓𝑑𝑖𝑠𝑡𝑢𝑟𝑏𝑎𝑛𝑐𝑒 = 𝑁 ∙ 𝑓𝑠 ± 𝑓𝑐 (5.2) 

 𝑇𝑖𝑠𝑠𝑢𝑒 ℎ𝑎𝑟𝑚𝑜𝑛𝑖𝑐 (2𝑛𝑑) 𝑖𝑚𝑎𝑔𝑖𝑛𝑔:                    𝑓𝑑𝑖𝑠𝑡𝑢𝑟𝑏𝑎𝑛𝑐𝑒 = 𝑁 ∙ 𝑓𝑠 ± 2𝑓𝑐 (5.3) 

 𝑇𝑖𝑠𝑠𝑢𝑒 ℎ𝑎𝑟𝑚𝑜𝑛𝑖𝑐 (3𝑟𝑑) 𝑖𝑚𝑎𝑔𝑖𝑛𝑔:                     𝑓𝑑𝑖𝑠𝑡𝑢𝑟𝑏𝑎𝑛𝑐𝑒 = 𝑁 ∙ 𝑓𝑠 ± 3𝑓𝑐 (5.4) 

 

 TABLE 5.3 

FUNDAMENTAL FREQUENCY IMAGING: OUT OF BAND SIGNAL ATTENUATION (ADC FS = 40MHZ) 

Transducer fc = 3MHz 
 

fdisturbance  

(MHz) 

1st order AAF  2nd order AAF 

Attenuation 

(dB) 

Attenuation 

(dB) 

PZT 

N = 1 37 -8 -16 

N = 2  77 -15 -30 

N = 3 117 -18 -36 

 
fc = 15MHz 

fdisturbance 

(MHz) 

Attenuation 

(dB) 

Attenuation 

(dB) 

CMUT 

N = 1 25 -5 -10 

N = 2  65 -13 -26 

N = 3 105 -17 -34 

 
 

TABLE 5.4 
THIRD HARMONIC IMAGING: OUT OF BAND SIGNAL ATTENUATION (ADC FS = 40MHZ)  

Transducer 3fc = 4.5MHz 

 1st order AAF  2nd order AAF 

fdisturbance 
(MHz) 

Attenuation 
(dB) 

Attenuation 
(dB) 

PZT 

N = 1 35.5 -8 -16 

N = 2  75.5 -14.5 -29 
N = 3 115.5 -18 -36 

 
3fc = 18MHz 

fdisturbance 

(MHz) 

Attenuation 

(dB) 

Attenuation 

(dB) 

CMUT 

N = 1 22 -3.8 -7.6 

N = 2  62 -13 -26 
N = 3 102 -17 -34 

 
 
In the case of the PZT transducer, the ASIC-I & II’s HD3 is within the Nyquist bandwidth of the ADC and thus 

can be digitally filtered out in the backend. Any additional higher order distortion components, resulting from 

adjacent channel interference needs to be supressed. This is calculated in Table 5.3, when they are aliased back to 

the transducer’s centre frequency. With the assumption that the ASIC-I’s HD3 is dominant, the aliased signals 

lower in magnitude, are further attenuated by the AAF. In the case of CMUT transducer in Table 5.3, the HD3 can 
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no longer be digitally filtered out since its aliased back to the transducer’s bandwidth. However, this aliased signal 

does not coincide with the transmit frequency indicated in Table 5.3. Analysis similar to the PZT covered earlier 

holds good for the CMUT too. In the case of third harmonic imaging, covered in Table 5.4, a similar reasoning is 

used. 

The analysis for second harmonic imaging is excluded here for brevity as the resulting attenuation figures are 

almost similar to those shown in Table 5.4. As seen from the above tables, a second order AAF already provides 

sufficient attenuation for the aliased signals. Further a second order AAF, will supress any additional high 

frequency signals due to adjacent channel crosstalk, which might fold back into the bandwidth of interest. In order 

to minimize power consumption and area, one of the implementation options of ASIC-II is the possible integration 

of the SDC and AAF functionality. In [1] a first order AAF was realized by combining the SDC and AAF blocks 

together. This work will also consider a similar approach while simultaneously targeting the other requirements of 

the SDC and AAF blocks. 

It is known that filters introduce group delay which is frequency dependent [5]. Particularly for ultrasound imaging, 

this is not desirable as it leads to pulse envelope distortion and thus leads to errors when applying digital 

beamforming [6]. The group delay of a filter is given by: 

  

 
𝐺𝑟𝑜𝑢𝑝 𝐷𝑒𝑙𝑎𝑦 =  

−1

360°
(

𝑑𝜃

𝑑𝑓
)  

(5.5) 

 

Where θ is the phase shift of the filter in degrees and f is the frequency in Hz. Hence for a constant group delay 

within the Nyquist bandwidth, a linear phase AAF has to be designed. A Bessel filter is known to provide constant 

group delay within the Nyquist bandwidth for even higher order filters [5]. Hence in order to minimize any 

additional group delay due to the AAF in the signal chain, a Bessel filter will be used in the design. An additional 

advantage offered by the Bessel filter compared to the Butterworth filter is the reduced values of the required 

passive components for the implementation. This aspect of the Bessel filter is advantageous for the realization of 

small area designs, wherein a sharp filter cut-off frequency is not of critical importance for the application. In 

chapter 4, it was noted that the output of ASIC-I needs to be AC coupled to ASIC-II similar to the approach 

presented in [1]. This will inherently result in a high pass filter, with a desired filter cut-off of 0.5MHz for ASIC-

II. Hence the AAF filter consists of a high-pass filter with a fixed cut-off frequency and a lowpass filter with a 

variable cut-off frequency. This allows for the realization of an effective bandpass AAF with control over the 

lowpass filter characteristics. The fully differential bandpass filter consisting of a 1st order high-pass filter and a 

2nd order Bessel low-pass filter was realized first using ideal components and an AC simulation to confirm its 

functional behaviour. This is covered earlier in Section 4.4.5. The next section details further on the 

implementation of the fully differential second order Bessel low-pass filter.  

5.4 MULTIPLE-FEEDBACK, SINGLE ENDED TO DIFFERENTIAL, ANTI-ALIASING 

FILTER 
 

In the previous section it was proposed to use a fully differential second order Bessel low-pass filter before the 

input signal is fed to the ADC. One of the implementation options is to combine the SDC and AAF functionality 

while at the same time allowing for tunable linearity, low power & small area. There are multiple options to realize 

a second order Bessel filter. Filter topologies such as the Sallen-Key, Multiple feedback (also known as the Rauch 

filter) and Gm-C filters can be used to realize a second order Bessel filter [5][7]. The Sallen-Key and Multiple-

feedback filters belong to the class of Active-RC filters. Shown below in Table 5.5 is the comparison between 

Active-RC and Gm-C filter topologies.  
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TABLE 5.5 

COMPARISON BETWEEN ACTIVE RC AND GM-C FILTERS 

 
Active RC 

filter 

Gm-C 

 filter 

Filter Order ++ ++ 

Power Savings + - 

Output Signal swing ++ - 

Linearity ++ - 

Area - + 

Bandwidth Accuracy + ++ 

 

Comparing between the Active-RC and Gm-C filter topologies, it is evident that the Active RC filter topology 

allows for targeting of the required specifications and at the same time allowing for future TGC implementation. 

Furthermore, the Active-RC filter has better linearity when compared to Gm-C filters for the same power 

consumption. This is leveraged to realize a low power Active-RC filter by incorporating tunable linearity based 

on the application/system requirements which results in correlated power savings as well. As mentioned earlier, 

there are two possible ways to implement an Active-RC, second order Bessel lowpass filter. Both Sallen-Key (SK) 

and Multiple-Feedback (MFB) filter topologies require a single Op-amp for their realization thus allowing for a 

power efficient implementation. When compared to the Sallen-key topology, the multiple-feedback topology on 

the other hand allows for the realization of a fully differential amplifier, whose closed loop-gain can be chosen in 

order to meet the input signal swing specifications of the following ADC stage. Also, the MFB filter shows 

improved stopband attenuation for higher frequencies beyond the cut-off frequency when compared to the SK 

filter. This improvement is well documented in [8]. The MFB filter also has lower sensitivity to component 

variations compared to the SK filter, which is an important factor when considering an Active-RC filter 

implementation [9][10][11][12]. Shown in Figure 5.7 is the Multiple-Feedback, Single-ended to Differential AAF. 

The design equations for the MFB AAF shown in Figure 5.7 are given below. 

 

 
𝑄𝑢𝑎𝑙𝑖𝑡𝑦 𝐹𝑎𝑐𝑡𝑜𝑟 (𝑄) =  

√𝑚 ∙ 𝑛

(2𝑚 + 1)
=

1

√3
 

(5.6) 

 
𝐺𝑎𝑖𝑛 (𝐴𝑐) =  

−𝑅3

𝑅1

= −𝑚 
(5.7) 

 
𝑓𝐻𝑃𝐹−3𝑑𝐵 =  

1

2𝜋𝑅𝑖𝑛𝐶𝑐

 
(5.8) 

 
𝑓𝐿𝑃𝐹−3𝑑𝐵 =

1

2𝜋𝑅𝐶√𝑚 ∙ 𝑛
 

(5.9) 

 𝑓𝐵𝑃𝐹−3𝑑𝐵 = 𝑓𝐿𝑃𝐹−3𝑑𝐵 − 𝑓𝐻𝑃𝐹−3𝑑𝐵 (5.10) 

𝑣𝑛,out
2̅̅ ̅̅ ̅̅ ̅ = 2 ∙ 1.11 ∙ η ∙ 𝑓𝐵𝑃𝐹−3𝑑𝐵 [[

4𝑘𝑇

𝑅1

+
4𝑘𝑇

𝑅2

+
4𝑘𝑇

𝑅3

] ∙ 𝑅3
2 + 4𝑘𝑇 [

1

𝑅1

+
1

𝑅2

+
1

𝑅3

]
−1

∙ 𝐴𝑐
2 + 0.5 ∙ 𝑣𝑛,𝑖𝑛_𝑂𝑇𝐴

2 ∙ 𝐴𝑐
2] 

(5.11) 

 𝐶2 = 𝐶 

𝐶1 = 𝑛 ∙ 𝐶 

𝐶1𝐴 = 0.5 ∙ 𝐶1 

𝐶2𝐴 = 0.5 ∙ 𝐶2 

𝑅1 = 𝑅2 = 𝑅 

𝑅3 = 𝑚 ∙ 𝑅 

 

(5.12) 
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Fig. 5.7 Multiple-feedback single-ended to differential second order Bessel AAF 

 

TABLE 5.6 
DESIGN PARAMETERS OF MFB SD AAF FOR 20MHZ & 10MHZ BW 

Parameter Value 

R 6kΩ 

C 160fF 

m 6 
n 9.39 

Cc 24pF 

V2,in_OTA 1.4nV2
 (BW = 20MHz) 

Switches Bandwidth 

S1 – S4 S1A – S4A  

ON OFF 10MHz 

ON ON 10MHz (calibrated) 
OFF OFF 20MHz 

OFF ON 20MHz (calibrated) 

 

The Switches S1 – S4 operate together resulting in 10 MHz AAF bandwidth. In the default mode, when the former 

switches are in the open state, it results in 20 MHz AAF bandwidth. Switches S1A – S4A operate together to provide 

a 1-bit calibration mode for the AAF bandwidth. This is summarized in Table 5.6. The correction factor η (≈ 1/1.2) 

is introduced in Equation 5.11 which results in the simulated noise and the calculated noise powers to be equal for 

the device models in 40nm LP CMOS. The design of the SDC is carried with η = 1, which ensures sufficient 

margin for any discrepancy in the models.  A closed loop-gain of 6 (= m) is required to meet the input signal range 

of the ADC. Based on the above design equations (considering both noise and required AAF bandwidth indicated 

in Appendix-C) with a few iterations focussed on reducing the total design area, the value of the resistors and 

capacitors shown in Figure 5.7 were chosen. This is shown in Table 5.6. In the next section, the design of the 

Miller Operational Transconductance Amplifier (M-OTA) will be covered. 
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5.5 MILLER OTA WITH COMMON-MODE FEEDBACK 
 

Having defined earlier the AAF topology and the choice of the passive components based on the noise, gain and 

the filter bandwidth, the next block that needs to be designed is the OTA. Some common OTA topologies are 

compared in [1] based on the requirements similar to the current work. The Miller OTA (2 stage) is chosen which 

offers the additional flexibility of varying the output stage slew rate based on the provided SDC reference bias 

current. The 2 stage Miller OTA with Common-mode feedback (CMFB) presented in [13] is used for the 

realization in this work. Shown in Figure 5.8 is the 2 stage fully differential Miller OTA with CMFB error 

amplifier.  

 

 

Fig. 5.8 Fully Differential Miller OTA with CMFB error amplifier  

 

The NMOS transistor M15 provides the reference current for both the Miller OTA and the CMFB error amplifier. 

The NMOS pair of the first differential stage M1 and M2 and that of the error amplifier M10 and M11 are biased in 

weak inversion for optimal power efficiency. The former transistors were sized to maximize the transconductance 

efficiency: gm/ID. The rest of the transistors are operating in the strong inversion region. The Miller OTA has been 

designed based on the design procedure recommended in [14] and [1]. The target requirements for the Miller OTA 

are captured in Table 5.7. The next subsections detail further on the individual aspects of the design. 

