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Establishing a direct pathway between the brain and a machine is a promising technique for 

assisting, augmenting, or repairing human cognitive or sensory-motor functions. The core of this 

emerging paradigm is a low power and highly integrated brain–machine interface (BMI) that can 

less invasively sense neural signals above a minimum duration. This work focuses on the design 

of low-power circuits and systems for optimizing the energy efficiency, recording lifetime, size, 

and transmission range of BMI systems.  

This dissertation first provides an overview of BMI systems and then discusses each BMI 

building block in terms of power dissipation, noise, size, and reliability requirements. The neural 

amplifier, typically the first stage of a neural acquisition system, is given particular attention, and, 

with the goal of achieving both low noise and energy efficiency in amplifier design, this work 

presents three new amplifier structures: (1) a cascading structure that helps reduce power 

consumption without sacrificing noise performance by sharing the bias current between two 

channels; (2) a time multiplexing structure that helps reduce the die size and power consumption 

by sharing a single operational transconductance amplifier among multiple input channels; and 

(3) a supply current modulation structure that decreases the amplifier‘s average power 
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consumption using a track and hold function.  

To analyze switching effects in both the time-multiplexed and supply current–modulated 

amplifiers, detailed derivations of their respective transfer functions and noise aliasing 

characteristics are carried out. These derivation procedures are simplified by equating the 

switched amplifier to a switched RC filter model, and the results show that both schemes cause 

noise from higher frequency bands to alias down to the base band. The overall noise efficiency 

factor, however, remains unchanged because of the power saving benefits of the two 

architectures. 

This dissertation also presents two new neural recording systems. The first is a battery 

powered, four-channel device with an analog front end, a digital signal processor, and a wireless 

transceiver. The second system is a single channel neural recording tag that can be powered 

through a battery or wirelessly from an external resource.  



14 

CHAPTER 1 

1 INTRODUCTION 

1.1 Background 

Neuroscientists study neuronal information by monitoring electrical signals produced by 

neurons in the brain of behavior animals in order to restore neurological function or treat disease. 

The information being studied is acquired by recording the extracellular pulses. Those researches 

exhibit great potential with applications range from neuromuscular disorders, spinal injuries, to 

treating epilepsy. For instance, the neural prosthesis can extract information by neural recordings 

with the goal of creating predictive models for the subject's intent of motor movement to directly 

control a robotic device. However, much of the brain function is still unknown and there calls for 

longer neural recording lifetime and the capability of recoding from multi-neural sites 

simultaneously. Besides, there also demands a better recording environment that causes less 

irritation or infection and more freedom for the behaving animal being studied.  

One of the most widely recorded neural signals is the extracellular bio-potential generated 

electrochemically from individual neurons. The change in the extracellular single-unit potential 

exhibits a shape of a spike or action potential with peak-to-peak amplitude of 50 µV-500 µV [1] 

and frequency ranges from 100 Hz to 6 KHz [2] depending on how far the electrode is from the 

neuron and what part of the neuron is closest to the electrode. An illustration drawing is shown in 

Figure 1-1 (A) and (B) which give the labeled drawing of the neuron and the spike amplitude that 

attenuates as propagates from the soma (cell body) along the axon [3], respectively.  

A single recording site may record from as many as four to six neurons but there will be many 

more distant neurons whose signals become part of the noise on the signal [4]. The typical noise 

floor is around 10µVrms-20µVrms [5]. Noticing that the neural action potential is the same level 

of the background noise, the total input referred noise of the entire neural recoding systems is 
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always the primary design consideration. In addition, as the brain moves, the distance between the 

electrode and the neurons may also change so the spike shape (amplitude and width) may change 

over time. To make matter worse, unavoidable electrochemical effects at the electrode-tissue 

interface introduce the DC offsets up to 1-2 V across the recording sites [6]. Thus, those DC offset 

must be removed during the neural signal acquisition lest the useful action potential is 

overwhelmed or the neural recoding system may be saturated by the large DC offset. 

A B 

Figure 1-1. The extracellular potential demonstration. A) Sketch of a neuron with the parts labeled, 

B) waveforms recorded from the soma (cell body) along the axon [3].  

1.2 Brain Machine Interface 

The enabling devices for neural recording require a highly reliable brain to machine 

interface (BMI) being capable of recording neural activities at the cellular level for enough 

period of time [7]. As shown in Figure 1-2, the BMIs serve as a bridging technique connecting 

the neurons to external machines. The study of BMIs is currently an interdisciplinary of 

biological science by collaborating with other fields such as chemistry, electrical engineering, 

psychology [8].  

BMIs can be implemented by using various recording modalities, such as EEG 

http://en.wikipedia.org/wiki/Interdisciplinary
http://en.wikipedia.org/wiki/Science
http://en.wikipedia.org/wiki/Chemistry
http://en.wikipedia.org/wiki/Computer_science
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(Electroencephalograph) over the scalp, ECoG (electrocorticography) that uses the subdural 

electrodes and Single Unit Activities (SUA) that uses the penetrating microwire arrays. A brief 

comparison among those three modalities is shown in Figure 1-3. The least invasive method is the 

EEG but the signal to noise ratio (SNR) is the lowest, while the SUA being the most invasive way 

but the signal recorded has a high SNR, better resolution and accuracy. This dissertation targets 

animal studies by using the microelectrode due to its localized, high spectral range and high SNR 

action potential recordings. 

 

Figure 1-2. Brain machine interface illustration. 

The BMI systems that target for clinical diagnostic and therapeutic applications require high 

reliability and safety [9]. Recently, BMI devices call for high integration and wireless 

transmission to minimize the risk caused by infection and to increase the mobility of animal under 

test. The development of BMI devices is confronted with technical and physical constraints such 

as size, power dissipation, heat sinking, recording lifetime and telemetry bandwidth. Therefore 

the implantable electronics for this application must be small in scale and hence highly integrated; 
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very low power and energy efficient to minimize the heat damage; low noise to condition the weak 

neural signals; and capable of wirelessly transmitting the neural information. 

 

Figure 1-3. Comparison among three neural recording modalities. 

The BMI systems consist of both on-chip and off-chip components, as an example block 

diagram shown in Figure 1-2. The front end component is typically the electrodes, which is the 

interface between the biological recording site and the electrical components on chip [10]. Another 

possible off-chip compenent is the battery which provides the power of the entire BMI system. The 

wireless powered system may not include a battery so the restriction on the implant size or the 

implant lifetime is alleviated, but it suffers the limited power budget and transmission range. The 

on-chip part typically (may not necessarily) consists of the functions including amplification, 

analog to digital conversion, DSP, and wireless transmission. The back end of the BMI system may 

be the tethered wire, a coil or an antenna, which are used to communate with the external device by 

a certain transmission scheme. 

1.3 Recent Progress towards the Low Power BMI Systems 

The BMI systems have gone through many trials and improvements over years. Researchers 

are trying to find ways to acquire the neural signal with higher quality and longer period but being 

less invasive. There are majorly three building blocks make large performance difference among 

recent designs: the system powering block, the neural signal amplifier and the transmitter (TX) 

chain.  

No                         Yes

EEG SUAECoG

Scalp Cortex

SNR

Spectral Range

Spatial Coverage
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Slow Rhythms    Broadband        Action Potentials

Low                                                High
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The system powering strategy determines the recording lifetime, the system robustly and the 

communication range. Systems utilizing a small battery [11] [12] [13] [14] successfully eliminate 

the hardwire connection for powering but has limited recording lifetime and requires replacement 

after operates for a while. For permanently powering the device without using a battery, the BMI 

systems can utilize a low frequency and close proximity inductive link for the power delivery [6] 

[15] [16]. Nevertheless, this kind of powering method requires a coil, and the powering range is 

limited within several tens of centimeters [17] [18] [19]. Noticing that the wireless data link is 

capable of transmitting the signals for meters easily, the inductive link for powering acts as a 

bottleneck which may cause inconvenience for both external reader and the animals under test. 

An improved method includes a rechargeable battery that can be powered through a short range 

and send/receive the signal at a much larger distance [16]. But this type of batteries, such as 

nickel metal hydride, lithium iron usually has relative small energy density and call for extra 

control of the voltage levels. More recently, the attempt of constructing a single channel system 

with only low power elements (AMP, ADC, TX & RX) exhibits great efficiency improvement 

which makes the far field wireless powering and communication feasible [20] [21]. The far field 

wireless link increases the animal mobility and reduces the size of the final prototype by using the 

single antenna approach. However, far field powering with a relatively small energy provision 

suffers the limited amount of power deliverable to the system and also limits the number of 

channels. 

The proposed system described in Chapter 5 has a total power consumption of 190μW while 

fully functioning, so the entire device can be continuously powered through a high density 

battery for months, such as zinc air, silver oxide, which are as much as necessary for the bench 

top neural studies. Another proposed system described in Chapter 6 has a total power 
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consumption of 20μW. Thus this system can be powered through the far field wireless link, 

which shows great improvement for the recording lifetime and the measurement setup. This 

system also has the option of local powering through a battery which allows for larger 

communication range. 

Another critical building block in modern BMI systems is the neural signal amplifier which 

determines the BMI system parameters including the input sensitivity, the area and the overall 

system power budget. First, there lies in a tradeoff between the current consumption and the input 

referred thermal noise of the neural amplifier. In order to achieve better noise performance for a 

given power budget, a folded cascade OTA structure utilized in [22] allocates larger bias current 

for the input differential pair to maximize the transconductance and help reduce the noise 

contribution from the transistors other than the input different pair. Second, noticing the 

bandwidth of the neural signal is within around 10 kHz, the flicker noise contributes a large 

portion of the entire noise power. So, a chopper technique based amplifier in [23] removes the 

flicker noise from baseband and realizes a much lower flicker noise corner frequency. Third, the 

neural amplifier should also be able to eliminate the effects of DC potential shifting at the 

tissue-electrode interface and the local field potential that accompanies the useful neural spikes 

[24]. The architecture described in [6] utilizes the diode connected pseudo resistor in the 

feedback loop to form a high pass corner frequency and set the DC operating point. The design 

in [25] uses the chopper-stabilization topology that achieves high input-impedance and rejects 

the large electrode-offsets. The design in [26] exhibits well-controlled frequency corners, which 

is set by the capacitor ratios and the SC clocks, simplifying its usage and making it more robust 

and predictable in practical experimental settings. The design in [27] has tunable gain and 

bandwidth by changing the tail current. Fourth, since the maximum allowable input referred noise 
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sets the lower limit of the current consumption of the front end amplifier, and also the thermal 

noise floor is determined by the neural signal levels (typically 100µV), the power consumption of 

the neural amplifier occupies large portion of the entire system power budget. In order to save 

power but without sacrificing the noise performance. The design in [28] can adaptively turn 

on/off the amplifiers in order to save power while any of the channels is un-used. During turn on 

transient, the amplifier consumes large instantaneous power and the speed is boosted up. The 

design described in [29] combines the dc-coupled inputs with an architecture that uses the 

mixed-signal feedback for filtering and offset suppression to achieve a compact area while 

requiring only a 0.5V supply. 

Since the stringent noise requirement forces the hard limit on the amplifier current 

consumption and also the power consumption is almost proportional to the channel counts, the 

effort on optimizing the tradeoff between noise and power never ends. On the other hand, the 

entire BMI device has limited power and area available due to the diminutive recording space, the 

amplifier power consumption will affect the entire BMI performance by setting the higher limit on 

the number of channel counts, the range of communication, or the lifetime of neural recording. The 

proposed amplifier described in section 3-1 focuses on the structural improvement. Two 

independent channels share the bias current so the averaged power consumption is reduced but 

without sacrificing the noise performance. The proposed amplifier in section 3-2 uses a 

time-multiplexing scheme to share one single OTA among channels, thus the averaged area and 

the current consumption is much reduced. Noticing the neural amplifier is utilized as the pre-stage 

of an ADC with the sample and hold function. The proposed amplifier described in section 3-3 

uses a supply current modulation scheme to allocate large current consumption during track phase 

for large instantaneous bandwidth and slew rate for charging the holding capacitor, while during 
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hold phase the amplifier is shut down with minimal current consumption. Thus the proposed 

amplifier achieves larger effective bandwidth and slew rate compared to the conventional 

amplifier with the same power consumption.   