 

TABLE 5.7 

TARGET REQUIREMENTS OF THE MILLER OTA WITH CMFB 

Parameter Target 

VDD 1.1V 

Output common mode voltage (VOCM) 0.55V 

 Output voltage swing (VOpp, Diff) 1.2Vpp 
Slew rate (SR) > 96V/µs 

Open loop gain (Ao) ≈ 1000 

Gain-Bandwidth product (GBW) > 120MHz 
Power consumption < 1mW 

Input-referred noise < 8.4nV/√Hz 

Phase Margin 60° 
Load Capacitance (CL) 0.6~1pF 

 

 

5.5.1 Noise 

 

The total noise contribution of the Miller OTA consists of the two amplifier stages and that of the CMFB error 

amplifier. The input NMOS pair of the first stage of the OTA and the error amplifier, biased in weak inversion 

results in the contribution of shot noise which is taken into consideration. The flicker noise contribution is 

neglected for the calculations as its corner frequency is around 50kHz, well below the operating bandwidth of the 

SDC. The input referred noise of the Miller OTA and CMFB error amplifier is given by Equation 5.13 and 5.14.      
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𝑣𝑛,in_OTA
2̅̅ ̅̅ ̅̅ ̅̅ ̅̅ ̅ ≈  2[1.11 ∙ 𝑓

𝐵𝑃𝐹−3𝑑𝐵
] [

2𝑘𝑇𝑛

𝑔𝑚1

+
4𝑘𝑇𝛾𝑔𝑚5

𝑔𝑚1
2 + (

𝑔𝑑𝑠1 + 𝑔𝑑𝑠5

𝑔𝑚1

)
2

(
4𝑘𝑇𝛾

𝑔𝑚8

+
4𝑘𝑇𝛾𝑔𝑚9

𝑔𝑚8
2 )] 

(5.13) 

  

𝑣𝑛,in_CMFB
2̅̅ ̅̅ ̅̅ ̅̅ ̅̅ ̅̅ ≈  [1.11 ∙ 𝑓𝐵𝑃𝐹−3𝑑𝐵] [

4𝑘𝑇𝑛

𝑔𝑚10

+
8𝑘𝑇𝛾𝑔𝑚12

𝑔𝑚10
2 +

4𝑘𝑇𝑅𝑐𝑚

2
] 

 

The noise from the CMFB error amplifier with the resistive divider feedback appears as common-

mode noise and hence is neglected. The total input referred noise of the Miller OTA with CMFB is 

then given by:   

 

(5.14) 

𝑣𝑛,in_total
2̅̅ ̅̅ ̅̅ ̅̅ ̅̅ ̅ ≈ 𝑣𝑛,inOTA

2   (5.15) 

 

The next section covers the linearity and slew rate aspects of the design.  

 

5.5.2 Linearity & Slew rate 

 

The linearity of the SDC is an important part of the design. The linearity requirements are relaxed in case of 

ultrasound fundamental frequency imaging and more stringent for second and third harmonic imaging [15]. The 

focus of this design is to incorporate the option for varying the linearity of the SDC based on the desired ultrasound 

application. By limiting the slew rate of the output stage of the SDC, the linearity can be controlled. Hence the 

tunable linearity feature allows for power savings in the SDC for ultrasound applications with relaxed linearity 

requirements. 

Table 5.1 indicates a minimum SFDR = 45dB needs to be targeted by the design. Thus, a margin of 10dB is 

accounted during the initial phase of the design, targeting a SFDR of 55dB. This allows for the IM2 and IM3 

components to be still within the targeted SFDR when varying the reference bias current of the Miller OTA [1]. A 

continuous-time CMFB is used in this design, which results in a simpler design and requires no high-speed clock. 

The common-mode sensing resistor RCM is chosen such that the open loop differential gain of the Miller OTA does 

not reduce substantially. This is achieved by choosing a value greater than the output resistance of the Miller OTA. 

The common-mode sensing capacitor CCM along with the resistor RCM ensure averaging for high frequency 

common-mode signals. The CMFB error amplifier with its diode connected PMOS transistors as load, results in a 

near unity gain. This also ensures that its output pole is at a higher frequency, with effectively a high GBW. A bias 

current similar to the first stage of the Miller OTA and a high GBW ensure that the CMFB loop is stable and quick, 

thus maintaining the desired common-mode voltage at the output of the Miller OTA.   

The SDC drives the MUX stage as shown in Figure 4.3. The MUX stage basically consists of 2 parallel switches 

of the ADC’s track and hold stage which alternate between the two signal inputs. Thus, the slew rate of the SDC 

[16] is given by: 

SR ≥  
2𝑉𝑚𝑎𝑥

𝜏
∙ 𝑠𝑖𝑛 (

𝜋

𝑓𝑠 𝑓𝑖𝑛⁄
)  ≥ 96V/µs 

(5.16) 

 

Wherein Vmax (= 0.6V) is the maximum amplitude of the output signal and τ is the tracking time of the track and 

hold stage (= 6.25ns, for a 25% tracking time when sampled at 40MHz), and an oversampling ratio (= fs/(2*fin)) 

of 3 is considered [4]. The factor of 2 arises from the assumption that the Digital to Analog converter (DAC) within 
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the ADC is not reset between consecutive samples. If the DAC is reset to the common-mode voltage then the 

factor 2 disappears from the above equation. Enough margin must be accounted for the slew rate value in order to 

accommodate for applications which demand for oversampling of the ADC, in turn resulting in smaller tracking 

times. Having determined the slew rate, the required minimum currents for the first stage and the second stage of 

the Miller OTA are given by: 

 

𝐼𝐷1,𝑚𝑖𝑛  ≥  𝑆𝑅 ∙ 𝐶𝐶  (5.17) 

𝐼𝐷2,𝑚𝑖𝑛  ≥  𝑆𝑅 ∙ (𝐶𝐹𝐵 + 𝐶𝐿) (5.18) 

 

Where CC is the Miller capacitance indicated in Figure 5.3, CFB is the total capacitance in the feedback loop of the 

SDC as shown in Figure 5.2 and CL is the load capacitance. The bias currents through the first and the second 

stages apart from satisfying the slew rate requirements also need to meet the requirements of the OTA’s GBW and 

input referred noise levels. Adequate margin, typically 50% of the design value has been considered in order to 

ensure that the design meets the target specifications after layout, due to parasitic capacitances. If the reference 

bias current is varied, then the current through the first stage and the second stage varies proportionally thus linearly 

affecting the slew rate as indicated in Equations 5.17 & 5.18. This reduction in the slew rate from the minimum 

required slew rate results in dominant third order distortion at the differential track and hold switches of the ADC 

[4].     

 

5.5.3 Stability 

 

The stability of the Miller OTA is one of the critical aspects of the design. In case of a two stage Miller OTA 

design, recommended guidelines mentioned in [14] were used to ensure the stability of the design. The Miller 

compensation capacitor CC is chosen such that it results in a dominant pole with the GBW defined as: 

  

 𝐺𝐵𝑊 =  
𝑔𝑚1

2𝜋𝐶𝐶

  (5.19) 

 

And the non-dominant pole resulting from the pole splitting is given by 

 

 𝑓𝑝,𝑛𝑑 =  
𝑔𝑚8

2𝜋𝐶𝐿

   (5.20) 

 

With the Miller capacitor chosen as 1/2 of the load capacitance, the ratio of the transconductances gm8/gm1 can be 

equal to 4, ensuring that non-dominant pole is 2 times higher than the GBW of the Miller OTA, resulting in a 

phase margin of 60° for the differential loop. This also allows for a power efficient design minimizing the required 

ratio of the transconductances between the two stages. With the first stage biased in weak inversion and the second 

stage in strong inversion, the ratio of the transconductances shows a dependence on the bias current (DC drain 

current), given by:   

 

 
 
𝑔𝑚8

𝑔𝑚1

∝  
1

√𝐼𝐷

  
(5.21) 
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This means that the stability will gradually change when varying the bias current, thus ultimately limiting the 

tuning range. This is evident in the decreasing phase margin as the bias currents increase, with the non-dominant 

pole moving closer to the dominant pole (GBW). For a 4x increase from its default value (default design value:   

ID ≈ 28µA) of ID, the two poles would be indistinguishable resulting in an unstable system. But in reality, at most 

2x increase in ID is expected for certain applications, thus ensuring that the poles are further apart. The introduced 

right half plane zero is moved to the left half of the plane by choosing the resistor RC such that   

 
 

 𝑓𝑧 ≈  
1

2𝜋𝐶𝐶(𝑔𝑚8
−1 − 𝑅𝐶)

  
(5.22) 

 
With RC > 1/gm8, ensures that the zero is always in the left half plane even with varying bias currents of the second 

stage of the Miller OTA [7]. The next section details the transistor sizing and the values of the passive components 

of the Miller OTA. 

 

5.5.4 Transistor sizing and passive components 

 

With insights gained into the various interdependencies of the design parameters of the fully differential Miller 

OTA with CMFB in the previous sub-sections, the transistors and the passive components are sized accordingly. 

Low threshold devices (LVT) in 40nm LP are used for the design of the Miller OTA with CMFB. Shown in Table 

5.8 are the design parameters and their values. 

 

TABLE 5.8 

MILLER OTA: DEVICE PARAMETERS AND THEIR VALUES 

 
Device 

W/L 

(µm/µm) 
M 

gm 

(µS) 

ID 

(µA) 

gm/ID 

(1/V) 
Value Range 

 Ibias      8.0µA 4.0µA ~ 14.0µA 

Current 

Sources 

M15 3.2/0.8 1 110.0 8.0 13.8   

M14 12.8/0.8 2 770.3 54.7 14.0   

M9 12.8/0.8 6 2592.0 186.1 13.9   
M3 12.8/0.8 2 784.5 55.5 14.1   

M7 12.8/0.8 6 2592.0 186.1 13.9   

First Stage 

M1 12.8/0.4 4 625.5 27.7 22.6   
M2 12.8/0.4 4 625.5 27.7 22.6   

M4 12.8/0.4 1 338.0 27.7 12.2   

M5 12.8/0.4 1 338.0 27.7 12.2   

Second Stage 
M6 12.8/0.4 6 2172 186.1 11.7   
M8 12.8/0.4 6 2172 186.1 11.7   

CMFB Stage 

M10 12.8/0.4 2 549.5 27.3 20.1   

M11 12.8/0.4 2 549.5 27.3 20.1   
M12 12.8/0.4 1 334.8 27.3 12.3   

M13 12.8/0.4 1 334.8 27.3 12.3   

RCM      46.0kΩ  
CCM      120.0fF  

Miller 

compensation 

RC      3.1kΩ  

CC      253.0fF  

 

Metal-oxide-metal (MOM) capacitors and p+ poly resistors without silicide are used for the implementation of the 

passive components of the OTA and the SDC. The PDK indicates that the maximum expected variations across 

the corners ≈ +/- 20% over the SS and the FF corner (when compared to the TT corner) for both the resistors and 

the capacitors. But to the inherent benefit of component variation desensitization with the multiple-feedback 

architecture, the resulting variation in the targeted cut-off frequency values is minimized as mentioned earlier in 

Section 5.4. However extensive corner and mismatch simulations were carried out in order to make sure that the 

Miller OTA with CMFB & thus the SDC meets the required specifications, due to component value variations. 

The next section covers the layout of the Multiple feedback SD AAF and its simulation results. 
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5.6 LAYOUT AND SIMULATIONS 
 

Having designed the multiple-feedback SD AAF, simulations were carried out at schematic level ensuring that the 

design met the target specifications. Shown in Figure 5.9 is the layout of the multiple-feedback SD AAF.  

 

 

Fig. 5.9 Layout of the multiple-feedback single-ended to differential second order Bessel AAF  

 

The overall dimension of the layout is ≈ 126µm x 112µm, with the AC coupling MOM capacitor occupying more 

than half the area, with dimensions ≈ 126µm x 65µm. Before the layout careful floor-planning was done in order 

to allow room for further needed modifications if necessary. The Miller OTA and its compensation capacitor & 

resistor can be varied based on system level requirements, and adequate margins during layout placement has been 

provided for the same. A ground trace is also laid out between the input pair of the Miller OTA, thus ensuring an 

AC ground. Dummy transistors were placed appropriately ensuring that the mismatch within the Miller OTA is 

minimized. Provisions were made in the layout to break both differential and CMFB loops with ease for stability 

analysis simulations. Overall, with the focus on retaining the symmetry in the design, the final area is ≈ 0.014mm2, 

using 5 metal layers. Additionally, during the layout phase, care was taken in order to ensure that the layout can 

easily be adapted for minor performance variations of the Miller OTA and the SDC too. The SDC design is then 

integrated with other circuit blocks in a test chip as shown in Figure 4.7. The resulting layout of the ASIC is shown 

in Figure 5.10, with the red arrow indicating the SDC layout shown above in Figure 5.9. 

 

126µm 

65µm 

112µm 
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Fig. 5.10 ASIC overview: Main padring  

 

The post-layout simulations were carried out with focus on noise, linearity, AC response, large & small step 

response, stability and Monte Carlo simulations. The simulation testbench is shown in Figure 5.11. The switches 

together with the CLOAD model the sampling of the ADC. For the AC simulation, the switches are in the closed 

state. 

 

 

Fig. 5.11 Simulation testbench of the MFB SD AAF  
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The noise simulations were carried  with the AAF bandwidth set to ≈ 20MHz and the INN & VOCM pins set to 

VCM (= VDD/2). With the reference bias current set to 8µA, shown below in Figure 5.12 are the post-layout noise 

simulation results.  