The transmitter (TX) block influences the BMI performance by affecting the system power 

consumption and the wireless communication range. There are two widely used TX structures in 

modern BMI systems, the active transmitter and the backscattered transmitter. Active transmitting 

is a straightforward method of conveying the neural signal wirelessly to the external reader. The 

transmission range by this approach is high enough but may consume very high power in order to 

generate the highest RF signal on-chip. In the reported systems [17] and [16] that use the active 

transmitting method, their active transmitters consume nearly half of the total power budget of the 

entire system. A more energy efficient data link is realized by utilizing the backscattered 

transmitter. This type of transmission has much lower power consumption by shifting the burden 

of generating the highest frequency to the external device. The systems [21] [20] [11] that utilizing 

the backscattered transmitter achieve a total power consumption below 1mW. However, the range 

of transmission is limited since the received signal at the reader side suffers both up-link and 

down-link power loss.  

The two proposed systems described in Chapter 5 and Chapter 6 are both using the 

backscattered transmitter. Thus those two systems achieve very low power consumption among 

the state of the art. The system in Chapter 6 also uses a matching network for impedance matching 

between the antenna and the backend of the BMI system for higher input sensitivity. The 

transmission range of both systems was measured to be at least one meter which is enough for 

laboratory research.  

1.4 Dissertation Organization 

In this dissertation, we begin in Chapter 2 by giving a system level overview of the neural 
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recording systems, with challenges and techniques being addressed specifically in three major 

building blocks: the powering and biasing block, the signal conditioning block, and the 

transceiver block.  

Chapter 3 focuses on the discussion of energy efficient neural amplifiers. It first introduces 

the conventional techniques used in neural amplifiers. Then three new amplifier architectures are 

presented with design considerations and measurement results. The first one is the cascaded 

amplifier that reuses the supply current between two channels. The second one is the time 

multiplexed amplifier that shares the operational transconductance amplifier (OTA) among 

multiple inputs. The third one is the supply current modulated amplifier that reduces the average 

current consumption by track and hold function. The performance of those amplifiers including 

the noise, bandwidth, gain, power consumption, and the size is presented and the tradeoffs 

among them are investigated.  

Chapter 4 describes the derivation procedure of solving the transfer function and the noise 

aliasing in track-and-hold amplifiers. It begins with simplifying the track-and-hold amplifier to a 

simplified model of track-and-hold RC filter. Then the transfer function and the noise aliasing of 

the track-and-hold RC filter are solved in frequency domain. The result is then applied to the 

track-and-hold amplifier to find the switching effects in both time multiplexed and supply 

current modulated amplifiers.  

Chapter 5 and Chapter 6 present two neural recording systems: (1) a battery powered 

four-channel neural recording system with a total power consumption of 190μW and is capable 

of wireless transmission by backscattered modulator; (2) an extremely low power neural 

recording tag based on RFID protocol, which can be powered by either a battery or a wireless 

source. The total power consumption is around 20μW while fully functioning. The performance 
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of those two systems at the system level is given by measuring the parameters including total 

power consumption, size, data rate, etc. The overall functionalities of both systems are checked 

by comparing the pre-recorded neural signal being fed into the front end and the wireless 

reconstructed signal at the external backend. 

Chapter 7 first gives a brief conclusion of this dissertation, and then discusses the 

contribution of this work towards improving the performance of BMI systems regarding several 

specific designing challenges.   
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CHAPTER 2 

2 SYSTEM OVERVIEW OF LOW POWER BRAIN MACHINE INTERFACES 

Over the past few years, various neural recording systems have been reported with advances 

in modern integrated circuits. An example system functional diagram for BMI systems is shown 

in Figure 2-1. The diagram entails three major blocks: (1) the powering and biasing block that 

provides the supply and reference for the entire chip. This block may incorporate the reference 

generator for biasing of the analog circuits, the regulator for stabilizing the supply, and the 

oscillator for the system clocking; (2) the signal conditioning block that deals with the weak neural 

signal and incorporates the functions including amplification, filtering, analog to digital 

conversion and DSP; (3) the transceiver block that communicates with the external devices. The 

example system diagram shown in Figure 2-1 is capable of both transmitting the neural signal 

information and receiving the external command.  

 

Figure 2-1. An example block diagram of the neural recoding system.  

2.1 Powering and Biasing Block 

As reported by most of the neural recording systems up to date, the BMI systems can be 
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powered by various methods including tethered wires, batteries, and wireless link. Each has its 

own pros and cons regarding several design tradeoffs.  

2.1.1 Direct Tethered Powering 

Direct Tethered Powering is the easiest way by using the direct wired connection for 

powering the system. It is flexible and allows for user control of turning on/off/up/down the 

supply voltage. However, it suffers the risks of skin irritations and the possibility of infections. 

Furthermore, the use of wired connections and bulky external prosthetic devices can create many 

inconveniences to neuroscientists in animal behavioral studies during electrophysiology 

experimentation. On the other side, the animals under test might provide abnormal information if 

they are aware of the existence of the attachment to their body. So, powering from direct wired 

connection is not often used in modern BMI designs. 

2.1.2 Battery Powering 

A B 

Figure 2-2. Example of small batteries. A) Coin batteries, B) battery holders. 

The second method incorporates a small battery for supply instead of direct connection, 

which successfully avoids the side-effects caused by direct tethering. But the battery has limited 

capacity and lifetime, which needs replacement after operating for a certain period of time. 

However battery with larger capacity corresponds to larger size, which increases the difficulty 

for surgery or implantation. For instance, the systems that use a battery as power source [14] [12] 
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[27] [30] have total power consumption limited within several milliwatts. Figure 2-2 (A) and (B) 

give an example picture of both coin batteries and the battery holders, respectively.  

2.1.3 Wireless Powering 

Compared to the battery powered system, the wireless powered device can facilitate the 

experimentations while minimizing the possibility of infections and the hardware damage. 

However, wireless powering has limitation on the maximum power deliverable to the device for 

a fixed distance, which gives large constraints on the power consumption of the BMI system. 

Therefore, the combination of rechargeable battery and wireless link shows its own merits. It 

entails an inductor or antenna for energy coupling and a battery for power storage. By using a 

rechargeable battery and refreshing through the wireless connection, the recording duration of 

the neural signal is theoretically unlimited. Furthermore, a system that can be powered by either 

a battery or the wireless link has the option of choosing either the longer time of operation or the 

larger range of transmission, at the expenses of system complexity and more area required for 

both battery and antenna. 

There are two widely utilized wireless links in BMI systems: near field inductive coupling 

and far field electromagnetic coupling. If the antenna size is compatible to the wavelength 

(UHF/Microwave RFID), the boundary between near field and far field is given as r = 2D
2
/𝜆 where 

D is the maximum of antenna size and 𝜆 is the wavelength of the carrier [31, 32]. However, for 

electrically small antennas (LF/HF RFID and Biomedical applications), the boundary between 

near field and far field is defined as 𝜆/2π. The near-field frequency is usually from one hundred 

kHz to ten MHz. Near-field coupling experiences less absorption in human body tissue than the 

far-field coupling. As a result, the near-field coupling is widely used in wireless implant. The 

far-field coupling is utilized in ultra-high frequencies (UHF) and microwave frequencies, such as 
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ISM 900 MHz and 2.4 GHz bands. Figure 2-3 shows an example functional block diagram for both 

two kinds of wireless links. The DC limiter is used for protection of the internal circuit from 

over-voltage, and the matching network works for maximizing the power delivery to internal 

VSUPPLY. The designs in [18] [17] [33] [28] are using the inductive powering method which greatly 

increases the implantation lifetime. While the designs in [21] and [20] are using the far field 

wireless powering method and their entire system power consumptions are limited to 9µW and 

20µW, respectively. 

A 

B 

Figure 2-3. Wireless coupling comparison. A) Near field inductive coupling, B) far field coupling. 

2.2 Signal Conditioning Block 

2.2.1 Challenges and Motivation 

One of the most important parts in the brain machine interface is the front end amplifier that 

senses the weak neural signals with magnitude range from 50μV to 500μV. Besides the useful 

but weak neural signal, there also exhibits a background noise of around 10μVrms- 20μVrms at 

the cellular level, thus the input referred noise of the pre-amplifier is always the primary design 
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consideration. Moreover, the local field potential as large as 5mV and the drift of DC potential as 

large as 1~2V at the electrode-tissue interface must be removed from amplification to avoid 

saturation. 

Another design consideration lies in the interface between the electrodes and the input of 

the neural amplifier. The impedance of the electrodes ranges from 10 kΩ to 1 MΩ at 1 kHz as 

reported by recent published designs [34] [35] [36] [37] [38] [39]. The input impedance of the 

amplifier must be higher than the electrodes to avoid the neural signal attenuation by the 

electrodes. On the other hand, the amplifier should have the input current noise low enough so 

that the electrodes will not contribute too much noise to the amplifier output.  

On the system level, the neural signal is required to be digitized at the front end for further 

processing and transmitting; therefore an ADC is usually incorporated. In order for a better SNR 

and accuracy during digitization, the neural signal is pre-amplified to the level that matches the 

conversion range of ADC. Another common concern lies in the fact that the input level of an 

ADC should not vary too much during each conversion. Typically, the input may not change by 

more than 1 LSB during conversion lest the process be corrupted - this either sets a relative low 

frequency limits on such ADCs, or requires a track and hold mechanism to hold the input during 

each conversion. Therefore, utilizing a track and hold amplifier, or T/H_Amp as the first stage in 

the BMI system can meet both two requirements. The performance of T/H_Amp is critical to the 

overall dynamic performance of the analog front end (AFE), and plays a major role in determining 

the SFDR, SNR, etc. of the system [40]. 

The typical structure of a track and hold amplifier is shown in Figure 2-4 (a), which is 

commonly used as the pre-stage of a sample and hold ADC. However, there are some designing 

issues with the track and hold amplifier. First, the switches used for T/H can be made by CMOS, 
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FET, or Diode Bridge, but there are several common problems for them: the feedthrough which 

means the input signal still passing through the switch during hold state; the noise generated by the 

switch signal and coupled to the output; the leakage in the holding capacitor that changes the 

output voltage during holding state. Those errors are inevitable but can be largely attenuated by 

increasing the value of the holding capacitance. However, a large holding capacitor (CH) requires 

sufficient bandwidth (small signal) or slew rate (large signal) of the amplifier to charge the CH 

within a certain error during the track time. Therefore, either the shorter duty cycle (track time) or 

larger capacitance results in a higher requirement on both BW and slew rate of the amplifier. The 

BW and the slew rate also affect the propagation delay, the acquisition delay, and the distortion. 

This type of error cannot be eliminated but can be improved by increasing the BW of the amplifier. 

Overall, there lies in the tradeoff among the power consumption, the value of CH, and the speed of 

the amplifier. 

A 

B 

Figure 2-4. Simplified diagram of the T/H amplifier. A) Conventional T/H amplifier, B) supply 

current modulated T/H amplifier. 

This work presents an idea that during the track time, the amplifier consumes full power and 
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achieves large instantaneous speed to sense and transfer the input signal onto the holding capacitor, 

while during hold time the amplifier consumes negligible current to save power. As shown in 

Figure 2-4 (b), the signals that control the supply current and the T/H switch are synchronized, 

therefore the average current consumption is reduced by a factor of T/H duty cycle D. This method 

theoretically shows larger charging ability for the holding capacitor for a given current 

consumption and thus allows for using a larger holding capacitor to help attenuate those errors 

described in hold time.  

For the example amplifier described in [6], during track time when the T/H switch is closed 

and the active amplifier consumes full of the bias current, the instant slew rate and bandwidth is 

shown as below:  
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Conventional track and hold amplifier at the same average current consumption IAVE has the 

SR=IAVE/ (2CH) and BWINSTANT= к·IAVE/ (4A·UT·CH). Thus the instant slew rate and bandwidth of 

the current modulated amplifier are both increased by a factor of (1/D). Those benefits are 

achieved by instantaneously turning on the bias current to charge the holding capacitor during 

track time, and shut down the current consumption during hold time to save power. Thus, if the 

bias consumption is kept the same as for both current modulated amplifier and the conventional 

amplifier, the supply current modulated amplifier allows for choosing larger holding capacitor but 

results the same bandwidth and slew rate, which helps reduce the error in holding state such as the 

leakage, feedthrough, and switching noise.  

As for a digital acquisition system with multiple channels, several inputs are digitized and 

processed in parallel and finally converted into a serial data stream. In general, increased channel 
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counts results in larger power and area consumption as well as higher data rates which poses many 

difficult challenges. The synchronizing technique described above gives a channel sharing idea to 

reduce both the area and the power consumption. As shown in Figure 2-5, four channels have the 

pre-amplifier stages with the supply current modulation scheme, and the bias current for them are 

shared. Since the T/H clock and the supply current modulation clock are synchronized, the inputs 

of four channels are amplified sequentially. Thus the amplification stage can be serially processed 

by the succeeding ADC stage.  

 

Figure 2-5. Supply current modulation in multiplexed track and hold system. 

2.2.2 Noise Considerations of Neural Amplifier 

There are majorly two types of noise need to be considered in amplifier design. The first 

one is the flicker noise, which has a power spectral density inverse proportional to the frequency. 

Thus the flicker noise is the dominant noise contributor at a lower frequency. The second one is 

the thermal noise, which has a flat band power spectral density and can be reshaped by the 
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bandwidth of the amplifier. As to the design perspective, the input referred thermal noise is 

determined by the current consumption and the structure of the amplifier.  

In order to evaluate the energy efficiency of the amplifier regarding the noise, power, and 

bandwidth, it is important to consider noise efficiency factor first defined in [41], 
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Here, the Itotal refers to the total or effective current consumption of the amplifier, Vni_rms is 

the input referred noise by root mean square, UT refers to the thermal voltage, Tmp is the 

absolute temperature in Kelvin, and k is the Boltzmann‘s constant. The amplifier with lower NEF 

shows better noise performance for a given current consumption. The difference of NEF among 

designs is determined by the structure of amplifier, sizes of transistors, the bias current allocation, 

etc.  

2.2.3 Comparison among Modern Neural Amplifiers 

There are majorly three types of amplifier structure widely utilized in modern neural 

recording amplifiers. The first type is shown in Figure 2-6 (A) which uses the capacitive 

coupling for amplification. This architecture removes the DC potential at the cellular level. In the 

feedback path, the resistor and the capacitor form a zero that has high pass function and helps 

attenuate the LFP accompanying the useful neural signal [6]. The second structure is shown in 

Figure 2-6 (B) which is similar to Figure 2-6 (A) but uses a fully differential structure so as to 

achieve a better common mode noise rejection. The third type is shown in Figure 2-6 (C) which 

uses a chopper stabilized technique that shifts the low frequency flicker noise to higher band and 

can be filtered out by following stages.  

There are several types of operational transconductance amplifier (OTA) utilized in the 

neural amplifier. Here two most widely used structures are introduced, as shown in Figure 2-7. 
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The first one is the current mirror structure as shown in Figure 2-7 (A). The input differential pair 

transistors use a large W/L ratio to maximize its transconductance, so that the noise from other 

transistors contributes negligible to the total input referred noise. The output stage is cascaded in 

order for the higher output impedance. The second type is a folded cascade structure as shown in 

Figure 2-7 (B). By proper sizing, larger portion of current is flown through the input different 

pair for a higher transconductance and thus achieves better noise performance at a given power 

budget [22].  

A B 

C 

Figure 2-6. Neural amplifier structures. A) Conventional differential to single ended amplifier, B) 

fully differential amplifier and C) chopper stabilized amplifier. 

However, the ratio of the bias current in the input differential pair over the bias current in 
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the output current mirror pair cannot be set too high. Regarding the process variation which 

causes the mismatch between the top bias current and the bottom bias current, the bottom bias 

current IBIASN may be less than the half of the top bias current IBIASP which will result in no 

current flowing through the output current mirror transistors. Therefore, the folded-cascode 

structure shows better NEF performance at the expenses of higher vulnerability to the process 

variations.   

A 

B  

Figure 2-7. Schematic of the operational transconductance amplifier. A) Current mirror OTA, B) 

folded cascade OTA.  



35 

Modern neural amplifiers address the design changes by utilizing various novel techniques. 

The architecture described in [6] utilizes the diode connected pseudo resistor in the feedback 

loop to form a high pass corner frequency and set the DC operating point. It also uses a current 

mirror structure for operational transconductance amplifier (OTA) and achieves a NEF of 4. In 

order for a better energy efficiency, a folded cascade structure of OTA is adopt in [22], which 

allocates larger bias current at the input differential pair to maximize its transconductance and 

therefore achieves better noise performance. Noticing the neural signal has the bandwidth up to 

aournd10 kHz, the flicker noise has a large portion of entire noise power. So, a chopper 

technique based amplifier in [23] removes the flicker noise from baseband and realized a much 

lower noise corner frequency. An improved folded-cascade architecture described in [42] uses 

the recycling scheme and reports an NEF of 5.1. The design in [25] uses the 

chopper-stabilization topology that achieves a high input-impedance and rejects large 

electrode-offsets. The design in [43] uses a folded cascade structure to improve the noise power 

tradeoff. The low-noise OTA with both current scaling and current splitting techniques 

successfully avoids the transconductance reduction in folded structure. The design in [44] employs 

a capacitive-coupled chopper topology to achieve a rail-to-rail input common-mode range as well 

as high power efficiency. A positive feedback loop is also employed in that design to boost its 

input impedance, while a ripple reduction loop suppresses the chopping ripple. To facilitate 

bio-potential sensing, an optional DC servo loop is employed to suppress the electrode offset. The 

design in [45] uses a fully integrated HPF with sub-fF capacitive tuning to maximize the CMRR 

and a bootstrap structure that realizes large input impedance. The design in [46] significantly 

improves the performance of any existing neural amplifier in terms of NEF by implementing a 

novel architecture based on partial sharing of the OTA structure among consecutive recording 
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channels. An NEF of 3.35 is achieved for an array of four amplifiers. Moreover, a 37.5% 

improvement in power consumption and a reduction of the occupied silicon area are also achieved 

in that proposed architecture.  

This dissertation introduces two new structures of track and hold amplifier, in which the 

current consumption of the amplifier is synchronized to the track and hold clock. During the 

track period, the amplifier turns on and draws current from the supply, while the input signal is 

amplified and transferred onto the holding capacitor. During the holding period, the amplifier 

freezes and the current supply is cut off, while the previous amplified signal is kept constant on 

the holding capacitor.  

 Therefore, during the holding period, the entire amplifier is in off state and can be viewed 

as a high impedance path from the input to the holding capacitor, which provides a better 

isolation and less feedthrough. On the other hand, the amplifier only consumes current during the 

tracking period, therefore for a given power budget, the bias current of the amplifier is boosted 

up during tracking period, which results in larger instantaneously slew rate and BW. So the 

amplifier acquires a better charging ability to the holding capacitor, which allows for using a 

larger holding capacitor to achieve less pedestal error and switching noise compared to the 

conventional amplifier for the same power budget. 

To test this idea, we built two types of T/H_Amp by using the UMC 130nm technology, the 

supply current modulated amplifier and the four channel time multiplexed amplifier. Their 

measurements result shows the performance at various duty cycles and T/H frequencies as 

described in Chapter 3.  

2.3 Transceiver Block 

For a long-term implantable neural recording system, the wireless telemetry is an essential 

building block. It helps reduce the risk of infection or skin irritation, increase the mobility of the 
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behaving animal under test, and extend the duration of the recording lifetime. However, there 

exist several challenges for the wireless link. First, the transmitted signal often requires sufficient 

data-rates to convey the information from the electrode-tissue interface with enough resolution. 

Second, the power consumption of the transmitter and the receiver is added to the entire system 

power budget. The recent designs of the transceiver exhibit a significant portion of entire system 

power consumption. Thus the design in [47] uses an efficient approach which makes the 

transceiver link optimized as an asymmetric link where the minimal power is draw from the 

recording side but the complexity and high power is applied to the external side. In this section, 

we will show several wireless communication strategies and present their pros and cons. In 

general, there shows increasing demands on low-power, high data-rate, and transcutaneous for 

wireless telemetry interfaces. In the remaining of this section, two types of transmitter are 

described: the active transmitter and the backscattered transmitter. Also introduced is the 

receiver block and its modulation scheme. 

2.3.1 Active Transmitter 

Active transmitting is a straightforward method of conveying the neural signal wirelessly to 

the external reader. It utilizes a high frequency oscillator on-chip and up converts the digitized data 

onto the RF band and deliver the neural signal out of the chip. The transmission range by this 

approach is much higher than the backscattering method since the uplink signal only encounters 

one way loss. However, active transmitter consumes very high power in order to generate the 

highest RF signal on-chip. In the reported systems [17] and [16] that use active transmitter, their 

active transmitters consume nearly half of the total power consumption of the entire system.  

2.3.2 Backscattered Transmitter 

Compared to the active transmitter, the backscattered transmitter shows better energy 

efficiency. It transmits the signal by toggling the matching states between the antenna and the tag 
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so that the reader can demodulate the reflected power and extract the useful data. This method has 

much lower power consumption by shifting the burden of generating the highest frequency to the 

external device, while the transponder is only required to generate a reference clock to create a side 

band at the RF carrier.  

However, the communication range of the backscattered transmitter is much lower than the 

active transmitter since the received signal at reader side suffers both up-link and down-link power 

loss. The backscatter transmitters reported in the systems [21] [20] [11] contribute negligible 

power to the entire system power budget. 

2.3.3 Receiver 

There are kinds of settings in neural recording systems that may require external control by 

user, for instance, the gain and the bandwidth of amplifier, the sampling rate of the data 

conversion, channel selection, and so forth. It is necessary to set up a wireless data link from the 

external reader to the recording transponder. For example, the system in [17] can adaptively 

choose one of the 100 amplifiers to sense the neural signal by external control through the 

receiver chain.  

The receiver may probably entail the functions including rectifier, buffer, clock & data 

recovery (CDR), decoder, and some registers for the storage of the transmitted data. The data 

being captured by the receiver chain has various patterns that form a packet. The header is often 

included in the data packet to mark the boundary of the serial data. To make sure the recovered 

data is correct before upgrading the system settings, the Cyclic Redundancy Check (CRC) can be 

appended to the system controlling data to verify the validity of the received signal [16].  

In a full duplex operation system, there must be sufficient attenuation of the TX noise being 

coupled into the receiver chain. To distinguish the TX noise and the useful RX signal, one way is 

to locate them at different bands so that they can be filtered out separately [13] [33]. 
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2.3.4 Modulation Scheme 

There are lots of modulation schemes used in the wireless communication realm, however 

only a portion of them are suitable for the low power neural recording application. The different 

modulation schemes are shown in Figure 2-8.  

 

Figure 2-8. Comparison among different modulation modalities. 

The most widely used modulation schemes are the ASK and OOK which change the 

amplitude of the carrier. The example designs in [18] [33] [28] are using the OOK for the receiver 

data link. It is popular due to its simplicity and energy efficiency. Other methods such as FSK by 

switching the frequency and the PSK by switching the phase of the carrier is not as popular as ASK 

scheme since they require more complicated demodulator and thus more power consumption 

especially in a passive transponder. However, the FSK and PSK are able to provide continuous 

power to the device compared to the ASK if the carrier is also used for powering. For example, the 
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design in [17] that utilizes the FSK modulation for the data link takes the advantage of continuous 

delivery of the wireless energy, while the designs in [14] [12] are using the FSK modulation 

scheme for the battery powered system.  

Table 2-1. Comparison among modern neural acquisition systems 

Author 
Wise 

[18] 

Harrison 

[17] 

Judy 

[14] 

Najafi  

[12] 

Najafi  

[33] 

Year 2008 2007 2006 2005 2004 

No. of Channel 64 100 6 7 64 

Power Source Inductive Inductive Battery Battery Inductive 

Forward Data 

Telemetry 
FSK ASK - - ASK 

Carrier Frequency 4MHz/8MHz 2.64MHz - - 5.12MHz 

Receiver Data 

Telemetry 
OOK FSK FSK FSK OOK 

Carrier Frequency 70-200MHz 433MHz 916MHz 94-98MHz 88-108MHz 

Front End Gain 60dB 60dB 46dB 43.7dB 40dB 

Low Cutoff (Hz) 10-100Hz 300 a few Hz a few Hz 10 

High Cutoff (Hz) 9.1K 5k 1k 5k 10k 

Power Consumption 14.4mW 13.5mW 66mW 2.05mW 12.7mW 

 

Table 2-1. Continued 

Author 
Mohseni  

[27] 

Ghovanloo 

[28] 

Liu 

[30] 

Otis  

[11] 

Otis 

[21] 

Year 2011 2010 2009 2009 2010 

No. of Channel 8 32 128 1 1 

Power Source Battery inductive Battery Battery Far Field 

Forward Data 

Telemetry 
FSK FSK UWB FSK UID 

Carrier Frequency 433MHz 433MHz 4GHz 300-450MHz 900MHz 

Receiver Data 

Telemetry 
- OOK - - PIE 

Carrier Frequency - 915MHz - - 900MHz 

Front End Gain 51-66 67.8/78dB 60dB 38.3dB 38.5dB 

Low Cutoff (Hz) 1.1-525 0.1-1000 0.1-200 0.023 0.2 

High Cutoff (Hz) 5.1-12 8k 2k-20k 11.5k 230 

Power Consumption 375uW 5.85mW 6mW 0.5mW 9.2 µW 

 

Another modulation scheme also used in BMI system is the PWM method which encodes the 

data by different duty cycles of the modulation signal. This type of non-coherent demodulation 



41 

scheme can further lower the power consumption at the transponder side by incorporating the 

clock information into the carrier. Instead of changing the pulse width like PWM, the PPM by 

switching the position of a short pulse provides a better continuous power delivery for a passive 

transponder.  