 

Fig. 5.12 Input referred & Output Noise simulation results of the MFB SD AAF  

 

The noise simulations indicate that the input referred noise of ≈ 27nV/√Hz (at schematic level = 27.9nV/√Hz) 

meets the target noise requirements for the MFB SD AAF block. In order to determine the linearity of the design, 

both single- and two-tone input tests were carried out. Shown in Figure 5.13 are the output spectrums of single-

tone and two-tone input. As seen in the below figures, a SNR = 54.7dB, SFDR = 55dB, IM3 = -56.2dBc and IM2 

= -55.2dBc meets the target requirements set for the block. Further testing on the tunability of the block’s linearity 

was carried out and compared with similar simulations carried out schematic level. These are shown in Figure 5.14 

and Figure 5.15. For a fixed input amplitude, & slew rate limited, the SFDR is expected to decrease with increasing 

input signal frequency. This trend is clearly observed in Figure 5.14 & 5.15. It is seen that after layout, the 

tunability of the linearity based on slew rate has diminished compared to the simulations at the schematic level. 

But it is seen from the two figures that the design performance of the post-layout is almost similar to the schematic 

level for low reference bias currents until 4µA. After the integration with the ADC and any further additional 

parasitics, will allow for the greater variation in the linearity based on slew-rate due to the increased capacitive 

load seen at the output. Similar simulation sweeps were carried out with the AAF bandwidth set to 10MHz, which 

yields a similar trend, omitted here for brevity.          

 

 

Fig. 5.13 Single-tone and two-tone output spectrum of the MFB SD AAF  
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Fig. 5.14 Post-Layout: Single-tone linearity and dynamic range for varying reference bias currents  

 

 

Fig. 5.15 Schematic level: Single-tone linearity and dynamic range for varying reference bias currents  
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Next the AC simulations of the MFB SD AAF were carried out with a similar reference bias current of 8µA. 

Shown below is the AC response in Figure 5.16. The differential gain of 15dB is achieved in the passband. The 

simulation clearly shows that the 1st order HPF -3dB cut-off at 0.5MHz and the 2nd order LPF with its -3dB cut-

off frequencies at 13MHz and 23MHz (at schematic level) and 12MHz and 30MHz (Post-layout). The increased 

LPF filter cut-off can be tuned back to approximately 22MHz with the help of the calibration bit as shown in 

Figure 5.11. The reason for this shift is due to few minor iterations that were needed in the design at the layout 

level to meet the required target specifications. The post-layout simulations also indicate the presence of zeros at 

approximately 1GHz, which negates the filter roll-off. Since this is clearly well beyond the desired bandwidth of 

interest and at approximately -40dB below the passband, it can be safely neglected. 

 

 

Fig. 5.16 AC response of the MFB SD AAF (Left: Schematic level, Right: Post-layout level) 

 

   

 

Fig. 5.17 Large step (top-left) and Small step (top-right) response of the MFB SD AAF (IB = 8µA). (Bottom) Stability simulation results for 

varying reference bias currents and CLOAD 

CLOAD = 0.8pF IB = 8µA 
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The large step and small step response also indicated that the design was stable and showed no observed ringing 

for the default reference bias current IB = 8µA. This is shown in Figure 5.17. Stability simulations also indicate 

that a phase margin of greater than 60° is maintained (both in Differential and Common mode loop responses) as 

the load capacitance at the output is varied from 1fF to 0.8pF. Beyond 0.8pF, the phase margin is 49° for the 

common mode response, and 106° for the differential mode response. Thus, for loads beyond 0.8pF up to 1pF, the 

differential mode still shows adequate phase margin but the deteriorating phase margin for the common mode 

could be of concern. Since the current work is associated with loads up to a maximum of 0.8pF, the stability is still 

guaranteed for both the modes. Monte Carlo simulations were carried out in order to see the impact of various 

corners and mismatch on the MFB SD AAF’s performance as shown below in Figures 5.18 & 5.19.   

 

 

Fig. 5.18 Monte-Carlo simulations of the MFB SD AAF, with bandwidth set to 10MHz 

 

 

Fig. 5.19 Monte-Carlo simulations of the MFB SD AAF, with bandwidth set to 20MHz   

 

The Monte-Carlo simulations show that for both the bandwidth settings of 20MHz and 10MHz, a max standard 

deviation of < 1MHz is seen, with the differential passband gain of approximately 15dB. The Bessel filter 

implementation allows for a smooth roll-off during the transition from the passband to the stopband thus resulting 

in a minimal impact on the filter’s magnitude response due to process corners and mismatch. Variations in power 

supply voltage and temperature were also simulated in order to pass the PVT tests. Shown in Table 5.9 are the 

simulation results for variations in VDD and operating temperature for the “Typical” process corner.  
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TABLE 5.9 

PVT SIMULATION FOR VIN = 200MVPP, 6MHZ OF MFB SD AAF (IB = 8µA) 

Parameter 
Process Voltage (VDD) Temperature 

     FF           TT              SS   1.32V        1.1V        0.88V  -40°C         27°C         125°C 

Bandwidth (MHz) 24.2 24.0 17.7 24.3 24.0 23.3 24.6 24 22.7 
Differential Gain (dB) 15.2 15.3 15.2 15.3 15.3 15.1 15.3 15.3 15.3 

Phase Margin (deg) 106.9 107.0 107.6 107.0 107.0 105.0 105.5 107.0 107.7 

SNR (dB) 54.5 54.3 54.7 53.2 54.3 39.6 54.9 54.3 53.3 
SFDR (dB) 61.6 61.0 56.5 56.0 61.0 29.4 58.9 61.0 60.7 

 

From the above table, for power supply voltage, VDD ≤ 0.88V, the circuit no longer meets the target specifications. 

So, care has to be taken when designing the global power supply of the chip, ensuring that it never drops more 

than 10% of its standard value of 1.1V. Thus, the post-layout simulations indicate that the circuit is stable and 

meets the target specifications after the inclusion of bandwidth calibration. Table 5.10 shows the summary of the 

simulation results versus the target specifications. The next section covers the measurements performed on the 

chip, in order to characterize its performance. 

 

TABLE 5.10 
 POST LAYOUT SIMULATION RESULTS   

 Target Post-Layout simulation 

VDD 1.1V 1.1V 
Power Consumption < 1mW 251µW ~ 879µW 

Input Voltage (Vpp,SE) 200mVpp 200mVpp 

Output Voltage (VPP,Diff) 1.2Vpp 1.11Vpp 
Input/Filter bandwidth 9.5, 19.5MHz 9.5, 17.5MHz 

fHPF-3dB 0.5MHz 0.5MHz 

fLPF-3dB 10, 20MHz 10, 18MHz 
Filter Roll-off -40 dB/decade -40 dB/decade 

Input Impedance (passband) 12kΩ 11.8kΩ 

Differential gain 15.5dB 15.0dB 
SNR 55dB 54.7dB 

SFDR 45dB 55dB 

Slew rate >96V/µs >96V/µs 
Input-referred noise density 29nV/√Hz 28nV/√Hz 

Chip area < 0.05mm2 0.014mm2 

Phase Margin 60° 106° 

     

 

5.7 MEASUREMENT RESULTS 
 

This section covers the measurements carried out on the SDC, taped out in 40nm LP CMOS. 2 chips were measured 

in total. The measurements were focussed on the characterization of the design based on its noise, linearity, AC 

and transient response for varying reference bias currents. Shown in Figures 5.20 & 5.21 is the measurement setup 

block diagram and the actual test setup & Figure 5.22 showing the PCB containing the chip. The DC power supply 

to the chip is provided by a battery pack, which ensures a clean and stable VDD, reference bias current IB and the 

common mode voltage VCM.  

The computer in the block diagram of the measurement setup, shown in Figure 5.20 contains the ADClab software, 

which in turn is used to communicate with the FPGA board. The software also controls the other instruments via 

the GPIB interface. The ASIC has two pre-selectable AFE outputs as shown in Figure 4.7. Hence with the ADClab 

software, either the SDC or the SDC plus the ADC’s output can be readout. The differential outputs of the SDC is 

then converted to single-ended by a differential to single-ended converter with unity gain, thus enabling further 

measurements and characterization with the instruments. Also shown in Figure 5.22 is the chip die picture with 

SDC design indicated. 
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Fig. 5.20 Block diagram of the measurement setup for the testing and characterization of the ASIC (DUT: Device under test)   

 

 

Fig. 5.21 Actual measurement setup for the testing and characterization of the ASIC. Following instruments are used in the setup: 1: Lab 

computer with ADClab software. 2: Keysight Infiniivision MSOX6004A oscilloscope. 3: Agilent technologies 81134A Clock/Pattern 

generator. 4: Agilent technologies E8257D Analog signal generator. 5: HP 4395A Network/Spectrum analyser. 6: Keithley 2010 multi-meter. 

7: Agilent 1142A probe control & power module 8: Low pass filters with different cut-off frequencies. 9: Xilinx FPGA board. 10: Battery 

power supply for the ASIC.   

 

  

Fig. 5.22 (Left) Xilinx FPGA board along with the test PCB containing the ASIC. The black epoxy blob indicated by the red arrow contains 

the ASIC chip. (Right) Chip die picture with the SDC design indicated.    
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With the Network analyser, the AC response of the SDC was measured for all the 4 combinations of the bandwidth 

and calibration bit. Shown below in Figure 5.23 is the SDC’s transfer function for reference bias current IB = 4µA 

& 8µA. As seen in the Figure 5.23, for IB = 4µA, the measurements show a differential passband gain of 14.24dB 

with the high pass filter cut-off frequency at 0.5MHz and the lowpass filter cut-off frequency at 8.5MHz, 10.5MHz, 

15MHz and 23MHz. The -1dB decrease in the passband differential gain is due to the output buffer stage of the 

SDC as shown in Figure 4.7. With increasing reference bias current, the GBW of the OTA increases resulting in 

higher lowpass cut-off frequencies for a fixed closed loop gain. With the help of the calibration bit, this cut-off 

frequency can be lowered as seen in Figure 5.23. Shown in Table 5.11 are the results of the AC measurements 

carried out on two chip samples. The two chips measured have similar AC performance which match closely to 

the post layout simulation results for the TT process corner. 

 

 

Fig. 5.23 Measured AC response of the MFB SD AAF for different BW and CAL bit settings. Left: IB = 4µA & Right: IB = 8µA   

 

TABLE 5.11 
 AC MEASUREMENT RESULTS   

 Target Post-Layout Chip #1 Chip #2 

Reference bias current 8µA 8µA 8µA 8µA 
Input/Filter bandwidth 9.5, 19.5MHz 9.5, 17.5MHz 8.5, 17MHz 8.5, 17MHz 

fHPF-3dB 0.5MHz 0.5MHz 0.5MHz 0.5MHz 

fLPF-3dB 10, 20MHz 10, 18MHz 9, 17.5MHz 9, 17.5MHz 
Filter roll-off -40 dB/decade -40 dB/decade -40 dB/decade -40 dB/decade 

Differential gain 15.5dB 15.0dB 15.3dB 15.5dB 

 

The next set of measurements focussed on the characterization of the output noise of the SDC. The measurement 

setup is similar as shown in Figure 5.20, with the exception of the input of the SDC is grounded. With the ASIC 

powered down, the noise floor of the combination of differential to single-ended converter and the spectrum 

analyser was measured. With the noise floor at -92dBm over an 80MHz bandwidth (= 33.6µVrms) results in a noise 

density of 3.8nV/√Hz. With the noise floor of the measurement setup to be sufficiently low, the ASIC was powered 

up to measure the total output noise. Shown in Figure 5.24 are the output noise measurements for IB = 4µA & 8µA.  

The input referred noise and the SNR was calculated from the measurements which is summarized below in Table 

5.12. No calibration was applied for the bandwidths of the MFB SD AAF, thus configured for their maximum 

bandwidth. For the calculation of the SNR, an input amplitude of 200mVpp is considered. 

The noise measurements carried out over two chip samples yield results a bit better compared to post layout 

simulations, while meeting the targeted SNR values & power consumption. If the calibration is applied to reduce 

the bandwidth from 29.5MHz to 17.5MHz, then the SNR increases to ≈ 59dB. In order to assess the stability of 

the design, both large-step and small-step input response was measured for reference bias currents IB = 4µA & 

12µA. The results are shown in Figures 5.25 & 5.26. Also shown in Figure 5.27 is the differential output of the 

SDC for a 200mVpp, 6MHz input signal. It can be seen from the figures below that the design is stable with no 

observed ringing in the output signals for both lower and higher reference bias currents, as expected from the 

design.  
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Fig. 5.24 Measured output noise power of the MFB SD AAF for reference bias currents: IB = 4µA (blue) & IB = 8µA (red)   

 

 

TABLE 5.12 
 OUTPUT NOISE MEASUREMENT RESULTS   

 Target Post-Layout Chip #1 Chip #2 

VDD 1.1V 1.1V 1.1V 1.1V 1.1V 1.1V 

Reference bias current - 8µA 8µA 4µA 8µA 4µA 

Power consumption < 1mW 502µW 471µW 238.4µW 468.1µW 229µW 
Input/Filter bandwidth 19.5MHz 17.5MHz 29.5MHz 22.5MHz 29.5MHz 22.5MHz 

Differential gain 15.5dB 15.0dB 15.5dB 15.5dB 15.3dB 15.3dB 

Input referred noise 128µVrms 117µVrms 109µVrms 99.7µVrms 113µVrms 111µVrms 
Input referred noise density 29nV/√Hz 28nV/√Hz 19nV/√Hz 20nV/√Hz 19.7nV/√Hz 22nV/√Hz 

SNR 55dB 54.7dB 56.2dB 57dB 56dB 56.1dB 

 

 

  

Fig. 5.25 Measured large-step (left) and small-step (right) input response of the MFB SD AAF for a reference bias current: IB = 4µA 
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Fig. 5.26 Measured large-step (left) and small-step (right) input response of the MFB SD AAF for a reference bias current: IB = 12µA 

 

 

Fig. 5.27 Measured differential output of the MFB SD AAF for 200mVpp, 6MHz input signal & a reference bias current: IB = 4µA 

 

The linearity of the design was measured by observing the output spectrum for a 200mVpp, 6MHz input signal. 