To compare the performance at the system level, Table 2-1 lists some important specifications 

among the state of the art. In this work, we present two neural recording systems that both use the 

ASK modulation in the receiver chain and their detailed performance will be described in 

Chapter 5 and Chapter 6, respectively.  
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CHAPTER 3 

3 ENERGY EFFICIENT AMPLIFIERS 

This chapter focuses on the design of low noise energy efficient neural amplifiers. Three new 

amplifier topologies are described; each is described in detail in a section. Those three amplifiers 

are characterized with parameters including gain, bandwidth, total harmonic distortion, power 

consumption, input referred noise, CMRR, PSRR, crosstalk, and the noise efficiency factor. 

Before introducing the new amplifier structures, the test setup for the amplifiers is shown in Figure 

3-1 and the measurement procedure is described as below. 

  

Figure 3-1. Measurement setup for amplifier. 

The gain and bandwidth is tested by the Dynamic Signal Analyzer (DSA) as shown in Figure 

3-1 by closed switches S1, S3 and opened switches S2, S4. Then use the source terminal of the 

DSA to feed the pseudo-random noise to the input of the amplifier. Because the neural amplifier 

is easy to be saturated even at several mV, the attenuator with 40dB is inserted between the 

dynamic signal analyzer and the input of the amplifier. The dynamic signal analyzer has the 

division math-function, so the bandwidth and gain is acquired by dividing the output spectrum 

with the input source spectrum.  

The Total Harmonic Distortion (THD) and crosstalk are also tested by the DSA as shown in 

Figure 3-1 by closed switches S1, S3 and opened switches S2, S4. By feeding a sinusoid signal of 
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1 kHz (or the pass band signal) into the amplifier, the output spectrum will show the amplitude at 

all its harmonic frequencies. By summing up the power of all the harmonics at the output and 

dividing the summed power by the input power, the result is the total harmonic distortion at 1 

kHz. The cross talk is measured in a similar way but by recording the output spectrum due to the 

input of a nearby channel. The cross talk result is acquired by dividing the cross gain between 

channels with the nominated differential gain.  

The input referred noise is measured by the DSA as shown in Figure 3-1 by closed switches 

S1, S3 and opened switches S2, S4. By shorting the input terminal and the reference terminal of 

the amplifier together, the output spectrum through DSA is then measured. Then the input 

referred noise can be acquired by dividing the output spectrum with the differential gain. The 

noise must be measured in a shielded cage and the amplifier must be powered through a battery.  

The CMRR is measured by the DSA as shown in Figure 3-1 by closed switches S1, S2 and 

opened switches S3, S4. First, short the input and the reference terminals of the amplifier. Second, 

feed a sinusoid signal of 1 kHz (or the pass band signal) into the amplifier. Third, divide the 

output spectrum at 1 kHz by the input amplitude at 1 kHz, and then further divide the result by 

the differential gain, the result is CMRR at 1 KHz.  

The PSRR is measured by the DSA as shown in Figure 3-1 by closed switches S2, S3, S4 and 

opened switch S1. First, short both input and reference terminals of the amplifier to ground. 

Second, feed a sinusoid signal of 1 kHz (or the pass band signal) in series with the power supply. 

Third, divide the output spectrum at 1 kHz by the input amplitude at 1 kHz, and then further 

divide the result by the differential gain, the result is PSRR at 1 KHz. 

3.1 Cascaded Amplifiers for Multi-Channel Recording 

The first methodology presented in this chapter focus on the structural improvement of the 

neural amplifier. Noticing that the neural acquisition system aims at simultaneously recording of 
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neural signal from multi-sites, this section introduces a topology that reuses the bias current 

between channels. 

3.1.1 Current Reuse Amplifier Structure 

A 

B 

Figure 3-2. Comparison of the instrumental amplifier topologies. A) Conventional structure, B) 

proposed structure. 

Figure 3-2 (A) shows a conventional topological arrangement of two independent amplifier 

channels, each consisting of a high input transconductance (Gm) stage followed by a high output 

impedance stage. A high Gm is required for the input stage transistors to optimize the input 

referred thermal noise performance. This can be accomplished by using of large W/L input 

transistors and operating them in the subthreshold regime. The output stage will typically consist 
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of cascaded transistors operated in strong inversion. From a biasing viewpoint, a larger portion of 

the current consumption is budgeted for the input stages whereas the output can be biased at 

lower current levels. This suggests that a simple current reuse strategy can potentially yield 

significant power savings over a large number of amplifier channels. In the proposed amplifier 

design, shown conceptually in Figure 3-2 (B), the input stages of the two independent 

instrumental amplifier (IA) channels are cascaded (or stacked) and the current from the top input 

cell is reused by the bottom input amplifier cell.  

The corresponding P-stage and N-stage amplifier implementations are shown in Figure 3-3 

(A) and (B), respectively. The sizes and the bias current of all the transistors for both P-stage and 

N-stage amplifiers are listed on Table 3-1. The P-stage input operates from VDD to VMID 

(nominally (VDD+VSS)/2) and the N-stage input operates from VMID to VSS. The 

input-to-output stage bias current ratio is chosen to be approximately 2.5:1. Therefore, the power 

savings by using the current reuse technique is ~35% over the conventional approach. In addition, 

the stacked input stages maintain high input transconductance for good noise performance and 

high open loop gain. The gain and bandwidth is approximately to be Eq. (3-1) and Eq. (3-2), 

respectively. 

 
2C1CGain   

(

3-1) 

 
   CL1C2CGmBW   

(

3-2) 

Here CL is the effective capacitance at the output of the first stage amplifier, Gm is the 

transconductance of the input differential pair. The topological arrangement of the amplifiers is 

in part enabled by the Li-ion cell battery supply of 3-4V, which provides sufficient headroom for 

the cascaded input stages. The output stage operates from the full supply range and additional dc 

level conversion is not required. Each IA consists of a high gain P-input (or N-input) stage that is 
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input ac-coupled to reject the dc-offset, and a second lower gain P-input (or N-input) stage.  

A 

B 

Figure 3-3. The proposed amplifier structure. A) P-stage amplifier, B) N-stage amplifier. 

In order for multi-site recording simultaneously, an 8 rows and 4 columns IA array has been 

built with the structure shown in Figure 3-4 and the layout shown in Figure 3-7. Each row has 

two P-stage amplifiers and two N-stage amplifiers cascaded with dedicating biasing generated on 

chip. A voltage regulator is shared among all 32 (8x4) IA channels to generate VMID for the 
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internal middle point reference, and incurs in negligible power dissipation overhead. Each 

amplifier site measures 250μm by 788μm and contains a bond pad for flip chip connection onto 

an underlying substrate or electrodes. For initial bench top testing, the IC can be assembled in a 

QFP package and mounted onto a PCB with 4 IA channels accessible.  

 

Figure 3-4. The structure of 32 channel IA array. 

The schematic of the reference generator is shown in Figure 3-5. The constant GM current 

generator provides the bias current for the analog parts. The VMID reference is generated and used 

as the ground for P-stage and the supply for N-stage. The VMID reference must be able to both 

source and sink current because of the random mismatch between the P-stage and N-stage 

amplifiers. Therefore the VMID generator uses a complementary structure with both PMOS and 

NMOS input differential pairs. The simulated output impedance is around 0.8 Ohm, which is low 
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enough for stabilizing the reference. The simulated noise on VMID reference is around 25 μV, 

which is negligible since the noise is in common mode to amplifiers. The VMID reference generator 

consumes around 125 μA current, which is very large compared to the current consumption of the 

amplifiers, so future revision may be required for less power consumption since larger output 

impedance and noise are still acceptable.  

 

Figure 3-5. The schematic of the reference generator. 

 

Figure 3-6. The schematic of the local reference buffer. 

As shown in Figure 3-4, each row of the IA array is biased by a local reference buffer. The 



49 

local reference buffer is used to reduce the mismatch between amplifiers due to long distance 

routing. As shown in Figure 3-6, the references VB1-VB4 for the amplifiers in the same row are 

locally generated by a single reference BiasP.  

Table 3-1. Transistor sizes in both P-stage and N-stage amplifiers 

Devices 

P-stage Amplifier 

W/L (µm) ID (µA) Devices 

N-stage Amplifier 

W/L (µm) ID 

(µA) 

M0  45/7.5 8.34 M0  45/7.5 8.34 

M1, M2 432/4.2 4.17 M1, M2 432/4.2 4.17 

M3, M4  60/21.0 4.17 M3, M4  60/18 4.17 

M5, M6   9/7.5 1.67 M5, M6   9/7.5 1.67 

M7, M8 384/0.6 1.67 M7, M8 384/0.6 1.67 

M9, M10  12/2.3 1.67 M9, M10  12/2.25 1.67 

M11, M12 5.4/18.0 1.67 M11, M12 5.4/18 1.67 

 

Table 3-2. Comparison between P-stage and N-stage amplifiers by simulation 

Parameter P-stage N-stage  

Current Consumption  7.5 µA  7.5 µA  

Gain 59.3 dB 59.4 dB  

HPF Corner frequency  2.2 Hz  2.2 Hz  

Bandwidth  7.1 kHz  7.9 kHz  

Noise Floor 42.1 nV/√Hz 49.5 nV/√Hz  

Integrated Noise  4.0 µV  4.7 µV  

NEF  5.1  5.6  

Input Impedance at 1 kHz 62.0 MΩ 62.0 MΩ  

VMID Noise Attenuation 72.4 dB 72.5 dB  

PSRR 71.3 dB 69.9 dB  

CMRR 87.3 dB 87.5 dB  

 

The comparison of the simulation result between the N-stage and the P-stage amplifiers is 

shown in Table 3-2. Both amplifiers draw the same bias current and result in similar parameters 

including closed loop gain, HPF corner frequency, PSRR, CMRR and rejection to VMID noise. 

But the bandwidth and the input referred noise are slightly different. The P-Channel amplifier 

uses the PMOS as the input differential pair which has much less flicker noise compared to the 

N-stage amplifier, while the N-stage amplifier uses NMOS as the input differential pair that 

results in larger transconductance compared to PMOS transistor for the same size and bias 

current. As indicated in Eq. (3-2), the bandwidth is proportional to the transconductance of the 
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input differential pair and inverse proportional to the output capacitance. Regarding both P-stage 

and N-stage amplifiers have the sane value of output capacitance, the N-stage amplifier has 

larger bandwidth due to larger transconductance. Both P-stage and N-stage amplifiers have 

simulated input impedance around 62.0 MΩ at 1 kHz, which is much higher than the impedance of 

the electrodes to avoid the neural signal being attenuated.  

3.1.2 Measurement Result 

 

Figure 3-7. Die picture of the 4X8 amplifier array. 

This design was fabricated through 0.5μm 5V 3M-2P CMOS process with die picture 

shown in Figure 3-7. The measured IA transfer function of P-stage amplifier is shown in Figure 

3-8 (A). The amplifier has a measured mid band gain of 56dB and bandwidth of 25m Hz - 1.25k 

Hz. The power dissipation of 22.5μW/ channel is not measured directly but estimated from the 

simulation result. The total equivalent input noise of the amplifier can be expressed as: 

 22222

snntni RIEEE 
 

(3-3) 

Here Et is the thermal noise of the source resistance RS. En and In are the equivalent input 

voltage and current noise sources of the amplifier, respectively. Figure 3-8 (B) shows the 

measured input-referred noise spectrum. Integration under this curve from 25 mHz to 100 kHz 
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yields Eni=3.51μVrms and the 1/f corner occurs at ~100Hz.  

A 

B 

Figure 3-8. Measured P-stage amplifier performance. A) Gain and phase, B) input referred 

voltage noise. 

The equivalent voltage (En) and current (In) noise parameters are found by measuring Eni
2
 at 

1 kHz as a function of RS, as shown in Figure 3-9. Setting RS=0 yields En=70.7 nV/√Hz. The In 

component is found for large RS, resulting in In=73 fA/√Hz, which yields an optimal noise source 

resistance ROPT of ~1MΩ suitable for high electrode impedance.  
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Figure 3-9. Measured input referred voltage noise (squared) versus the source resistance. 

3.2 Time Multiplexed Amplifier 

This section describes another way of improving the energy efficiency in amplifier design. 

Modern neuroscientists and researchers in biomedical engineering require the BMI systems being 

capable of acquiring the neural information from a large population of neurons simultaneously. 

Thus the transition or multiplexing of neural signals from parallel channels into serial data stream 

is required for signal processing and wireless transmission. In general, increased channel counts 

results in larger power and area consumption as well as higher data rates which pose many difficult 

challenges. Different approaches of multiplexing show different performance regarding the 

tradeoffs among area, power, noise and number of channels.  

Several multiplexing strategies used in analog front end (AFE) are compared in Figure 3-10. 

The MUX at an earlier stage leads to better area and power saving since the stages succeeding the 

MUX do not replica with channel counts and are shared among all the channels. However 

multiplexing at earlier stage may require more noise considerations while switching among 
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channels. For example the design in [19] uses the structure shown in Figure 3-10 (A) that has a 

separated amplifier and ADC for each channel, while the designs in [16] and [30] have a MUX at 

the output of the amplifier and share a single ADC as shown in Figure 3-10 (B). The former does 

not exhibit area and power efficient as the latter but the multiplexing happens at the digital signal 

levels which shows better immunity to switching noise. If the MUX stage locates at the first stage, 

as shown in Figure 3-10 (C), the system may have the best area and power saving, however this 

method will generate switching noise directly to the weak neural signal (20µV-500µV) level and 

may even saturate the amplifier.  

A 

B 

 C 

D 

Figure 3-10. Comparison among the multiplexing strategies at different stages. A) MUX at ADC 

output, B) MUX at amplifier output, C) MUX at amplifier input and D) MUX inside 

the amplifier. 

In this section, we will introduce the method shown in Figure 3-10 (D) which has 

multiplexing function merged inside the amplifier. The front end has large transconductance (Gm) 

at the input stage of the amplifier and the switching behavior happens after the Gm stage, which 
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will generate the switching current noise at the amplified current level. We also use differential 

structure inside the amplifier to force the switching noise in common mode.  

3.2.1 The Structure of 4 Channel Time Multiplexed AFE 

 

Figure 3-11. Schematic of the 4 channel AFE. 

The entire AFE is comprised of two gain stages and one 8 bits SAR ADC as shown in 

Figure 3-11. The shared OTA is time multiplexed with four independent input channels, 

controlled by four non-overlapping clocks S1-S4 and their complements S1b-S4b. Each of the 

four channels takes turns to occupy the OTA to amplify the input signal and store the signal onto 

its output capacitor CH during track phase. When the input of any channel is not connected to the 

OTA, the output voltage on CH of that channel is hold constant. The mid-band gain, nominally 

40dB, is set by  

2C1CGain   (
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3-4) 

The diode-connected PMOS pseudo-resistor R and the capacitor C2 implement a high-pass 

filter that helps attenuate the local field potential accompanying the useful neural signal. 

Following the first stage amplifier is a passive tuning filter which is controlled by four bits. The 

second stage amplifier utilizes a conventional structure and consumes much less power. Since 

the noise contribution at the second stage is almost negligible while referred to the input of the 

AFE, this stage can be biased at lower current level. The second stage provides an additional 

gain of 14dB.  

As shown in Figure 3-11, the REF terminals of all four channels are shorted together in the 

layout so only one reference electrode is required for all four channels. If different reference 

levels are required for sensing four input channels, the REF terminals can be separated with four 

electrodes so that each channel can work independently with different reference voltages.  

 

Figure 3-12. Schematic of the four channel time multiplexed OTA. 

Throughout a sampling period (T), each channel in the time multiplexed AFE operates in 
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either track (T/4) or hold (3T/4) phase. For the channel in track time, the path through the 

specified ‗loop switch‘ and ‗OTA switch‘ forms a feedback loop set by the appropriate clock 

signals and this selected channel utilizes all of the OTA bias current. By averaging the power 

consumption over the entire T/H period, time multiplexing approach effectively decreasing the 

current consumption per channel by one-fourth.  

Table 3-3. Transistor sizes for the OTA in time-multiplexed amplifier 

Devices W/L 

(µm) 

ID  

(µA) 

Gm 

(µA/V) 

Inv. 

Coeff. 

Gm/ID 

(V
-1

) 

VEFF 

(mV) 

MP0  80/2.0 4 102  2.1 18.1  38 

MP1_1/2/3/4, MP2_1/2/3/4 240/0.5 2  68  0.1 23.5   2 

MP3_1/2/3/4, MP4_1/2/3/4   4/0.8 2   4  8.6  1.5 502 

MP5/6   6/4.0 2  22 28.7  7.7 187 

MP7/8  48/1.0 2  58  0.9 20.2  18 

MN1/2/3/4   4/6.0 2  32 20.9 11.1 114 

MN5/6  36/1.0 2  67  0.4 23.3   5 

 

Figure 3-12 shows the schematic of the current-mirror OTA used in the 4-ch time multiplexed 

amplifier. The bias current and the reference voltages were generated on-chip. Although the circuit 

topology has 4 input channels sharing a single OTA, each channel has the standard structure when 

this channel is selected active during on time. The sizing of the transistors is critical for achieving 

low noise for a given low power budget. The bias current is set to 4µA, giving all devices drain 

currents of 2µA. The parameters for the transistors in the OTA are listed on Table 3-3. The 

transconductance Gm and VEFF are acquired by simulation result (since hand calculation is not 

right in this UMC130nm process at such low power level). In order to evaluate each transistor‘s 

operation region in either weak, moderate, or strong inversion, we calculate the moderate inversion 

characteristic current, given by 

 

L

W

κ

UCμ2
I

2

TOX
S 

 

 
(3-5) 

Where UT is the thermal voltage K·Tmp/q, and κ is the subthreshold gate coupling coefficient. 
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The inversion coefficient (IC) for each transistor may then be calculated by the ratio of the drain 

current to the moderate inversion characteristic current, as follows:  

 
SD IIIC 

 
(3-6) 

A device having IC>10 operates in the strong inversion region and has a transconductance 

proportional to the square root of the drain current. A device having IC<0.1 operates in the weak 

inversion (subthreshold) region and has a transconductance proportional to the drain current. From 

Table 3-3, the input differential pair transistors (MP1/2) are both operating in weak inversion. The 

current mirror transistors MN1/2/3/4 and MP5/6 are all in strong inversion. As described in 

Chpater2, transistor that works in deep weak inversion achieves larger transconductance for a 

given current consumption compared in strong inversion. Thus the transconductance ratio of 

MP1/2 over the current mirror transistors is maximized, which means this OTA is sized in order to 

attenuate the noise contribution of the transistors other than the input differential pair. 

For each of the four channels, the simulated input impedance of the amplifier is around 16.7 

MΩ at 1 kHz, which is much higher than the impedance of the electrodes so the neural signal will 

not be attenuated by the electrodes. Moreover, the noise simulation shows that the noise floor is 

negligibly increased by connecting a 1MΩ resistor to the input of the amplifier, which means the 

input current noise of the amplifier can be neglected by using the electrodes with impedance up to 

1MΩ.   

3.2.2 Operation of Time Multiplexing 

3.2.2.1 Operation during Hold Time 

The effective circuit for one of the four channels is shown in Figure 3-13. The switch S and 

SB have duty cycle of 25% and 75%, respectively. During hold phase, switch S is open and SB is 

closed. The feedback loop is broken, and the previously sampled voltage is held constant on 
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capacitor CH1 at the output of the OTA. Since the switch disengages the feedback loop, the signal 

coupling from the input to CH1 is largely attenuated by a high impedance path, which is formed 

by R and C2 in parallel. However there is large parasitic capacitance at the input of the OTA, 

CPAR. Note that the voltage on CPAR effectively follows the input voltage through the capacitive 

divider C1 and CPAR during holding time; however, the overall operation is negatively affected 

due to the isolation provided by the high-impedance path. 

 

Figure 3-13. Equivalent schematic of one channel. 

This topology also eliminates switches from the sensitive input path and converts these 

switches, as shown in Figure 3-12, to a common-mode topology by placing them inside the OTA. 

The switching noise is added to the amplified current level instead of the sensitive input node, so 

the noise is slightly amplified and the output voltage on the holding capacitor is less affected. 

During hold time, the second gain stage amplifies the voltage from CH1 and store it onto 

capacitor CH2. At this time, the ADC is disconnected to this inactive channel. 

3.2.2.2 Operation during Track Time 

During track time, the switch S is closed and SB is open, thus the feedback path is enabled. 

The negative feedback loop forces the inverting terminal of the OTA (and thus the voltage on 
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Cpar) to be the same potential as the non-inverting terminal, known as virtual shorting. 

Therefore, the charge stored on CPAR during holding time is transferred to C2 right after the loop 

is formed. Since there is negligible charge leaking to ground during holding time, all the extra 

charge stored on CPAR by voltage divider of C1 and CPAR during holding time will be coupled to 

C2. The capacitor coupling will keep the gain ratio to be C1/C2, so the final gain from input to 

output CH1 remains the same.  

The second stage amplifier is disconnected from CH2 during track time, and the voltage on 

CH2 of this active channel is digitizes by ADC. 

3.2.3 Measurement Result 

 

Figure 3-14. Die picture of the 4-channel time multiplexed AFE. 

To test the energy efficiency of the proposed structure, the amplifier was fabricated by using 

UMC130 nm technology. The die picture is shown in Figure 3-14, the averaged core area for each 

channel is around 0.06 mm
2
.  
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A 

 B 

Figure 3-15. Measurement result of the 4-ch time multiplexed amplifier and the single channel 

amplifier without time multiplexing. A) Frequency response, B) input referred noise. 

Figure 3-15 (A) shows the measured frequency response of the AFE. The measured mid-band 

gain is 53.5dB. To compare, also shown in Figure 3-15 (A) is the Gain-Bandwidth of the 

amplifier without time-multiplexing which has the bias current kept on for the entire period. As 

will be explained later in section 4-4, the 4 channel time multiplexing will result in the 
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bandwidth reduced to 1/4 of the original non-multiplexed amplifier‘s bandwidth.  

The noise spectral density is shown in Figure 3-15 (B). It supports the fact that channels 

multiplexing increases the thermal noise floor due to high frequency noise being aliased down to 

the baseband, as will be described in section 4-5. However, the overall noise efficiency factor 

remains the same by using time-multiplexing. From the measurement result, the overall noise 

spectral density is dominated by the flicker noise and the final NEF is 5.8. 

 

Figure 3-16. The cross-talk measurement between two nearby channels. 

Table 3-4. Characteristic of 4 channel time multiplexed amplifier 

Parameter Value  

Technology UMC 130nm  

Supply voltage 1V  

Supply current per channel 8/4 μA  

Modulation duty cycle 25%  

Channel # of Multiplexing 4  

Gain (1
st
 stage) 40 dB   

Bandwidth  9.5 kHz   

Low frequency cutoff ~100 Hz   

Input referred noise 10.5 μV   

Noise efficiency factor 5.8  

THD (1.5mVpp input) 0.6 %  

CMRR >50 dB  

PSRR >60 dB  

Crosstalk >50 dB  
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The crosstalk is measured by feeding the 1 kHz signal into a selected channel and measure 

the output at 1 kHz from both this channel and its adjacent channel. Figure 3-16 shows the 

attenuation between those two channels is larger than 50dB. The Summarized performance is list 

in Table 3-4. To compare, the simulated CMRR and PSRR are 46 dB and 41 dB, respectively. 