The output of the SDC was measured at the buffered outputs of the ASIC as shown in Figure 4.7. Figure 5.28 

shows the output spectrum, with no calibration applied to the SDC’s bandwidth. A spurious free dynamic range 

(SFDR) of 47.5dB is observed at the buffered output of the SDC. As seen from the below figure that a reduction 

of the power supply voltage to the buffer stage (from 1.89V to 1.5V) results in a 6.7dB reduction of SFDR. This 

is attributed due to the reduced VDS and thus increased gm of the buffer stage. The LDO (refer Figure 4.7) shares 

the same power supply as the buffer stage. The optimal VDD for the intended LDO operation is ≈ 1.5V hence the 

two sets of spectrum measurements for linearity. Similar results were observed in the second chip sample too. 

With increasing reference bias currents, similar SFDR was observed. A plausible explanation for the reduced 

SFDR (= 55dB) from post layout simulations could be due to the increased load capacitance seen at the buffered 

output, reflecting as dominant third order distortion (HD3).       

The tunable linearity aspect of the MFB SD AAF was next characterized by connecting the SDC to the ADC as 

shown in Figure 4.7. The Successive approximation register (SAR) ADC (with the LDO) was measured separately 

beforehand. Table 5.13 summarizes the measurement results of the SAR ADC. The Table 5.13 indicates that the 

ADC’s performance is not the limiting factor of the AFE, but rather the SDC as per the intended design of ASIC-

II. With the SDC’s AAF bandwidth set to ≈ 20MHz with the help of calibration bit, the tunable linearity of the 

SDC was characterized for varying reference bias currents. Shown in Figure 5.29 are the measured results with 

the help of the ADClab software.  
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Fig. 5.28 Measured differential output spectrum of the MFB SD AAF for 200mVpp, 6MHz input signal & a reference bias current: IB = 4µA 

 

TABLE 5.13 
 SAR ADC (WITH LDO) MEASUREMENT RESULTS   

 Measurement 

VDD 1.1V 

Power consumption 208µW 

Sample rate 40MS/s, 75% duty-cycle 
ENOB 10bit 

SFDR 73dB 

Input signal swing 1.3Vpp_diff 
FoM 5fJ/conv-step 

 

 

 

Fig. 5.29 Single-tone (200mVpp) SFDR, SNDR & ENOB measurements for varying reference bias currents to the SDC  

 

The above figure clearly shows the tunable linearity reflected as varying SFDR for varying reference bias currents 

to the SDC. With the ADC’s sampling rate fixed at 40MS/s, the varying reference bias currents cause the slew rate 

of the SDC to vary thus resulting in dominant HD3 distortion seen at the ADC’s output. The SFDR’s range of a 

minimum 32dB to a maximum 53dB for frequencies beyond 6MHz, can be controlled by varying the reference 

bias current from IB = 4µA to 8µA. 

The improvement seen in the SFDR for higher frequencies and lower reference bias currents is due to the AAF’s 

attenuation experienced by predominantly second order and third order harmonics. For IB ≥ 8µA, the linearity is 

no longer slew rate dependant but rather on the output stage of the Miller OTA, which is reflected as almost 
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consistent SFDR over the whole Nyquist bandwidth. Similar measurement results have been observed in the 

second chip sample too. Thus, the design achieves the intended tunable linearity for lower range of reference bias 

currents and consistent linearity for higher reference bias currents.  

In order to benchmark the performance of the design versus the published designs covered earlier in Section 5.2, 

two Figure of Merit (FoM) are considered. The first is called the Noise Efficiency Factor (NEF) [17], given by:  

 

 

 𝑁𝐸𝐹 =  𝑉𝑛𝑖,𝑟𝑚𝑠√
2𝐼𝑡𝑜𝑡

𝜋 ∙ 𝑉𝑇 ∙ 4𝑘𝑇 ∙ 𝐵𝑊
  

(5.23) 

 

Where Vni,rms is the input-referred rms noise voltage, Itot is the total amplifier supply current and BW is the amplifier 

bandwidth. The second FoM is derived from the filter FoM described in [18], but now taking the filter’s design 

area into consideration. Considering the filter area for the FoM calculation has also been considered in [19]. This 

new FoM for the filter is given by:  

 

 
 𝐹𝑜𝑀𝐹𝑖𝑙𝑡𝑒𝑟 =  

𝑃𝑜𝑤𝑒𝑟 ∙ 𝐴𝑟𝑒𝑎

𝑁 ∙ 𝐵𝑊 ∙ 𝑆𝐹𝐷𝑅
  

(5.24) 

 

Where Power is the power dissipation of the filter, Area is the total area of the filter, N is the number of poles, BW 

is the bandwidth of the filter and SFDR is the spurious free dynamic range of the filter. The lower the value of the 

FoM, better is the filter design. 

 

TABLE 5.14 

MFB SD AAF TARGET, POST LAYOUT SIMULATIONS & MEASUREMENT RESULTS   

 Target 
Post-Layout 

simulations 
Measurements [1] [2] [3] 

VDD 1.1V 1.1V 1.1V 1.8V 1.8V 1.2V 
Power Consumption < 1mW 251µW ~ 879µW 229µW ~ 706µW 1.1mW 1.62mW 2.33mW 

Reference bias current - 4µA ~ 14µA 4µA ~ 12µA - - - 

Input Voltage (Vpp, SE) 200mVpp 200mVpp 200mVpp - - - 
Output Voltage (VPP, Diff) 1.2Vpp 1.11Vpp 1.16Vpp 2Vpp 190mVpp 2Vpp 

Input/Filter bandwidth 9.5, 19.5MHz 9.5, 17.5MHz 8.5, 17MHz 12MHz 2 ~ 6MHz 40MHz 

AAF order 2 2 2 1 1 5 
Differential gain 15.5dB 15.0dB 15.3dB 8~20dB -14 ~ 32dB -18 ~ 47dB 

SNR 55dB 54.7dB 56dB 73dB - - 

SFDR 45dB 55dB 53.1dB 63dB 61dB 42dB 
Slew rate >96V/µs >96V/µs >96V/µs 53.5V/ µs - - 

Input referred noise 128µVrms 117µVrms 113µVrms 64µVrms - 70µVrms 

Input-referred noise density 29nV/√Hz 28nV/√Hz 19.7nV/√Hz 18.4nV/√Hz 4 nV/√Hz 11 nV/√Hz 
Chip area < 0.05mm2 0.014mm2 0.014mm2 0.05mm2 0.19 mm2 0.17mm2 

CMOS node 40nm LP 40nm LP 40nm LP 65nm 180nm 65nm 

NEF 33.7 16.3 10.96 17.54 4.63 18.69 
FoMfilter <7.2fJ·mm2 0.36fJ·mm2 0.43fJ·mm2 3.2fJ·mm2 45.7fJ·mm2 15.7fJ·mm2 

 

 

Shown in Table 5.14 is a summary of the measurement results.  From the Table 5.14, it can be concluded that the 

measurement results indicate that the design meets the desired target specifications, confirmed by measuring two 

chip samples. Also, the design achieves the lowest Filter FoM and a decent NEF value, while retaining the desired 

flexibility in terms of bandwidth and linearity. With the SDC (AAF included) and the ADC measured and 

characterized, the overall ASIC-II measurements for a single channel is shown in Table 5.15. The total ASIC-II 

power consumption can range from 437µW (for a SFDR = 32dB) up to 679 µW (for a SFDR = 53dB), thus 

satisfying the power consumption requirements of less than 2mW set for ASIC-II in Section 4.3, Table 4.3. The 

next section covers the conclusions, followed by the final section on future work.  
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TABLE 5.15 

ASIC-II MEASUREMENT RESULTS   

 
ASIC-II 

Target 
SDC + AAF ADC (with LDO) ASIC-II 

VDD 1.1V 1.1V 1.1V 1.1V 
Power Consumption < 2mW 229µW ~ 471µW 208µW 437µW ~ 679µW 

Reference bias current - 4µA ~ 8µA - 4µA ~ 8µA 

Input Voltage (Vpp, SE) 200mVpp 200mVpp 1.3Vpp, diff 200mVpp 
Input/Filter bandwidth 9.5, 19.5MHz 8.5, 17MHz 20MHz (Nyquist) 8.5, 17MHz 

Sample rate 40MS/s - 40MS/s 40MS/s 

AAF order 2 2 - 2 
Differential gain 15.5dB 15.3dB 0dB 15.3dB 

SFDR 45dB 32dB ~ 53.1dB 73dB 32dB ~ 53.1dB 

ENOB 8.0bit - 10bit 5bit ~ 7.3bit 
CMOS node 40nm LP 40nm LP 40nm LP 40nm LP 

    

5.8 CONCLUSIONS 
 

This chapter covered the design, simulations and finally chip measurements of the single ended to differential 

converter. Having derived the SDC’s top-level specifications from system level analysis, the SDC's architecture 

and OTA topology were chosen which would enable meeting all the required design specifications expected from 

the block. The advantages offered by the multiple feedback architecture thus enable in the realization of a low 

power, small area, tunable bandwidth and tunable linearity SDC. The designed and measured SDC has a total chip 

area of 0.014mm2 with tunable bandwidths of either 10MHz or 22.5MHz for a reference bias current of 4µA. One-

bit calibration option is also provided which enables to adjust the bandwidth for process and mismatch variations 

within the chip. The power consumption of the SDC is based on the linearity requirements of the AFE, resulting 

in a minimum of 229µW up to 468.1µW for a spurious free dynamic range of a minimum 32dB up to 53dB 

respectively for input signals of 200mVpp and frequencies > 6MHz. The design with a FoMfilter = 0.43fJ.mm2 and 

NEF = 10.96 enables its integration within area constrained ultrasound ASICs. The total ASIC-II power 

consumption can range from 437µW (for a SFDR = 32dB) up to 679 µW (for a SFDR = 53dB), thus satisfying the 

power consumption requirements of less than 2mW set for ASIC-II. With chip measurements that match closely 

to simulated results, indicate that the SDC design thus offers the intended flexibility in targeting ASIC integration 

for both high-end and low-end probes, and for different ultrasound applications.  

 

5.9 FUTURE WORK 
 

The SDC designed occupies a total area of 0.014mm2. It is seen from Figure 5.9 that the AC coupling MOM 

capacitor occupies approximately 58% of the total SDC area. The area of the ADC is approximately 0.0048mm2. 

Hence if this AC coupling capacitor is migrated off chip, then it would allow for the SDC and ADC combination 

to target transducer level implementation, wherein the area constraints are stringent. A second option is to include 

a low noise input buffer stage before the SDC. This would then allow for the realization of a third order low pass 

anti-aliasing filter with additional power consumption. A third option could be the parallel splitting of the AC 

coupling capacitor implementation such that a certain percentage of the total capacitance is on-chip and the rest 

off-chip. This option being power efficient will also allow for the high pass filter cut-off to be tunable, which could 

be advantages for certain ultrasound applications at system level. However, with extra input pad required per SDC, 

the approach might not be suitable for 3D ultrasound probe ASICs.      
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6 CONCLUSIONS  

 

Early digitization in the signal processing chain of ultrasound probes can bring substantial benefits in terms of 

improved image quality, manufacturability, cost and time to market. There is a clear need to create new, low-

power, low-cost, highly integrated and digitized electronic front-ends that will be located very close to the 

transducers. In turn, this will enable simple digital, optical or even wireless link to the back-end system. Such an 

approach can simplify significantly all phases of the product life-cycle, minimize the RF cabling and in this way 

enable a larger number of channels for a lower cost. This project aimed to realize an initial step towards such an 

ASIC (Application specific Integrated Circuit) for in-probe implementation, with focus on low power, small area 

and design flexibility. The primary function of the prototype ASIC is to validate the various required sub-blocks 

in a single analog front-end (AFE) chain for later implementation in an array level for the final envisioned chip.  

 

Objectives:  

• Determine the required ADC resolution for acceptable image quality via AFE modelling. 

 

The modelling of the ultrasound AFE was dealt with emphasis on addressing the requirements stated for 

the project. Also, the modelling work addresses the current gap in literature in terms of understanding the 

impact of finer parameters of the model on the reconstructed image quality. These parameters being the 

sampling clock jitter, finite digital TGC of the AFE & the ADC’s resolution. MATLAB and Simulink 

models were developed for the circuit blocks with a user-friendly GUI. The analysis of the ultrasound 

AFE Simulink model was carried out for determining the accuracy of the models developed. Two 

ultrasound probe configurations were chosen in order to investigate the influence of ADC resolution and 

sampling clock jitter on the reconstructed image quality (CNR). Image reconstruction results indicate that 

the ADC resolution can be relaxed down to 8bit without further impacting the reconstructed image quality 

(CNR). Hence ensuring a minimum ENOB of 8 bits for the ADC fulfils the requirements of the required 

resolution of the ADC for B-mode imaging. Furthermore, the sampling clock jitter of the ADC can be 

relaxed up to 100psrms without further impacting the reconstructed image quality (CNR). Hence the 

simulation outcome proposes techniques for possible power reduction for in-probe electronics without 

impacting the reconstructed image quality (CNR). 