3.3 Supply Current Modulated Amplifier 

This subsection describes the third way of improving energy efficiency in amplifier design 

by merging the role of track and hold function with supply current modulation. 

3.3.1 Fully Differential Amplifier with Supply Current Modulation 

 

Figure 3-17. Schematic of the T/H_Amp and the buffer stage. 

Figure 3-17 shows the structure of the proposed two stage amplifier. The first stage uses a 

fully differential structure. The coupling ratio of C1 over C2 sets the gain of the amplifier. The 

resistor R implements a DC feedback and sets the DC output operating point. The feedback 

resistor R is implemented by a diode connected pseudo resistor. There are two switches at each of 

the differential outputs, which perform the task of T/H mechanism with the holding capacitor CH. 
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The capacitor CH is also used as the compensation capacitor for stabilizing the first stage 

amplifier. The second stage amplifier uses a conventional current mirror structure, which provides 

additional gain and converts the differential input to a single ended output.  

The output of the T/H mechanism contains the noise at harmonics of the T/H frequency (see 

section 4-5). By setting the bandwidth of the second stage amplifier lower than the T/H frequency 

effectively attenuates both the output non-zero harmonics and the switching noise generated in the 

first stage. As the conclusion of section 4-5 suggests, we use a much higher T/H frequency than 

the bandwidth of the first stage amplifier, so the higher order input harmonics are attenuated by a 

SINC function that has a zero crossing frequency inversely proportional to the T/H duty cycle.  

3.3.2 Supply Current Modulated OTA 

 

Figure 3-18. Schematic of the supply current modulated OTA. 

Figure 3-18 shows the schematic of the OTA used in the T/H_Amp. The sizes and bias 

current of all transistors are listed in Table 3-5. The OTA uses a folded cascode structure to 

allocate larger bias current to the input differential pair than the output stage. The common mode 

feedback depicted on the right maintains the common mode output voltage at half of the supply so 

as to maximize the output dynamic range. The fully differential structure and the matched layout 
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attenuate the switching noise in common mode. The input differential pair P1 and P2 are large 

PMOS transistors (W/L=480μ/2μ) in order to maximize their own transconductance at a given bias 

current and thereby attenuate the noise contribution from other transistors. The large size PMOS 

also helps reduce their own flicker noise.  

Table 3-5. Transistor sizes for the OTA in supply current modulated amplifier 

Devices W/L (µm) ID (µA)     

P7   2/1 4.4     

P1, P2 480/2 2.2     

N1, N2   2/20 3.4     

N3, N4  0.5/20 0.9     

N5, N6, N7, N8   2/10 0.4     

N9, N10  40/0.5 1.2     

P3, P4   3/4 1.2     

P5, P6   2/10 0.9     

P7, P8   8/0.5 1.2     

 

The main difference of the proposed OTA used in a T/H_Amp from the OTA used in 

conventional amplifiers lies in that the former modulates the bias current between two levels, as 

shown on the left of Figure 3-18. The modulation signal is synchronized to the controlling signal 

of the T/H switch SD. During track time the amplifier is fully on, the OTA consumes full of the 

bias current, and the input signal is amplified and stored onto the holding capacitor CH. During 

hold time, the output of the OTA is disconnected from CH, and the amplifier consumes only a 

little bias current to maintain its DC operating point so as to avoid large signal slewing during the 

transition between modes. For our design, we set the bias current ratio of IB1/IB2 to be 25 for 

high/low biasing. The current modulation scheme reduces the total current consumption by 

averaging the entire period. For example, if the T/H mechanism uses a 10% duty cycle, then the 

average current consumption drops to around 10% of its peak value. 

The simulated input impedance of the supply current modulated amplifier is around 25 MΩ 

at 1 kHz, which is much higher than the impedance of the electrodes so the neural signal will not be 
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attenuated by the electrodes. Moreover, the noise simulation shows that the noise floor is 

negligibly increased by connecting a 1MΩ resistor to the input of the amplifier, which means the 

input current noise of the amplifier can be neglected by using the electrodes with impedance up to 

1MΩ.   

3.3.3 Measurement Result 

 

Figure 3-19. Die picture. 

 

Figure 3-20. Measured transfer function of T/H_Amp with different duty cycles. 

To test the energy efficiency of the proposed structure, the amplifier was fabricated by using 
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UMC130 nm technology. The die picture is shown in Figure 3-19. It has a total area of 0.7 mm
2
, 

with the core area of T/H_Amp occupying only 0.14mm
2
. 

The measured transfer functions are shown in Figure 3-20, which has the gain by both the 

first stage and the second stage amplification. The effective low pass corner frequency is 

proportional to the duty cycle (see section 4-4). The high pass corner frequency, set by the time 

constant of R and C2 (shown in Figure 3-17) is located at around 100Hz, which helps filter the 

local field potential (LFP) that accompanying the neural signals. 

 

Figure 3-21. Measured input referred noise of T/H_Amp with different duty cycles. 

Table 3-6. Noise performance comparison among different duty cycles 

Duty Cycle BW Bias Current Noise NEF  

6.25 %  5.3 kHz  0.9 μA  5.9 μV  2.9  

12.5 %   7.8 kHz  1.4 μA  5.6 μV  2.9  

25.0 %  11.6 kHz  2.4 μA  5.4 μV  3.0  

50.0 %  18.9 kHz  4.4 μA  5.1 μV  3.0  

100 %  24.1 kHz  8.5 μA  4.6 μV  3.3  

low power  10.0 kHz  1.4 μA  8.4 μV  3.8  

14.1 %  8.0 kHz 1.4 μA 5.8 μV 2.9  

 

The input referred voltage noise is compared among different T/H duty cycles in the bode plot 

shown in Figure 3-21 with the values listed in Table 3-6. The duty cycle of 100% represents the 
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supply current being kept on for the entire period without supply current modulation. The NEF is 

almost the same among different duty cycles, which supports the analysis in section 4-5. Table 3-6 

also indicates that the amplifier without employing the supply current modulation (100% duty 

cycle) has a higher NEF compared to the one with supply current modulation. This is because 

transistor level modulation lowers the flicker noise. 

 

Figure 3-22. Noise comparison between operation with and without supply current modulation 

for the same current consumption. 

To further support the analysis in Chapter 4, we tested the amplifier biased at a directly 

reduced current level ~1μA. Figure 3-22 shows the comparison result of two input referred noise 

spectrums, one uses direct reduction of bias current and the other uses supply current modulation. 

As listed in the last two rows of the Table 3-6, both methods consume about 1.4μA, have 

measured bandwidths of 10k and 8k, have total input referred noises of 8.4μV and 5.8μV, and have 

NEFs of 3.8 and 2.9, respectively. The reasons for the improvements by using the supply current 

modulation scheme are twofold: first, the cycling of a MOS transistor from strong inversion to 
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accumulation region reduces its intrinsic 1/f noise [5], and second, supply current modulation 

reduces the noise contribution from the transistors other than the input differential pair. Figure 

3-23 further supports this explanation by comparing the NEF by both simulation and 

experimental results. 

Table 3-7 summarizes the performance of the T/H_Amp by using the supply current 

modulation scheme with a duty cycle of 12.5%. The total gain of 61.2dB includes 40 dB for the 

first stage and 21.2 dB for the second stage. To compare, the simulated CMRR and PSRR are 

higher than 100 dB and 86dB, respectively.  

Table 3-7. Characteristic of supply current modulation amplifier 

Parameter Value  

Technology UMC 130nm  

Supply voltage 0.8V~1.5V  

Channel number 1  

Supply current 1.4 μA  

Modulation duty cycle 12.5%  

Gain (first stage) 40 dB   

Bandwidth  7.8 kHz   

Low frequency cutoff ~100 Hz   

Input referred noise 5.6μV   

Noise efficiency factor 2.9  

THD (0.5mVpp input) >40 dB  

CMRR >65 dB  

PSRR >50 dB  

Area 0.15 mm
2
  

 

The proposed amplifier uses a more scaled-down technology (130nm) and exhibits the 

advantages at the system level for the entire brain machine interface since the power dissipation for 

digital signal processing and wireless communication is also reduced by advanced technology. In 

addition, such low power dissipation allows the system to use larger channel numbers and 

improves the performance of the wireless powering or increases the communication range, as an 

example application shown in [13]. 
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A 

B 

Figure 3-23. NEF comparison between directly reducing of bias current and supply current 

modulation. A) Simulation result, B) measurement result. 

To support our fundamental assumption that the NEF is maintained only if the T/H frequency 

is much higher than the intrinsic bandwidth of the amplifier, fs>>1/τ, upon which the entire 

analysis in Chapter 4 rests, Figure 3-24 and Figure 3-25 show, respectively, the measured transfer 

function and the input noise PSD at different sampling frequencies. The total input referred noise 

falls at a higher T/H frequency because the SINC function attenuates the input harmonics (see 
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section 4-4). Thus, only if the T/H frequency is much higher than the intrinsic bandwidth of the 

amplifier is the conclusion of maintaining the NEF by using the supply current modulation scheme 

true.  

 

Figure 3-24. Measured transfer function of T/H_Amp with different T/H frequencies. 

 

Figure 3-25. Measured input referred noise of T/H_Amp with different T/H Frequencies. 
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CHAPTER 4 

4 MATHEMATICAL ANALYSIS OF T/H AMPLIFIER 

In order to investigate the switching effects in the time-multiplexed and supply current 

modulated amplifiers, this chapter investigates their transfer function and the noise performance. 

The four channel time-multiplexed amplifier senses each input signal for one fourth of the entire 

period and then freezes the output for another three fourth of the period. The supply current 

modulated amplifier senses the input signal during the on phase and freezes the output during the 

off phase. Therefore, those two amplifiers have the same behavior of track and hold function. So 

in this work, they are both called track and hold amplifier (T/H_Amp) and are analyzed together 

in this chapter.  

4.1 Equivalence between T/H_Amp and T/H_RC Filter 

The T/H_Amp could not sense the input with infinite speed and is limited by its own 

effective transconductance. Therefore the overall behavior of amplifier serves as a resistive 

conduction path with a nominated gain. In order to explain the resistive effect of the amplifier, it is 

important to first compare the transfer function between an amplifier and a RC filter. 

A B 

C D 

Figure 4-1. Simplified RC model for amplifier. A) Amplifier structure, B) RC filter structure, C) 

T/H_Amp structure and D) T/H_RC filter structure. 

Figure 4-1 (A) shows a typical amplifier, consisting of an OTA with transconductance Gm, a 

feedback path with ratio of β, and an output capacitor C. Assuming an ideal case where the loop 
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gain is infinity, the transfer function of Figure 4-1 (A) and (B) can be expressed, respectively, as 

 

CsR
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eq
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(

4-1) 

Therefore, the loop in Figure 4-1 (A) can be described equivalently by the loop shown in 

Figure 4-1 (B) with the value of the resistor given by. 

 




gm
Req

1

 

(

4-2) 

If the loop gain is much greater than 1, the closed loop gain of the amplifier is approximately 

1/β. To maintain simplicity, only the dominant pole formed by C is taken into account for this 

section. By using the same loop analysis in Figure 4-1 (A) and Figure 4-1 (B), the T/H_Amp 

shown in Figure 4-1 (C) can also be modeled by the switched RC filter (T/H_RC) shown in Figure 

4-1 (d) with equivalent R value represented in Eq. (4-2). 

 

Figure 4-2. Resistive effect in the track and hold RC filter.  

To check the resistive effect in T/H_RC filter, Figure 4-2 shows the simulation results of the 

output waveforms with R=0 and R=1M Ohm. In the track phase for the ideal case (R=0), the 

capacitor voltage is the same as the input voltage. In the non-ideal case (R≠0), the capacitor 
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voltage is unable to follow the input voltage right after the switch is closed due to the low pass 

nature of the resulting RC circuit. 

These differences in tracking behavior cause differences in holding behavior as well. The 

T/H_RC filter with negligible R can capture the instantaneous voltage of the input signal and 

store the voltage onto holding capacitor at the falling edge of the switch. The T/H_RC filter with 

a non-negligible R may not necessarily capture the correct voltage at the switching off moment. 