 

• Architecture, modelling, performance and power estimations of the digitizer array. 

 

A brief literature review of some of the state-of-the-art digitizer arrays, along with requirements of Philips 

Research helped in defining the required ASIC-II specifications and its architecture. In order to test and 

characterize the individual sub-blocks of the single channel AFE block, a modified single channel 

digitizer architecture was realized as an intermediate step. Simulations of the single channel AFE block 

using ideal components showed that inclusion of the multiplexer does not deteriorate the targeted linearity 

but allows the use of ASIC-II for various ultrasound imaging techniques. The realization of the single 

channel AFE block model and its simulations thus allow for the scaling of the model for future versions 

of a multichannel digitizer array. 

 

• Design and tape-out of the single-ended to differential converter (SDC) in 40nm low power CMOS. 

 

Having derived the SDC’s top-level specifications from system level analysis, the SDC's architecture and 

OTA topology were chosen which would enable meeting all the required design specifications expected 

from the block. The advantages offered by the multiple feedback architecture thus enable the realization 

of a low power, small area, tunable bandwidth and tunable linearity SDC. The designed and measured 

SDC has a total chip area of 0.014mm2 with tunable bandwidths of either 10MHz or 22.5MHz for a 

reference bias current of 4µA. An one-bit calibration option is also provided which enables to adjust the 

bandwidth due to process and mismatch variations within the chip. The power consumption of the SDC 

is based on the linearity requirements of the AFE, resulting in a minimum of 229µW up to 468.1µW for 

a spurious free dynamic range of a minimum 32dB up to 53dB respectively for input signals of 200mVpp 

and frequencies > 6MHz. The design with a FoMfilter = 0.43fJ.mm2 and NEF = 10.96 enables its 

integration within area constrained ultrasound ASICs. The total ASIC-II power consumption can range 

from 437µW (for a SFDR = 32dB) up to 679 µW (for a SFDR = 53dB), thus satisfying the power 
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consumption requirements of less than 2mW set for ASIC-II. Chip measurements that match closely to 

simulated results, indicate that the SDC design thus offers the intended flexibility in targeting ASIC-II 

integration for both high-end and low-end probes, and for different ultrasound applications.    

Hence, with the design, realization and characterization of the key circuit blocks of ASIC-II, allows for the rapid 

scaling of the current single-channel chip to multichannel digitizer array. Thus, approaching one step closer to the 

realization of an ultrasound probe with the digital beamforming architecture.   
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                                                                                             APPENDIX A: 

ULTRASOUND IMAGE RECONSTRUCTIONS 

 

 

 

A.1 ULTRASOUND AFE SIMULATION GUI 
 

A user-friendly GUI was designed using MATLAB, in order to allow for the Cambridge team to interact and 

simulate the Simulink AFE model for various probe configurations. The resulting GUI and Simulink model are 

highly portable with a total size of < 200kB and simulation run times < 5 minutes, for a 128-element linear array 

configuration. Shown in Figure A.1 is the US AFE simulation GUI snapshot. 

 

 

Fig. A.1 US AFE simulation MATLAB GUI 

 

A.2 IMAGE RECONSTRUCTION RESULTS 
 

The following sections contain the images reconstructed after digital beamforming of the Ultrasound RF data from 

the Simulink model.  

 



 

 

78 
 

A.2.1 Impact of ADC resolution: Low-end probe configuration 

A.2.1.1 Varying INL of the ADC 

 

 

 

 

Fig. A.2 Image reconstruction results for varying INL of the ADC 

TABLE A.1: LOW-END PROBE: CYST CNR V/S ADC BITS (VARYING INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 
 

5e-4 4e-3 3e-2 0.2 1.5 12 

       
Cyst 1 3.86 2.44 1.40 0.56 0.55 0.58 0.62 

Cyst 2 3.19 1.78 0.61 0.58 0.58 0.58 0.60 

Cyst 3 3.35 1.68 1.32 1.27 1.27 1.26 1.30 
Cyst 4 3.35 2.09 2.21 2.31 2.31 2.28 2.24 

 

  

dB dB dB 

dB dB dB 

dB dB 
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A.2.1.2 Fixed INL of the ADC 

 

 

 

 

Fig. A.3 Image reconstruction results for fixed INL of the ADC 

TABLE A.2: LOW-END PROBE: CYST CNR V/S ADC BITS (FIXED INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 0.5 0.5 0.5 0.5 0.5 0.5 

        

Cyst 1 3.86 2.39 1.41 0.75 0.59 0.54 0.54 

Cyst 2 3.19 1.75 0.88 0.70 0.59 0.56 0.58 

Cyst 3 3.35 1.88 1.66 1.40 1.26 1.25 1.25 

Cyst 4 3.35 2.24 2.29 2.28 2.28 2.29 2.33 

 

dB dB dB 

dB dB dB 

dB dB 
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A.2.2 Impact of ADC resolution: High-end probe configuration 

A.2.2.1 Varying INL of the ADC 

 

 

 

 

Fig. A.4 Image reconstruction results for varying INL of the ADC 

TABLE A.3: HIGH-END PROBE: CYST CNR V/S ADC BITS (VARYING INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 5e-4 4e-3 3e-2 0.2 1.5 12 

        
Cyst 1 3.86 1.07 1.21 0.81 0.81 0.79 0.83 

Cyst 2 3.19 1.78 0.82 0.79 0.78 0.78 0.74 

Cyst 3 3.35 1.72 1.45 1.44 1.46 1.43 1.47 
Cyst 4 3.35 2.15 2.22 2.30 2.27 2.29 2.34 

        
 

 

dB dB dB 

dB dB dB 

dB dB 
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A.2.2.2 Fixed INL of the ADC 

 

 

 

 

Fig. A.5 Image reconstruction results for fixed INL of the ADC 

 TABLE A.4: HIGH-END PROBE: CYST CNR V/S ADC BITS (FIXED INL) 

Resolution Ideal 4b 6b 8b 10b 12b 14b 

INL 

(LSB) 

 0.5 0.5 0.5 0.5 0.5 0.5 

        

Cyst 1 3.86 1.08 1.30 0.99 0.80 0.77 0.76 

Cyst 2 3.19 1.81 1.14 0.88 0.79 0.77 0.76 

Cyst 3 3.35 2.04 1.76 1.53 1.47 1.44 1.38 

Cyst 4 3.35 2.19 2.27 2.33 2.31 2.31 2.29 

 

dB 

dB 

dB 

dB dB dB 

dB 

dB dB 
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A.2.3 Impact of TGC bits, with no input signal (only AFE noise) 

 

 

 

Fig. A.6 Image reconstruction results for 4b TGC (2b:LNA_TGC, 2b:SDC_TGC) & 12b TGC (6b:LNA_TGC, 6b:SDC_TGC) for High-end 

(HE) and Low-end (LE) ultrasound probe configurations 

  

dB dB 

dB 
dB 

dB dB 

dB dB 
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A.2.4 Impact of ADC sampling clock jitter: Low-end probe configuration 

 

 
 

 

 
Fig. A.7 Image reconstruction results for varying sampling clock jitter of the ADC 

 
 

 

 

TABLE A.5: LOW-END PROBE WITH 12B ADC 

Jitter rms Ideal 0.1ps 1ps 10ps 100ps 1ns 10ns 

        

Cyst 1 3.86 0.54 0.57 0.56 0.59 0.69 0.03 

Cyst 2 3.19 0.59 0.57 0.57 0.56 0.30 0.17 

Cyst 3 3.35 1.27 1.26 1.27 1.28 1.24 0.21 

Cyst 4 3.35 2.31 2.29 2.29 2.26 2.18 0.43 

        
 

 
  

100psrms 10nsrms 0.1psrms 

dB 

dB 

dB dB dB 

dB 
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A.2.5 Impact of ADC sampling clock jitter: High-end probe configuration 

 

 

 

 
Fig. A.8 Image reconstruction results for varying sampling clock jitter of the ADC 

 

 

 

TABLE A.6: HIGH-END PROBE WITH 12B ADC 

Jitter rms Ideal 0.1ps 1ps 10ps 100ps 1ns 10ns 

        

Cyst 1 3.86 0.81 0.81 0.80 0.83 0.94 0.17 

Cyst 2 3.19 0.79 0.78 0.78 0.74 0.83 0.06 

Cyst 3 3.35 1.44 1.46 1.43 1.47 1.30 0.11 

Cyst 4 3.35 2.30 2.27 2.29 2.34 2.06 0.44 

        
 

 

 

 

  

0.1psrms 100psrms 10nsrms 

dB 

dB dB 

dB dB dB 



 

 

85 
 

                                                                                             APPENDIX B: 

AFE MODEL VERIFICATION & VALIDATION 

 

B.1 INTRODUCTION 
 

In this Appendix B, the frontend sub-blocks modelled will be characterized followed by the characterization of the 

complete AFE model. Later, the influence of the TGC bits on the dynamic range and its relation to the ADC 

sampling rate is explored. Then, probe configurations are chosen to determine the ADC resolution, sampling clock 

jitter, output signal to noise and distortion ratio (SNDR) reduction due to non-ideal TGC, from a low-end probe to 

a high-end probe perspective. A cascaded noise analysis is carried out next on the given two probe configurations. 

Finally, with the help of beamforming of the RF signals from the model, images are reconstructed, to examine the 

impact of the ADC resolution and the sampling clock jitter. 

B.2 FRONTEND  
 

B.2.1 Probe configurations for simulation 

 

Different ultrasound imaging applications need different kinds of probes. Shown in Figure B.1 are a range of 

ultrasound probes for different imaging applications.  

 

 

Fig. B.1 Different ultrasound probes for various applications 

 

In the context of the linear array of transducers initialized and simulated in Field II, which serves as an input to 

the AFE model, two probe configurations are chosen in order to examine the impact of the ADC resolution on the 

reconstructed image. That is, a high-end and a low-end 1D linear array probe. Choosing high- and low-end probe 

configurations, allows for the design space exploration for the required ADC resolution and other AFE parameters. 

The parameters of the probe configurations are summarized in Table B.1 which is imported to MATLAB and later 

to the Simulink model, for simulation via the GUI.  
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 TABLE B.1 

1D LINEAR ARRAY PARAMETERS 

 High-end Low-end 

Element count 128 128 

Receiver aperture Size max 128 128 

Centre frequency (MHz) 6 6 

Bandwidth (MHz) 6 3.6 

Transducer resistance (Ω) 100 1k 

Transducer current peak (µA) 5000 500 

Transducer dynamic range (dB) 100 93 

Discrete TGC gain (dB) 40 26 

Noise figurebc (dB) ≈ 3 ≈ 5 

TGC gain Stages 2 2 

 

 

The parameters listed in the above table are chosen after internal consultation, such that they align with the 128-

transducer element simulated data from Field II. A constant aperture size of 128 elements is chosen in order to 

match with the 128-transducer element simulation. For the first set of simulations, an ideal ADC with only 

quantization noise is used in the AFE model. This approach ensured that the model’s RF output produced reliable 

images after beamforming. Once the AFE blocks prior to the ADC was finalized, the rest of the of simulations 

consisted of the non-ideal ADC. The motivation behind this is to quantify how the various noise contributions and 

non-linearity of the ADC will impact the image quality after digital beamforming. 

    

B.2.2 Low Noise Amplifier and Buffer (ASIC-I) 
 

The MATLAB script calculates the parameters of the low noise amplifier and the buffer and exports the values to 

the Simulink models as shown in Figure. B.2. The Tables B.2 and B.3 summarizes the LNA and buffer model 

parameters for two different probe configurations, namely a high-end probe and a low-end probe.   

 

TABLE B.2 

LNA PARAMETERS 

 High-end Low-end 

VDD 1 1 

gm (mA/V) 9 0.63 

ITR p-p (mA) 10 1 

Rf (Ω) 100 to 400 1k to 4k 

In,in (pA/√Hz) 18 6.2 

IM2 (dB) -90 -90 

IM3 (dB) -80 -80 

TGC voltage gain (dB) 12  12  

TGC sim-time (µs) 130 130 

TGC bits 12 12 

Bandwidth (MHz) 15 15 

Slew rate (V/µs) 50 50 

Noise Figure best case (dB) 2.6 5.0 

   
 

TABLE B.3 

BUFFER PARAMETERS 

 High-end Low-end 

VDD 1 1 

gm (mA/V) 2 2 

Vn,in (µV/√Hz) 7 7 

IM2 (dB) -90 -90 

IM3 (dB) -80 -80 

Slew rate (V/µs) 100 100 

Bandwidth (MHz) 15 15 

   
 

 

The values chosen for the LNA and the buffer were arrived at after consultation with the team. The motivation 

being that there could be two versions of ASIC-I, targeting high-end and low-end ultrasound probes. Shown in 

Figure B.3 is the output measurement of the LNA and buffer model (low-end configuration) combined for an input 

frequency of 6 MHz with simulated signal propagation attenuation through tissues. In order to verify the modelled 

non-linearity, an input frequency of 3 MHz was applied with below LNA and buffer parameters.  
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Fig. B.2 Simulation setup for the LNA and Buffer models (ASIC-I) 

 

 

Fig. B.3 Simulation results for High-end (left) and low-end (right) probe configurations  

 

As seen in Figure B.3, the input sine signal exponentially decays with total attenuation of -12dB, which the 

combination of LNA and buffer compensates it with a TGC of 12dB resulting in a sine wave. The number of TGC 

bits is 12, which results in a hardly distinguishable saw-tooth like appearance at the output signal. Shown in Figure 

B.4 is the output when the number of TGC bits is reduced to 3. Low end probes have around 3 ~ 4 TGC bits. High-

end probes typically have up to 5 ~ 6 TGC bits, which results in less band like appearance after image 

reconstruction.   