4.2 Transfer Function of T/H_RC Filter 

The T/H_RC filter shown in Figure 4-1 (D) has input been modulated into replicas located 

at multiples of the T/H frequencies. Thus the T/H_RC filter behaves as a linear periodical 

time-varying (LPTV) system. The LTPV system can be characterized by solving the harmonic 

transfer function (HTF) of the system, which is given by: 

      





n

n

Sn ωnωXωHωY

 

(

4-3) 

Here Hn(ω) is the HTF of the system, X(ω) and Y(ω) are the input and output, respectively, and the 

T/H frequency is ωS=2π/T, where T is the period of the T/H clock. The overall frequency 

response of the track and hold RC filter is derived in a step-by-step manner. Analysis first begins in 

the time-domain. Since this is a cyclostationary [48] system with period of T, initially only a single 

period is analyzed. This single period solution is then applied to multiple periods which are then 

summed together to find the total time-domain representation. Finally, Fourier transform is 

deployed to express the solution in the frequency domain. The complete derivation can be 

accomplished in 4 steps.  

4.2.1 Step 1: Output Voltage at the End of a Single Pulse Switching Signal 

The first step of the derivation is to find the capacitor voltage at the end of a single track pulse, 

as shown in Figure 4-3 (B). An arbitrary frequency single-tone signal xn(t) is applied to the input of 
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the T/H_RC filter 

    
2ωω2ωetx SS

tωnωj

n
S 



 
(4-4) 

Here ωS is 2πfs (the sample rate or T/H frequency in rad/s) and ω is the arbitrary frequency of 

the baseband input signal. To clarify the meaning of integer n: from elementary sampling theory, if 

an ideal impulse sampler oversamples an input signal, the resulting frequency response is that of 

the input signal but with replicas at integer multiples of the sampling frequency (n*fs). These 

multiples are often designated as being located at the ―n
th

‖ harmonic of fs or as the n
th

 image of the 

input signal after sampling has occurred. Here the baseband input frequency (n=0) and its images 

(n≠0) are applied to the system separately such that their effects on the T/H_RC frequency 

response can be considered independently.  

A  B         

C D 

E       F  

G 

Figure 4-3. Demonstration of the derivation procedure. A) T/H_RC filter, B) single pulse signal, 

C) sampling of the T/H_RC filter, D) pulse train signal, E) reconstruction of the 

sampled signal, F) sampling signal and G) reconstruction window. 
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When the switch is closed (during the on-time), the circuit in Figure 4-3 (A) takes the form of 

a conventional RC filter with an impulse response of 

 
   tue

RC
th RC

t


1

 

(

4-5) 

The output can be seen as the summation of the zero-state and zero-input responses. For the 

zero-state response, the capacitor initial voltage is assumed to be zero for t<-DT. The zero state 

output yn_zs for -DT ≤ t ≤ 0 is the convolution of the input signal and the impulse response, as 
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4-6) 

At the falling edge of the single pulse (t=0), the result of the convolution is  
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4-7) 

Here τ is the RC time constant and yn_zs (t=0) represents the zero-state output at t=0. If the 

initial voltage across C is yn(-DT), then the output is the superposition of both the zero state 

response and the zero input response which is caused by the discharge of the RC filter with an 

initial voltage of yn(-DT). 
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4-8) 

4.2.2 Step 2: Output Voltage at the End of a Pulse Train Switching Signal 

As shown in Figure 4-3 (D), the T/H switch is controlled by a pulse train s(t) with period T 

and on-time DT. Assuming no charge leakage during the hold state, the output at t=-kT-DT (where 

k is an integer) is equal to the voltage at the end of the previous tracking period t=-(k+1)T. Thus, 

the output at t=0 in Eq. (4-8) can be expressed by replacing yn(-DT) with yn(-T). 
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4-9) 

Then the output at any falling edge t=-kT of the pulse train can be obtained the same way of 
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Eq. (4-6) but with a time shift of –kT applied; 

 
       

DT

n

Tjk

zsnn eTkyeykTy



 10 0

_  

(

4-10) 

Eq. (4-10) provides an expression for the output voltage at any falling edge. However, Eq. 

(4-10) requires the knowledge of the output voltage at previous falling edge.  

For an explicit solution by representing the output in terms of the input only, recursion is 

applied to Eq. (4-9) and Eq. (4-10), and each side of the k
th

 recursive equation is scaled by 

exp(-kDT/τ). 
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4-11) 

By adding all the left side of the Eq. (4-11), the result can be simplified to 
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4-12) 

After a significant number of switching cycles being progressed (k→∞), the second term of 

Eq. (4-12) can be neglected and the remaining summation (a geometric series) converges. Thus, 
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4-13) 

A combination of Eq. (4-7) and Eq. (4-13) gives the output at t=0 to be 

 
 

 

 

η

DT

Tωj

η

DT

DTωnωj

s

n

ee1

ee1

ηωnωj1

1
0y

S















 

(

4-14) 

To simplify Eq. (4-14), first consider the baseband frequency input (when n=0) 
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4-15) 

Based on the assumption that the T/H frequency is much higher than the RC corner frequency 

(ωs>> 1/ τ), the T/H period is much less than the RC time constant, T<< τ and (DT/τ) <<1. 

Therefore the T/H period T is much less than the base band frequency (-1/2·ωS< ω ≤ 1/2·ωS), 

then we can assume ω·T<<1 and │-j·ω·T–DT/τ│<<1.  

So we can use the Taylor series approximation: e
-x

≈1+x if x<1, then Eq. (4-15) can be 

approximated to:  
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4-16) 
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4-17) 

Now consider Eq. (4-14) for n≠0. Because n·ωs>> ω0, Eq. (4-14) can be simplified: 
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4-18) 

Since the T/H period is much less than the RC time constant (T<<τ) and thus (DT/τ) <<1, 

then we can assume exp(-DT/ τ) ≈ 1 and ωs = (1/2πT). So the Eq. (4-18) can be further simplified 

to:  
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4-19) 
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4-20) 

Because e
-jθ

=cos(-θ)+j·sin(-θ), we can reformat the Eq. (4-20) to be: 
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4-21) 
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4-23) 

Eq. (4-23) is derived when n≠0, the result matches the case in Eq. (4-17) when n=0, so the 

above two cases (when n=0 and n≠0) can be combined as: 
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4-24) 

Eq. (4-24) represents the output exclusively at t=0 while accounting in source impedance and 

T/H duty cycles. The output at any falling edge t=kT can be calculated by applying a time shift of 

kT to Eq. (4-24). 

 
    kTωj

nn e0ykTy   
(

4-25) 

Eq. (4-25) represents the output voltage at the falling edge of the k
th

 switching period of s(t). 

Thus yn(kT) is a discrete-time signal with values defined only at t=kT. Next step will convert the 

discrete-time signal to the continuous-time signal using the Dirac-delta impulse function. 

4.2.3 Step 3: Frequency Response of the Sampled Output 

To convert the Eq. (4-25) into a discrete-time signal representing the sampled voltage at each 

falling edge of s(t) for all k, Figure 4-3 (C) samples the output of T/H_RC by the Dirac-Delta 

function which results an impulse train in the continuous-time domain, qn(t); 
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4-26) 

Here qn(t) can be viewed as the ideally sampled non-ideal voltage stored on hold capacitor C at 



79 

all the falling edges of s(t). Due to the effective filtering via duty cycling, the RC filtering, and 

the aliasing, the capacitor voltage is not precisely equal to the input at the falling edges of the 

tracking period when R≠0. 

 To convert the result of Eq. (4-26) to frequency domain, the continuous-time Fourier 

transform of qn(t) gives 
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4-27) 

Here m represents the output images generated by the sampling mechanism. Eq. (4-27) 

describes how a given input frequency, either in the baseband (n=0) or within the bandwidth of 

an anticipated image (n≠0), is mapped (with associated weighing factor) to a given output image 

m. For example, if an input frequency with n=2 is applied to the system, even though the 

resulting baseband output (m=0) is of primary interest, the use of Eq.(4-27) provides information 

about how this input (n=2) contributes energy to the output at harmonic bands with m≠0.   

4.2.4 Step 4: Transfer Function of T/H_RC Filter 

The value of qn(t) in Eq. (4-26) is a valid description of the capacitor voltage only at the 

sampling instant (t=kT). For the rest of a given period, the output consists of the sample phase 

and the hold phase, as expected. During the hold phase (s(t) =low), the capacitor holds the 

sampled voltage constant across the entire phase. During the track phase (s(t) =high), the 

capacitor voltage shows a quasi-exponential charging/discharging behavior (due to τ=RC and D). 

Under the assumption of fast sampling, the track duration is much less than the RC time constant, 

therefore any voltage variation (detailed behavior) during the track phase can be ignored as long 

as the voltage is valid at the holding phase. Thus, the capacitor voltage is approximated as a 

piece-wise constant zero-order hold value across the entire period. 
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Mathematically, to create the zero-order hold output, qn(t) is convolved with a single 

rectangular pulse g(t) with on-time (duration) equal to the period T. This is accomplished by 

using the multiplication in the frequency domain of Eq. (4-27) and the Fourier transform of the 

pulse window (a SINC function with period of T). Assuming G(ω) is the Fourier transform of g(t), 

which is the reconstruction window with the time length of T; 

 
     DTTtεDTtεtg   (4-28) 

The Fourier transform of g(t) gives 

 
    DTωj2/Tωj ee2/TωcsinTωG  

 (4-29) 

Therefore the output in Figure 4-3 (E) is the convolution of the reconstruction window and 

the impulse train qn(t) in time domain: 
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4-30) 

So, in frequency domain, the output due to the n
th

 input image is 
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4-31) 

By inserting the Eq. (4-27) and Eq. (4-29) into Eq. (4-31), the output of the T/H_RC filter in 

frequency domain due to the n
th

 input image can be expressed: 
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   (4-32) 

The output at images with m≠0 in Eq. (4-32) can be neglected since higher order terms are 

naturally attenuated by the rightmost SINC function in the Eq. (4-32), and an additional low-pass 

filter function can be applied by succeeding stages of the T/H_RC filter. We can therefore only 

consider the aliasing of T/H_RC filter from all input images of n down to the baseband m=0. 

Thus, the Eq. (4-32) can be approximated with m=0 as
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4-33) 

Regarding the output frequency ω only within the baseband (-ω0/2 < ω≤ ω0/2), the transfer 

function from a specific n
th

 input harmonic to the baseband output (the harmonic transfer function 

HTF) is 
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4-34) 

The result of Eq. (4-34) represents the harmonic transfer function (HTF) of the linear 

periodical time-varying (LPTV) system. 

A B 

C D 

Figure 4-4. Comparison of the frequency response among different duty cycles. A) Duty cycle of 

10%, B) duty cycle of 20%, C) duty cycle of 50% and D) duty cycle of 80%. 
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In order to support the harmonic transfer function of T/H_RC filter at any input harmonic 

with various duty cycles, a simulation is run by Cadence Spectre with the schematic shown in 

Figure 4-3 (A). The values of resistance R and capacitance C are 2M Ohms and 10 Pico Faro, 

respectively, and the T/H frequency is 100 kHz, which is much higher than the intrinsic RC 

corner frequency of ~8k Hz. Based on the solution of the periodical steady state (PSS) by the 

simulator for 30 harmonics, the Periodic AC analysis gives the result shown in Figure 4-4. The 

simulation result indicates three important characteristics of the T/H mechanism: (1) the effective 

bandwidth at any input harmonic is reduced by a factor of duty cycle D; (2) the pass band 

magnitudes of the input harmonics follow the trend of a SINC function attenuation with the notch 

frequency located at the ratio of T/H frequency over the duty cycle fs/D; and (3) all the input 

harmonics is folded down to the baseband of output with a frequency shift of n·fs.  

4.3 Noise Aliasing of T/H_RC Filter 

Assuming the noise in a T/H_RC filter is generated only by the thermal noise of the resistor 

in the T/H_RC filter. Thus the noise model of the T/H circuit can be represented by a voltage 

noise source in series with an ideal resistor.  

The noise power spectral density (PSD) of the resistor is Vni
2
 =4kTR with the flicker noise 

ignored here since it provides negligible values at higher harmonic frequencies. Moreover, in low 

duty cycle cases, the flicker noise corner frequency is reduced due to the thermal noise incremental 

by aliasing, as will be explained later. 

The output noise is calculated by the harmonic transfer function Eq. (4-34). The total output 

noise PSD is calculated by adding all the output power components due to all input harmonics. 

Since the noise source of a resistor is white noise with infinite bandwidth, all the input harmonics 

from n=-∞ to n=∞ contribute.  