 

   

Fig. B.4 Simulation results for reduced number of TGC bits (= 3 bit) 

It can be seen that there is a substantial reduction in the dynamic range at the output. This is due to the finite 

number of TGC steps. Section B.3 on TGC proposes a solution to this problem.  
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B.2.3 Single-ended to differential converter and anti-aliasing filter 
 

The single-ended to differential converter parameter values are extracted from [1]. There is no difference between 

the high-end and low-end configuration apart from the TGC gain value. This allows for a faster modelling approach 

of the SDC for the two probe configurations, given that the design from [1] might be reused for the current project. 

The AAF filter is a second order Butterworth low pass filter. Butterworth filter is chosen in order to ensure a flat 

passband, a requirement for minimal errors for image reconstruction after digital beamforming. A higher order 

filter is not required as the poles of the previous stages effectively contribute to a fourth order Butterworth low 

pass filter. [1] suggests that a first order AAF is also sufficient in the case of ultrasound signals due to their finite 

signal bandwidth.  

TABLE B.4 

SDC PARAMETERS 

 High-end Low-end 

VDD 1 1 

Differential voltage gain Av 2 to 60 2 to 4 

In,in (pA/√Hz) 184 18.4 

IM2 (dB) -90 -90 

IM3 (dB) -80 -80 

TGC gain (dB) 6 to 35 6 to 12 

TGC sim-time (µs) 130 130 

TGC bits 12 12 

Bandwidth (MHz) 15 15 

Slew rate (V/µs) 50 50 

   
 

TABLE B.5 

AAF PARAMETERS 

 High-end Low-end 

Filter type Butterworth 

LPF 

Butterworth 

LPF 

Filter order 2 2 

Bandwidth (MHz) 15 15 

   
 

 

Figure B.6 is the output measurement of the SDC and AAF model (low-end configuration) combined for an input 

frequency of 6 MHz. 

 

Fig. B.5 Simulation setup for the SDC and AAF 

 

Fig. B.6 Simulation results for the SDC and AAF models 
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The SDC model aligns with the design presented in [1] in terms of SNR. The intermodulation, TGC bits and gain 

will be changed in the later stage (see Section B.5) to analyse the impact of channel non-linearity on the image 

reconstruction. Since the nonlinearity of the SDC is modelled similar to that of the LNA, its verification is skipped 

here. But for the current simulation setup, they are chosen to have a better value (lower distortion, similar to that 

of LNA and buffer stages) in order to see the effect of noise (both high-end and low-end probes) and ADC 

resolution in the final image reconstruction. This will be covered in Section B.5 

 

B.2.4 Analog to Digital converter 

 

A MATLAB script is written in order to compute and characterize the ADC model. Shown in Table B.6 is the 

ADC parameters for a 12bit ADC. The ADC specifications apart from the resolution will be the same for both 

high-end and low-end probe configurations. The ADC resolution will be varied from 4bit to 14bit in the non-ideal 

ADC model in order to analyse the effect on the image quality after image reconstruction. Sampling clock jitter 

will also be varied in the case of a 12b ADC, to see the impact on the image quality and set the requirement for 

the clock and timing management block (see Chapter 3). The non-ideal ADC parameters are aligned with the 

measurement results and from [2][3]. Furthermore, a sampling clock jitter noise of 1psrms is used within the non-

ideal model [4].   

 

TABLE B.6 

ADC MODEL PARAMETERS 

 Non - Ideal ADC 

Resolution 6b to 14b 

VDD 1V 

Signal range (peak-peak diff) 1.7V 

Sampling Frequency 40MHz 

ENOB 10b (for 12b resolution) 

Quantization noise  0.28 LSB (12b resolution) 

Thermal noise  0.22 LSB 

Jitter noise  0.22 LSB 

DAC noise  0.14 LSB 

Comparator Noise 0.46 LSB 

|INLwc| 1.5 LSB 

DNLwc -1.76 LSB 

SNDR (dB) 58.95 

SFDR (dB) 67.21 
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Fig. B.7 Simulink ADC model  

 

  

Fig. B.8 Simulation results of the ADC model comparing with an ideal ADC (left) and measured ADC (right) 

 

 

 

Fig. B.9 INL and DNL simulation results (right) when compared to the actual chip measurements (left) of the ADC 

 

Shown in Figure B.7 and B.8 are the measurement results from the dynamic and static characterization of the ADC 

model. Random mismatch is currently not incorporated in the ADC model. From the dynamic characterization 

Ideal ADC Non-Ideal ADC 

Actual Measurements of the ADC (2 samples) 
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plots, its seen that the ADC model is sufficiently accurate. The next section covers the AFE model consisting of 

the blocks combined.  

 

B.2.5 AFE model 

 

The individual blocks are combined together to result in the complete analog front-end up to the ADC. The ADC 

resolution is varied from 4 bit to 14 bit and the resulting digitized output is later beam-formed to reconstruct the 

image. Shown in Figure B.10 is the AFE setup and the output measurement result for an input frequency of 6 MHz 

(Ultrasound centre frequency).  

 

  

Fig. B.10 Simulation setup with ASIC-I and ASIC-II circuit blocks 

 

 

Fig. B.11: Low-end probe configuration output (averaged SNDR) 

 

 

Fig. B.12: High-end probe configuration output (averaged SNDR) 
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The AFE is configured for both the low-end & high-end probe configurations (see Table B.1). Shown in Figure 

B.11 is the output measurement results when the AFE compensates for 26dB & 40dB of ultrasound signal 

attenuation respectively. Since the input signal attenuation is equal to the probe TGC gain, the output of the ADC 

is a rail to rail differential sine wave. The measured spectrum at the output of the ADC, matches closely with the 

expected combination of the individual sub-blocks. In reality, the ultrasound signal attenuates further, depending 

upon the scan depth and the centre frequency of the transducer. Hence in such a case, the backend D-TGC will 

provide the additional TGC gain so that the output reconstructed images are brighter for lower scan depths. In 

Section B.4, with the help of cascaded noise analysis further understanding of the requirements of the analog 

frontend both for high and low-end cases are dealt with. The next section covers the influence of TGC bits on the 

output dynamic range of the AFE.   

 

B.3  TGC BITS  
 

It is seen that in Section B.2.2, The TGC bits also play a role in determining the spurious free dynamic range 

(SFDR) of the AFE. Figure 3.10 shows the difference between continuous TGC and discrete TGC of ultrasound 

signals. A continuous TGC is preferred in order to avoid distortion resulting due to the discrete TGC 

implementation. But due to its high-power consumption, its seldom used in the AFE implementation within the 

probe [4]. The subsequent stage after the TGC and the AAF is the ADC. Let’s say the sampling frequency of the 

ADC is given by Fs and the total acquisition time for the Ultrasound probe for a given scan depth given by Tacquisition. 

In order to avoid the loss in dynamic range due to discrete TGC, as long as the TGC gain is applied in such a way 

that each ADC sample see a continuous TGC, the distortion can be minimized. This is formulated as  

 

 
(

𝑇𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛

2𝑇𝐺𝐶,𝑏𝑖𝑡𝑠
) =

1

𝑛 ∙ 𝐹𝑠

 ,   n = 1, 2, … 
(B.1) 

 

The value of n can be understood intuitively. For n = 1, it means one TGC discrete gain step is applied once, and 

when n = 2, twice and so on within a single time period Ts (= 1/Fs). Higher the value of n, the closer it will 

approximate the continuous TGC operation. From the practical implementation of the discrete TGC, the designer 

can make a certain choice for this value of n, such that at least, n = 1 for the highest chosen ADC sampling 

frequency Fs. This equation can be further simplified to (in the case when n = 1) 

 

 𝑇𝐺𝐶𝑏𝑖𝑡𝑠 = 3.32𝑙𝑜𝑔10(𝐹𝑠𝑇𝑎𝑐𝑞𝑢𝑖𝑠𝑖𝑡𝑖𝑜𝑛)  (B.2) 

 

The above equation is important as it shows that the required TGC bits for a given ADC sampling frequency is 

depth dependent (as scan depth is proportional Tacquisition). Shown in Figure B.13 is the variation of the required 

TGC bits as a function of the scan depth.  
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Fig. B.13 Required TGC bits versus the acquisition time 

 

This was further validated in the output measurements mentioned in Section B.2.5, wherein the TGC bits chosen 

for the LNA and the SDC were 12bits each for an acquisition time ≈ 130µs. Further investigation into realization 

of this TGC bits requirement needs to be done as to how the number of TGC stages can further benefit the reduction 

of the TGC bits. This is currently out of the scope of this project. Next section covers the details on the analysis of 

the backend.  

 

B.4  CASCADED NOISE ANALYSIS  
 

B.4.1 Introduction 

 

The Signal to Noise ratio (SNR) is an important parameter when it comes to the design of AFE for a given 

application. The input referred noise determines the sensitivity of the AFE for a given bandwidth. Hence for a 

given power budget of the AFE, the maximization of the input dynamic range of the AFE is a key aspect of the 

design. In RF design, the individual blocks of the AFE are characterized by their “Noise Factor (NF)” which is 

given by 

 

 
 𝑁𝑜𝑖𝑠𝑒 𝐹𝑎𝑐𝑡𝑜𝑟 =  

𝑆𝑁𝑅𝑖𝑛

𝑆𝑁𝑅𝑜𝑢𝑡
 

(B.3) 

 

Wherein the SNRin and SNRout are the respective signal to noise ratios measured at the input and output of the AFE. 

The Noise factor is related to the Noise Figure by 

 

  𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒 = 10𝑙𝑜𝑔10
(𝑁𝑜𝑖𝑠𝑒 𝐹𝑎𝑐𝑡𝑜𝑟) (B.4) 

 

The relevance of Noise figure can be understood intuitively in the context of the design of the AFE. Noise figure 

is a measure of how much the SNR degrades as the signal propagates through the AFE. The lower the Noise figure 

of the AFE, the better is the output dynamic range of the AFE. From Equation (3.18), the term DRloss, can be 
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equated to the Noise Figure of the AFE. So, from this it can been seen that for a given TGC gain and SNDRpeak of 

the ADC, the lower the Noise figure, the better it is for the image reconstruction at maximum scan depths.  

Cascaded Noise analysis implies taking into account the noise figures and the gains of the individual circuit blocks, 

in order to determine the Noise figure (NFdB) of the entire AFE. This is further detailed in the next section on AFE 

Noise Figure analysis. 

 

B.4.2 AFE noise figure analysis 

 

The Noise figure of any circuit block is typically calculated with reference to the input source resistance, this being 

chosen to be equal to 50Ω in RF design [5]. For the current analysis a different approach is adopted which is more 

intuitive in understanding the overall Noise figure of the AFE. Using Equation (B.3), the Noise Factor of individual 

circuit blocks of the AFE are computed by taking the SNR at respective circuit block inputs as the reference, 

instead of the input source resistance. This method of analysing was recommended after consultation with the team 

internally at Philips Research. The Noise figure stated in equation (B.5) can be re-written as  

 

  𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒𝐴𝐹𝐸 = 10𝑙𝑜𝑔10
(𝑁𝐹𝐿𝑁𝐴𝑁𝐹𝑇𝐺𝐶𝑁𝐹𝐴𝐷𝐶) (B.5) 

  ∴   𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒𝐴𝐹𝐸 = 𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒𝐿𝑁𝐴 + 𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒𝑇𝐺𝐶 + 𝑁𝑜𝑖𝑠𝑒 𝐹𝑖𝑔𝑢𝑟𝑒𝐴𝐷𝐶 (B.6) 

 

In the next sections, the different probe configurations will be considered for the analysis. 

  

B.4.2.1 Generic probe AFE  

 

A typical AFE for ultrasound consists of the LNA, TGC amplifier, Antialiasing filter and the ADC [4]. Shown in 

below Figure B.14 is the Cascaded Noise analysis applied for the generic probe configuration. 

 

 

Fig. B.14 Cascaded noise analysis for a generic probe configuration 
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It is known from Chapter 3 that the ultrasound signal experiences attenuation as it propagates through the tissues. 

As the scan depth increases, the received signal power diminishes. Hence for probing deeper, two approaches can 

be used. The first involves increasing the transmitted ultrasound signal power during the transmit phase. The U.S. 

Food and Drug Administration (FDA) recommends the transmit power to not exceed a certain value, citing the 

potential harm to the patient. The second approach involves increasing the receiver sensitivity. The focus of the 

next sections is in understanding the receiver sensitivity to the final reconstructed image quality.   

 

B.4.2.2 Low-end probe AFE 

 

The low-end probe configuration parameters from Table B.1 to B.6 is used for the cascaded noise analysis 

shown in below Figure B.15. 

 

 

Fig. B.15 Cascaded noise analysis for low-end probe configuration 

 

The values in brackets (for the LNA, SDC & the ADC) in the above figure indicate the best-case Noise figures. 

Hence from the cascaded noise analysis of the ultrasound AFE, for the low-end probe configuration, yields an 

ENOB of 8.2bit (Ultrasound B/W) or 7bit (Nyquist B/W). The maximum and the minimum ENOB values shown 

in Figure B.15 for the Nyquist B/W are compared with the results from the Simulink model setup shown in Figure 

B.10. The maximum ENOB occurs at lower penetration depth and progressively deteriorates with increasing scan 

depth. A window size of 512 samples is chosen in order to calculate the SNR at the beginning (first 512 samples) 

and end of the scan cycle (last 512 samples).  Shown in Figure B.16 are the computed SNR values (Nyquist B/W) 

which match closely (within 0.5bit) with the above cascaded noise analysis.  

Also, the roll off of the noise floor beyond 15MHz is due to the filtering from subsequent stages of the AFE and 

the AAF. The overall best-case Noise figure for the low-end probe configuration results in 5.05dB, a value targeted 

in Table B.1. The next section details the High-end probe configuration.    
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Fig. B.16 SNR for the beginning first 512 samples (upper scan depth) (left image) versus the last 512 samples (lower scan depth) (right 

image) 

 

B.4.2.3 High-end probe AFE 

 

The low-end probe configuration parameters from Table B.1 to B.6 is used for the cascaded noise analysis 

shown in below Figure B.17 

 

 

Fig. B.17 Cascaded noise analysis for high-end probe configuration 

 

Hence from the cascaded noise analysis of the ultrasound AFE, for the low-end probe configuration, yields an 

ENOB of 8.8bit (Ultrasound B/W) or 7.9bit (Nyquist B/W). The maximum and the minimum ENOB values shown 

in Figure B.15 for the Nyquist B/W are compared with the results from the Simulink model setup shown in Figure 

B.10. The maximum ENOB occurs at lower penetration depth and progressively deteriorates with increasing scan 

depth. A window size of 512 samples is chosen in order to calculate the SNR at the beginning (first 512 samples) 

and end of the scan cycle (last 512 samples).  Shown in Figure B.18 are the computed SNR values (Nyquist B/W) 

which match closely (within 0.4bit) with the above cascaded noise analysis. 
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Fig. B.18 SNR for the beginning first 512 samples (upper scan depth) (left image) versus the last 512 samples (lower scan depth) (right 

image) 

 

The next section details the impact of the AFE’s SNR for beamforming and image reconstruction 

 

B.4.2.4 Digital beamforming 

 

The digitized channel data from the probe is beamformed as indicated in the process flow in Figure B.18. The 

effectiveness of the digital beamformer can be assessed by its resulting detail resolution (defined by the –6dB 

beam-width) and the contrast resolution [6]. In order to differentiate various tissues during a scan, at least 50dB of 

separation is required between the main beam and its sidelobes of the digital beamformer. The level of the sidelobes 

sets the acoustic clutter in the reconstructed image, provided the AFE is not the limiting factor [6]. The cascaded 

noise analysis carried out in the previous sections, both for high and low-end probe configurations yielded an ADC 

SNRpeak = 51 ~ 55dB, which indicates that at maximum scan depth for each probe configuration, the required AFE 

SNR meets the 50dB criteria, for differentiating tissues, as mentioned above. The output SNR further improves 

after beamforming of the channels, wherein for a given aperture size (= number of channels), and with the delay 

and sum beamformer, the improvement in the output SNR is given by  

 

 
 20𝑙𝑜𝑔10 [

∑ 𝑎𝑖𝑁

√∑ 𝑎𝑖
2

𝑁

]  𝑑𝐵 
(B.7) 

 

Where, N = the number of channels in an aperture, 

ai are the coefficients of the apodization function. In the case of uniform apodization, all of them are equal to 1.  

Its observed from equation (B.7), in the case of uniform apodization, there is an improvement of 10*log10(N) in 

the output SNR after beamforming. Hence achieving a minimum per channel SNR of 50dB leaves room for various 

beamforming algorithms to be explored for digital beamforming. Figure B.19 summarizes the requirement stated 

above.  
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Fig. B.19 Dynamic range requirements and its relation with the digital beamformer 

 

B.5 FUTURE WORK 
 

With the help of Philips Research, Cambridge, further image reconstructions with the Simulink AFE model can 

be carried out to analyse the impact of channel non-linearity, channel crosstalk, channel-channel variability, failing 

& deteriorating transducers. Thanks to the Ultrasound AFE simulation GUI, and the beamforming by the 

Cambridge team, minimal effort is foreseen for the remainder of the analysis.  

 

B.6 CONCLUSIONS 
 

In this Appendix, the analysis of the ultrasound AFE Simulink model was carried out for determining the accuracy 

of the models developed. Two ultrasound probe configurations were chosen in order to investigate the influence 

of ADC resolution and sampling clock jitter on the reconstructed image quality. Cascaded Noise Analysis was 

carried out on the two ultrasound probe configurations to determine the required ADC resolution given a certain 

ultrasound probe configuration.  

 

B.7  REFERENCES  
 

[1] W. Jin, “A Low-Noise, High-Linearity Continuous-Time SDC for Ultrasound Imaging Analog Front-end” 

TU/e master thesis, Aug. 2017. 

[2] P. Harpe, “A 0.05mm2 Reconfigurable 12bit 50MS/s ADC /12bit 800MS/s DAC in 65nm CMOS”, 

Unpublished Paper, Nov. 2016. 

[3] W. Jin, “Investigation of a SAR ADC and its Application for an Ultrasound Imaging Array”, TU/e Internship 

Report, MsM group, November 2016. 

[4] A. Bhat, “Low Power 12b SAR ADC for 3D Ultrasound” TU/e master thesis, Sep. 2014. 

[5] B. Razavi, RF Microelectronics. Pearson-Prentice Hall, 1998. 

[6] T. Szabo, Diagnostic Ultrasound Imaging: Inside Out, Elsevier Academic Press, Burlington, MA, 2004. 

[7] P. Harpe, et al., “An Oversampled 12b/14b SAR ADC with Noise Reduction and Linearity Enhancements 

Achieving up to 79.1dB SNDR,” ISSCC 2014, pp. 194-195 

[8] P. Harpe, et al., “A 26μW 8bit 10MS/s Asynchronous SAR ADC for Low Energy Radios,” JSSC, vol. 46, no. 

7, pp. 1585-1595, July 2011.  



 

 

99 
 

                                                                                             APPENDIX C: 

ASIC-I & II SPECIFICATIONS 

 

C.1 DETAILED SPECIFICATIONS OF ASIC-I & II 
 

 

In this Appendix, the detailed specifications of ASIC-I and ASIC-II are mentioned. These specifications are used 

for AFE modelling and derivation of the required specifications of ASIC-II and thus eventually the SDC and the 

ADC. The specifications outlined in the below tables are meant to address a wide range of ultrasound ASIC 

specifications within Philips Research.  

 
TABLE C.1 

ASIC-I SPECIFICATIONS FOR HIGH-END PROBE, WITH TRANSDUCER BANDWIDTH = 6MHZ, CENTRE FREQUENCY = 6MHZ 

Nyquist 
Bandwidth 

(MHz) 

Transducer 
RT  

(Ω) 

Transducer 
Noise  

(µVrms) 

TGC 
gain 

(V/V) 

LNA 
NF 

(dB) 

LNA 

Output 

noise 
(µVrms) 

Output 
signal 

(mVpp) 

VCM 

(V) 

Total 

Output 

noise 
(µVrms) 

Output 

Dynamic 

range 
(dB) 

Power 

consumption 

per channel 
(mW) 

20 100 5.74 
0.5 10 8.63 200 1.8 9.10 77.81 < 0.5 

5 6 49.70 200 1.8 57.44 61.81 < 0.5 

10 100 4.07 
0.5 10 6.09 200 1.8 6.43 80.82 < 0.5 

5 6 35.14 200 1.8 40.62 64.82 < 0.5 

 
 

TABLE C.2 

ASIC-I SPECIFICATIONS FOR LOW-END PROBE, WITH TRANSDUCER BANDWIDTH = 6MHZ, CENTRE FREQUENCY = 6MHZ 

Nyquist 
Bandwidth 

(MHz) 

Transducer 
RT  

(kΩ) 

Transducer 
Noise  

(µVrms) 

TGC 
gain 

(V/V) 

LNA 
NF 

(dB) 

LNA 

Output 

noise 
(µVrms) 

Output 
signal 

(mVpp) 

VCM 

(V) 

Total 

Output 

noise 
(µVrms) 

Output 

Dynamic 

range 
(dB) 

Power 

consumption 

per channel 
(mW) 

20 10 57.44 
0.5 10 86.35 200 1.8 91.05 57.81 < 0.5 

5 6 497.00 200 1.8 574.46 41.81 < 0.5 

10 10 40.74 
0.5 10 61.06 200 1.8 64.34 60.82 < 0.5 

5 6 351.42 200 1.8 406.20 44.82 < 0.5 

 

 

TABLE C.3 

ASIC-II SPECIFICATIONS FOR HIGH-END PROBE, WITH TRANSDUCER BANDWIDTH = 6MHZ, CENTRE FREQUENCY = 6MHZ 

Nyquist 
Bandwidth 

(MHz) 

SDC 

Voltage 

gain  
(V/V) 

SDC 

Output 

swing 
(Vpp_diff) 

VDD / 
VCM 

(V) 

SDC 
ORN 

(µVrms) 

SDC Total 
O/P Noise 

(µVrms) 

Target:  
ADC IRN 

(µVrms) 

Total 

Output 

noise 
(µVrms) 

Output 

Dynamic 

range 
(dB) 

Output 

Dynamic range 

(US B/W)  
(dB) 

Power 

consumption 

per channel 
(mW) 

20 6 1.2 
1.1/ 

0.55 
684.10 

688.47 217.70 722.49 55.38 60.61 < 9.5 

840.23 217.70 867.76 53.78 59.01 < 9.5 

10 6 1.2 
1.1/ 

0.55 
509.90 

512.80 153.90 535.72 57.98 60.19 < 9.5 

615.60 153.90 634.82 56.50 58.72 < 9.5 

 

 
 

TABLE C.4 

ASIC-II SPECIFICATIONS FOR LOW-END PROBE, WITH TRANSDUCER BANDWIDTH = 6MHZ, CENTRE FREQUENCY = 6MHZ 

Nyquist 
Bandwidth 

(MHz) 

SDC 

Voltage 

gain  
(V/V) 

SDC 

Output 

swing 
(Vpp_diff) 

VDD / 
VCM 

(V) 

SDC 
ORN 

(µVrms) 

SDC Total 
O/P Noise 

(µVrms) 

Target:  
ADC IRN 

(µVrms) 

Total 

Output 

noise 
(µVrms) 

Output 

Dynamic 

range 
(dB) 

Output 

Dynamic range 

(US B/W)  
(dB) 

Power 

consumption 

per channel 
(mW) 

20 6 1.2 
1.1/ 

0.55 
684.1 

1029.56 217.70 1053.56 52.09 57.32 < 9.5 

4919.35 217.70 243.00 38.70 43.93 < 9.5 

10 6 1.2 
1.1/ 

0.55 
509.9 

746.99 153.90 762.88 54.90 57.12 < 9.5 

3478.51 153.90 3492.84 41.70 43.92 < 9.5 
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                                                                                             APPENDIX D: 

CADENCE ASIC-II MODELS 

 

D.1 SDC MODEL 
 

 

Fig. D.1 Multiple feedback single-ended to differential converter  

 

 

Fig. D.2 2 Stage OTA model  
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D.2 MUX/DEMUX MODEL 
 

 

Fig. D.3 MUX/DEMUX model  

 

 

 

Fig. D.4 Switch model  
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D.3 12 BIT SAR ADC MODEL (VERILOG-A CODE) 
 

1. `include "constants.vams"   
2. `include "disciplines.vams"   
3.    
4. module ADC_ideal(inP, inN, clk, vss, vdd, vd);   
5.    
6. parameter real tdel = 0.1p from [0:inf);   
7. parameter real ttran = 0.1p from [0:inf);   
8. parameter real rlogic_high = 1;   
9. parameter real rlogic_low = 0;   
10. parameter real rtrans_clk = 0.5;   
11. parameter real rref = 0.5;   
12.    
13. input inP, inN, clk;   
14. inout vss, vdd;   
15. output [0:11]vd;   
16.    
17. electrical inP, inN, clk, vss, vdd;   
18. electrical [0:11]vd;   
19.    
20. real sample, thresh, V0, Vsup;   
21. real vd_tmp[0:11];   
22. genvar i;   
23.    
24. analog begin   
25. V0=V(vss);   
26. Vsup=V(vdd, vss);   
27.    
28. @(cross(V(clk)-V0-rtrans_clk*Vsup, -1) or initial_step) begin   
29.                 sample = V(inP)-V(inN)-V0;   
30.                 thresh = 1*rref*Vsup;   
31.                    
32.                 if (sample > 0) begin   
33.                                 vd_tmp[11] = rlogic_high*Vsup+V0;   
34.                                 sample = sample - thresh;   
35.                                    
36.                 end else begin   
37.                                 vd_tmp[11] = rlogic_low*Vsup+V0;   
38.                                 sample = sample + thresh;   
39.                 end   
40.                    
41.                 thresh = thresh/2;   
42.                                    
43.                 for (i=10; i>=0; i=i-1) begin   
44.                                 if (sample > 0) begin   
45.                                                 vd_tmp[i] = rlogic_high*Vsup+V0;   
46.                                                 sample = sample - thresh;   
47.                                 end else begin   
48.                                                 vd_tmp[i] = rlogic_low*Vsup+V0;   
49.                                                 sample = sample + thresh;   
50.                                 end   
51.    
52.                 thresh = thresh/2;   
53.                 end   
54. end   
55.                 for(i=11;i>=0;i=i-1) begin   
56.                 V(vd[i]) <+ transition(vd_tmp[i],tdel,ttran);   
57.                 end   
58. end   
59. endmodule   
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D.4 12 BIT REGISTER MODEL (VERILOG-A CODE) 
 

1. `include "constants.vams"   
2. `include "disciplines.vams"   
3.    
4. //--------------------   
5. // parallel_reg_12   
6. //   
7. // -  12 bit parallel register   
8. //   
9. // vin_d0 ..vin_d11:         input data lines [V,A]   
10. // vout_d0..vout_d11:   output data lines [V,A]   
11. // venable:                         enable line [V,A]   
12. //   
13. // INSTANCE parameters   
14. //    vlogic_high = output voltage for high [V]   
15. //    vlogic_low  = output voltage for low  [V]   
16. //    vtrans      = voltages above this at input are considered high [V]   
17. //    tdel, trise, tfall = {usual} [s]   
18. //   
19. // Input occurs on the rising edge of venable.   
20. //   
21.    
22. module sync_parallel_reg_12    
23.                 (vin_d0,vin_d1,vin_d2,vin_d3,vin_d4,vin_d5,vin_d6,vin_d7,vin_d8,vin_

d9,vin_d10,vin_d11   
24.    ,vout_d0,vout_d1,vout_d2,vout_d3,vout_d4,vout_d5,vout_d6,vout_d7,vout_d8,vout_d9,

vout_d10,vout_d11   
25.    ,venable,vdd,vss);   
26. electrical vin_d0,vin_d1,vin_d2,vin_d3,vin_d4,vin_d5,vin_d6,vin_d7,vin_d8,vin_d9,vin

_d10,vin_d11;   
27. electrical vout_d0,vout_d1,vout_d2,vout_d3,vout_d4,vout_d5,vout_d6,vout_d7,vout_d8,v

out_d9,vout_d10,vout_d11;   
28. electrical venable,vdd,vss;   
29. input vin_d0,vin_d1,vin_d2,vin_d3,vin_d4,vin_d5,vin_d6,vin_d7,vin_d8,vin_d9,vin_d10,

vin_d11;   
30. output vout_d0,vout_d1,vout_d2,vout_d3,vout_d4,vout_d5,vout_d6,vout_d7,vout_d8,vout_

d9,vout_d10,vout_d11;   
31. inout vdd, vss;   
32.    
33. parameter real vlogic_high = 1;   
34. parameter real vlogic_low = 0;   
35. parameter real vtrans = 0.5;   
36. parameter real tdel = 2p from [0:inf);   
37. parameter real trise = 1p from (0:inf);   
38. parameter real tfall = 1p from (0:inf);   
39.    
40. real VO, Vsup;   
41. integer d[0:11];   
42.    
43. analog begin   
44.                   VO = V(vss);   
45.                   Vsup = V(vdd,vss);   
46.                 @(cross(V(venable)-

vtrans*Vsup+VO, +1, 1.0, venable.potential.abstol)) begin   
47.                      d[0] = V(vin_d0) > vtrans*Vsup+VO;   
48.          d[1] = V(vin_d1) > vtrans*Vsup+VO;   
49.          d[2] = V(vin_d2) > vtrans*Vsup+VO;   
50.          d[3] = V(vin_d3) > vtrans*Vsup+VO;   
51.          d[4] = V(vin_d4) > vtrans*Vsup+VO;   
52.          d[5] = V(vin_d5) > vtrans*Vsup+VO;   
53.          d[6] = V(vin_d6) > vtrans*Vsup+VO;   
54.          d[7] = V(vin_d7) > vtrans*Vsup+VO;   
55.          d[8] = V(vin_d8) > vtrans*Vsup+VO;   
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56.          d[9] = V(vin_d9) > vtrans*Vsup+VO;   
57.          d[10] = V(vin_d10) > vtrans*Vsup+VO;   
58.          d[11] = V(vin_d11) > vtrans*Vsup+VO;   
59.                 end   
60.    
61.       V(vout_d0) <+ transition((d[0] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
62.       V(vout_d1) <+ transition((d[1] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
63.       V(vout_d2) <+ transition((d[2] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
64.       V(vout_d3) <+ transition((d[3] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
65.       V(vout_d4) <+ transition((d[4] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
66.       V(vout_d5) <+ transition((d[5] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
67.       V(vout_d6) <+ transition((d[6] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
68.       V(vout_d7) <+ transition((d[7] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
69.       V(vout_d8) <+ transition((d[8] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
70.       V(vout_d9) <+ transition((d[9] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
71.       V(vout_d10) <+ transition((d[10] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
72.       V(vout_d11) <+ transition((d[11] ? vlogic_high*Vsup+VO : vlogic_low*Vsup+VO),tdel,trise,tfall);   
73.    
74.     end   
75.           
76. endmodule   
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                                                                                             APPENDIX E: 

PROJECT MANAGEMENT 

E.1 PDENG PROJECT GANTT CHART 
 

 

Fig. E.1 PDEng project gantt chart  
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E.2 PDENG PROJECT DESIGN APPROACH (SCOPE & WORK PHASE PLAN) 
 

 

Fig. E.2 PDEng project design approach summary  

 

This section focuses on the ‘Scope’ and ‘Work phase plan’ of the project decision document. In chapter 2, section 

2.3, the project problem statement & the aim of the project was detailed. It consists of three work packages, namely:  

• WP1: Determine the required ADC resolution & clock jitter for acceptable image quality via AFE 

modelling. 

• WP2: Architecture, modelling, performance and power estimations of the digitizer array. 

• WP3: Design, tape-out & measurements of the single-ended to differential converter (SDC) in 40nm low 

power CMOS 

The AFE modelling is carried out in MATLAB and SIMULINK, in combination with the input data from the 

ultrasound simulation software FIELD II. Based on the results of the former modelling, the digitizer architecture 

is first realized. Ideal modelling of the digitizer array is then carried out in CADENCE Virtuoso. Finally, the 

schematic and layout of the SDC are designed in CADENCE Virtuoso and later integrated with other sub-blocks 

to realize a single AFE chain for the subsequent tapeout phase. 

The PDEng project design approach is summarized in Figure E.2. In the case of WP1, the AGILE methodology 

has been used in-order to realize and align with the stakeholder requirements for the AFE modelling phase. This 

approach resulted in successful realization of the end product which consisted of AFE model with a user-friendly 

GUI with documentation. Intermediate versions of the final product helped in understanding and converging to 

the evolving requirements of the stakeholders. The timeline has been indicated for WP1 in Figure E.2. Also, the 

V-model indicating the development cycle used during the implementation phase of WP1 is shown in Figure E.3. 

As indicated in Figure E.3, after the system requirements were derived, subsequent development phases were 

carried out in MATLAB. The sub-systems indicated refer to the modelling of the circuit blocks within ASIC-I & 

ASIC-II, which is detailed in Chapter 3.  

WP1 

WP2 & WP3 
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Fig. E.3 V-model diagram: AFE modelling and USAFE GUI 

 

The system verification consisted of ensuring that the realized models, MATLAB code and the US AFE GUI 

meets the system level requirements. Having verified, the validation of WP1 is then carried out together with 

Philips Research, ensuring that the reconstructed ultrasound images and the USGUI meets the stakeholders needs. 

For WP2 & WP3, the WATERFALL methodology is used in-order to meet the stakeholder requirements for the 

work packages. This approach is typically taken when the design team has past experience in similar projects. 

Also, when there is a single possible iteration (tapeout), this approach along with the guidance of subject matter 

experts typically yields the desired project outcome. The WATERFALL methodology is thus a single cycle/sprint 

of the AGILE methodology. Shown in Figure E.4 is the V-model indicating the development cycle used during 

the implementation phase of WP2 & WP3. The development cycle begins with capturing the ASIC requirement 

specifications based on the results of WP1 and also the needs of the stakeholders. Having finalized the 

specifications, the ASIC architecture and modelling is carried out in Cadence Virtuoso software. The subsequent 

modules, that is the SDC and the ADC are designed. Having achieved the desired performance at the schematic 

level, floor-planning and layout of the modules is carried out, followed with post-layout simulations. The design 

is then sent for the tapeout after top-level integration and verification. The chips are then tested and validated for 

the desired performance laid out in the ASIC requirements specifications. 
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Fig. E.4 V-model diagram: Digitizer architecture and MFB SD AAF 

 

E.2.1    RISK ANALYSIS & MANAGEMENT 

 

In-order to meet the requirements and the targeted timelines, both AGILE and WATERFALL methodologies were 

used in the project. As indicated in Figure E.2, the risk was lowered for WP1 by having intermediate product 

versions when compared to WP2 & WP3. Weekly internal project meetings were held in-order to align and receive 

constant feedback on the project work. This allowed for quick modification and realignment to the project 

requirements when needed. Also, the engineering quality triangle along with TRIZ-40 principles were used to in-

order to dynamically balance the needs of the project while at the same time allow for innovation with minimal 

risk. The project progress was also carefully planned with the help of gantt chart as shown in Figure E.1. Due to 

the final tapeout being moved from December 2018 to February 2019, this resulted in the delay of chip 

measurements, which was eventually carried out later in November 2019. Furthermore, the final thesis 

documentation which was due to be completed by April 2019, was eventually completed in January 2020. The 

stakeholders were regularly updated about the chip measurements and documentation progress. Shown in Table 

E.1 is the Risk analysis & management summary and the corresponding risk assessment chart in Figure E.5. 
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TABLE E.1 

RISK ANALYSIS AND MANAGEMENT 

Risk ID Risk 
Probability 

(0-1) 

Criticality 

(1-9) 
Mitigation 

a MATLAB simulation is hung 0.5 5 
Tracking runtime with increasing model 

complexity. 

b US AFE GUI crashes 0.2 3 
Debug & run the simulations only on the 

server, if needed. 

c 
AFE models are not adaptable 

for new designs 
0.3 6 

SIMULINK models are designed allowing 

users maximum flexibility. 

d US AFE GUI is complex 0.7 7 

Extensive additional documentation and 

examples are provided indicating its usage for 

different settings. 

e 
Models & US AFE GUI have 

large file sizes 
0.7 8 

Repeated optimization of the AFE models 

while trading off with finer control variables 

of the models. 

f 
SDC power consumption is 

high 
0.8 8 

Careful design of the SDC stage, with the 

right choice of operating regime and 

topology. 

g 
SDC linearity & bandwidth is 

not tunable 
0.5 8 

Careful design of the overall SDC block with 

iterations. 

h 

SDC and ADC combination 

does not meet target 

requirements 

0.8 9 

Careful co-design of the SDC & ADC stages 

together with integration and simulation of 

the combination. 

i 
Post-layout performance is 

lower 
0.7 8 

Careful analysis and modification of the 

layout/design where needed 

j 
Unable to release design on 

time for tapeout 
0.6 8 

Weekly design feedback and alignment with 

stakeholders 

k 
Chip measurements & 

documentation delayed 
0.9 4 

Alignment with the stakeholders and 

replanning of the measurements and 

documentation 

l 
Measured chip performance is 

poor 
0.5 8 

Analysis and redesign of the ASIC based on 

insights gained from measurements 

 

  

 

Fig. E.5 Risk assessment chart  
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  E.3 WORK BREAKDOWN STRUCTURE (WBS) 
 

 

Fig. E.6 PDEng programme (ICT track) work breakdown structure 
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  E.4 PDENG PROJECT STAKEHOLDER ANALYSIS 
 

 

Fig. E.7 PDEng project stakeholders interaction  

 

TABLE E.2 

PDENG PROJECT STAKEHOLDERS DETAILS 

Organization Individual Role 
Communication 

location 

Communication 

Frequency 
Agenda 

TU/e Ashwin Bhat 

Postgraduate 

design 

engineer 

Philips, TU/e 
Weekly, Bi-

weekly 

Project progress 

update/discussions 

TU/e Pieter Harpe 
University 

supervisor 
Philips, TU/e Weekly 

Project progress 

update/discussions 

TU/e Rian van Gaalen 
PDEng co-

ordinator 
TU/e When needed Miscellaneous 

TU/e Peter Smulders 
PDEng 

coach 
TU/e When needed Miscellaneous 

TU/e Bas de Hon 
PDEng 

coach 
TU/e When needed Miscellaneous 

Philips Sotir Ouzounov 
Company 

supervisor 
Philips 

Weekly, Bi-

weekly 

Project progress 

update/discussions 

Philips Jeannet van Rens 
Company 

supervisor 
Philips 

Weekly, Bi-

weekly 

Project progress 

update/discussions 

Philips Man Nguyen 
Company 

supervisor 
Philips Bi-weekly 

Project progress 

update/discussions 

Philips Jean-Luc Robert 
Senior 

Scientist 
Philips Half-yearly 

Project progress 

update 

Philips Bernie Savord 
Principal 

Scientist 
Philips Yearly 

Project progress 

update 
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Fig. E.8 PDEng project stakeholders chart  

 

 

 

 

Fig. E.9 Stakeholders communication plan 
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