Thus the output noise power spectral density is 
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The limit of the summation shows 
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So, the total output noise is 
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4-37) 

Therefore, the noise floor in the pass-band is approximated to be  
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4-38) 

The result indicates that the noise power floor due to T/H mechanism is increased by a factor 

of the inverse of the duty cycle, and the noise bandwidth is reduced by a factor of duty cycle. Thus, 

the total output noise can be calculated by integrating the noise power over band; 
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4-39) 

Recalling that the integrated thermal noise in a standard RC filter without the track and hold 

switch is also KT/C, which means the T/H mechanism will maintain the integrated thermal noise, 

but the difference lies in that the noise floor is increased and the noise bandwidth is reduced, both 

by a factor of duty cycle.  

Figure 4-5 shows the noise PSD comparison between the simulated result and the calculated 

result by Eq. (4-37). Different lines with the same color represent different duty cycles: 100%, 

50%, 25%, 12.5%, and 6.25%. We can see from the figure that the calculated noise is a little bit 

higher than the simulated result at low duty cycles. This is because the PSS and PNOISE 

simulation was set with maximum number of harmonics to be 100. The ideal simulation should 
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have unlimited number of harmonics being analyzed, since the resistor generates the white noise 

with unlimited bandwidth. Larger number of harmonics results in better accuracy but takes longer 

time for simulation. 

 

Figure 4-5. Noise PSD comparison between simulated result and calculated result. 

4.4 Transfer Function of T/H_Amp 

Based on the assumption that fs>>1/τ (T/H frequency is much higher than the amplifier 3dB 

bandwidth), the transfer function of Figure 4-1 (C) is 
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Here, A is the mid-band closed loop gain of the amplifier, θ is the phase delay from input to 

output, ω0=2π/T is the track and hold (T/H) radian frequency, D is the duty cycle of the T/H clock, 

τ is the equivalent time constant τ=Req·CH=CH·A/gm, and n refers to the input harmonic. Under the 

assumption of ω·T<<1, the magnitude of the baseband transfer function of Eq. (4-40) when n=0 

can be simplified to 
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(

4-41) 

The 3dB bandwidth of this transfer function is  

 
   ACgmDDBW H  

 

(

4-42) 

Recalling the bandwidth of a conventional amplifier with the same structure but excluding a 

T/H mechanism is gm/ (CH·A), so the bandwidth is reduced by a factor of D due to the T/H 

mechanism. For instance, if the T/H_Amp uses 10% duty cycle, the bandwidth is 10% of a 

conventional amplifier without a T/H mechanism. On the other hand, for a specific bandwidth 

requirement, reducing the value of CH by the ratio of D from its original value will counteract the 

bandwidth reduction due to T/H function. For our specific application of neural signal acquisition 

with bandwidth requirement from 100Hz to 7 kHz, we pick the output capacitor value of 1.5 pF for 

T/H_Amp instead of 15 pF used in conventional amplifiers if the T/H duty cycle is 10%. 

 

Figure 4-6. The RC model of the supply current modulated amplifier. 

In order to support the transfer function analysis of the T/H_Amp, we use the supply current 

modulated amplifier shown in Figure 3-17 as an example to compare the simulation result and the 

measurement result. The supply current modulated amplifier and the buffer stage in Figure 3-17 
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can be modeled by the schematic shown in Figure 4-6. The values of the resistors and the 

capacitors are: R0=30k, R1=2.5M, R2=50G, R3=50G, R4=6M, C1=2.4p, C2=100fF, C3=100fF, 

C4=6pF, Cpar=150fF.  

Here R0 is the resistor that generates the thermal noise which is equal to the input referred 

thermal noise of the supply current modulated amplifier. In Figure 4-6, only R0 generates the noise, 

all other resistors are set to be ideal with the noise generation turned off by the simulator. The first 

‗Voltage Control Voltage Source‘ has the gain of 63dB, which is the total gain of the amplifier and 

the buffer stage. The switch S(t) performs the supply current modulation function. The R2/C2 and 

R3/C3 implement the high pass function of the amplifier and the buffer stage, respectively. The R4 

and C4 implement the buffer stage low pass function. The Cpar represents the summed parasitic 

capacitance at the drains of the transistors MN3, MN4, MP5, and MP6 in the supply current 

modulated OTA shown in Figure 3-18.  

In Figure 4-7, the black lines are the simulated transfer function of the RC model. The red 

lines are the simulated transfer function of the supply current modulated amplifier. The blue lines 

are the measured transfer function of the supply current modulated amplifier. Different lines with 

the same color represent different duty cycles: 100%, 50%, 25%, 12.5%, and 6.25%. 

The mid-band gain of the amplifier is determined by the capacitors coupling ratio, C1/C2 as 

shown in Figure 3-17. The measured pass band gain is a little bit less than the simulated result. 

This is because C1 has the value of 10pF and C2 has the value of around 100fF, thus the parasitic 

capacitance in the layout affects C2 much more compared to C1, which results the gain ratio to be 

less than predicted.  

In Figure 4-7, the measurement result matches the simulated result well. In Figure 4-4, the 

simulated result matches the calculated T/H_RC model result well. However, there is significant 
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difference between the T/H_Amp and the ideal T/H_RC model, which is the parasitic capacitance 

between the amplifier output and the track and hold switch, as labeled Cpar shown in Figure 4-6. 

This parasitic capacitance affects the transfer function and causes the bandwidth does not follow 

the track duty cycle proportionally.  

 

Figure 4-7. Comparison of the transfer functions among calculated result of RC model, simulated 

result of RC model, and measured result of amplifier. 

4.5 Noise Aliasing of T/H_Amp 

In this subsection, we take the supply current modulated amplifier as an example for the 

noise aliasing analysis, as shown in Figure 3-18. The conclusion can be easily applied to the time 

multiplexed amplifier as well. Figure 4-1 (C) depicts the amplifier with an input noise voltage 

source which refers to all the noise generated inside the OTA, as labeled Vn, 
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4-43) 

The combination of the OTA and the feedback gives an equivalent transconductance of 

Geq=gmp1/β, so the noise can be remodeled by Figure 4-1 (D) with an equivalent damping 

resistance Req=1/Geq. As discussed in section 3-3 for noise optimization, the input differential 

pair transistors P1 and P2 are biased at weak inversion, while N1, N2, P3, and P4 are biased at 

strong inversion. The transconductance gm is represented by the EKV model, which is valid for 

transistors in all regions of operation [31], 
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4-44) 

UT is the thermal voltage k·Tmp/q, and к is the subthreshold coupling coefficient, which has 

a value of 0.72 in UMC130 nm technology. IC refers to the inversion coefficient, which is 

calculated by the ratio of the drain current to the moderate inversion characteristic current 

IC=ID/IS and can be expressed as  
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4-45) 

Transistors P1 and P2 shown in Figure 3-18 work in weak inversion with ICP1 << 1, and 

transistors N1, N2, P3, and P4 work in strong inversion with ICN1, P3 >> 1. Their 

transconductance can be approximated as 
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Inserting Eq. (4-46) into Eq. (4-43) results in a total input thermal noise spectral density of  
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The ratio of bias current in N1, 2 and P3, 4 over P1, 2 has a fixed value in our design, so the 

Eq. (4-47) can be rewritten as 
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4-48) 

As demonstrated in section 4-3, the output noise power of a T/H_RC filter is expressed by 

Eq. (4-37) with all input noise harmonics (from -∞ to +∞ for n) aliased up. All the non-zero 

output harmonics (k≠0) are neglected due to the filter effect by the second stage amplifier.  

So the output noise power spectral density (PSD) when k=0 in the pass band (ω<D/ τ) can 

be simplified to: 
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4-49) 

From Eq. (4-49), the noise power spectrum due to T/H in pass band has been increased by a 

factor of D, and the noise bandwidth is reduced to D/τ. To evaluate this amplifier‘s energy 

efficiency regarding the tradeoff between power consumption and noise, it is important to 

consider the NEF of the T/H_Amp
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4-50) 

Here we consider the thermal noise only. The total current consumption is averaged by the 

entire T/H period. By integrating the noise power spectral density (PSD) in Eq. (4-49) over the 

bandwidth, the NEF of the supply current modulated amplifier is 
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In order to compare the NEFs of the T/H amplifier and the conventional amplifier with the 
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same current consumption, we apply the total current consumption by the averaged current 

consumption of Iave divided by duty cycle D to Eq. (4-51). Therefore Eq. (4-51) can be 

reformatted to 
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4-52) 

The result of Eq. (4-52) indicates that the supply current modulation scheme reduces the 

noise contributions of the transistors other than the input differential pair while retaining the 

same power consumption. This result also indicates the superiority of the supply current 

modulation scheme in terms of energy efficiency. Unlike the strategy of reducing the bias current 

directly, supply current modulation reduces power consumption while maintaining the NEF 

theoretically.  

The noise aliasing analysis in this chapter takes only the thermal noise generated inside the 

OTA into consideration. The aliasing of flicker noise is negligible at high T/H harmonic 

frequencies. The background noise at the cellular level is pre-filtered out before aliasing happens 

by the mega ohm electrodes and the input capacitance (~10pF) of the first stage amplifier, which 

generate the low pass corner frequency much less than 10 kHz. Therefore the aliasing of the 

background noise can also be negligible.  

In order to support the noise aliasing analysis of the T/H_Amp, we use the supply current 

modulated amplifier shown in Figure 3-17 as an example to compare the measurement result with 

the simulated result of the RC model. The RC model of the supply current modulated amplifier is 

shown in Figure 4-6. 

We set the track and hold switching frequency to be 50 kHz which is higher than the intrinsic 

R1/C1 corner frequency. The flicker noise of the amplifier is hard to be modeled in a switched RC 

filter, but we can remove the flicker noise affection of the amplifier in simulation for comparison. 
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We set the noise parameters NOIA=NOIB=NOIC=0 for both NMOS and PMOS to acquire the 

simulated input referred noise of the supply current modulated amplifier without flicker noise.  

 

Figure 4-8. Comparison of the input referred noise among simulated result of RC model, simulated 

result of amplifier, measured result of amplifier, and simulated result of amplifier 

without flicker noise. 

In Figure 4-8, the green lines are the measured input referred noise of the supply current 

modulated amplifier. The black lines are the simulated input referred noise of the supply current 

modulated amplifier. The red lines are the simulated input referred noise of the supply current 

modulated amplifier without flicker noise. The blue lines are the simulated input referred noise of 

the RC model. In this figure, different lines with the same color represent different duty cycles: 

100%, 50%, 25%, 12.5%, and 6.25%. 
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We can see from Figure 4-8 that the simulated result matches the measurement result well, 

except that the measured flicker noise is a little bit higher than the simulated flicker noise. Without 

flicker noise affection, the simulated amplifier input referred noise matches the RC model well. 

Additionally, as described in section 4-3, the simulated noise PSD of the T/H_RC filter matches 

the calculated noise by Eq. (4-37), as shown in Figure 4-5. However there lie a significant 

difference between the amplifier RC model and the T/H_RC filter model, which is the parasitic 

capacitor between the amplifier output and the track and hold switch, Cpar as shown in Figure 4-6. 

Therefore the input referred noise PSD of the supply current modulated amplifier is not exactly 

proportional to the 1/D.  

4.6 Energy Efficiency of the Proposed Amplifiers  

Modern neural prostheses aim at monitoring and stimulating the selective regions of the 

brain to restore neurological function or to treat disease. The enabling devices require a highly 

reliable brain to machine interface being capable of recording the cellular-level neuron activity 

continuously for enough period of time. To achieve better reliability for the entire neural 

acquisition system, the neural signal is always digitized at the front end for further processing so 

that an ADC is usually integrated at the front end. In order for better SNR and accuracy during 

digitization, the neural signal is pre-amplified to match the conversion range of ADC. Figure 2-4 

in Chapter 2 shows the structure of a track and hold amplifier that is commonly used as the 

pre-stage of an ADC. However, there are some design issues with the switches for sampling. First, 

the feedthrough problem that the input signal still passes through the switch during off-state. 

Second, the noise generated by the switch signal may be coupled to both sides of the switch. Third, 

the charge leakage of the holding capacitor changes the voltage during holding state. Those errors 

are inevitable but can be largely attenuated by increasing the value of the holding capacitor. 

Another consideration lies in the fact that the amplifier must have sufficient bandwidth (BW) and 
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slew rate to charge the CH to a certain error during the tracking period as discussed in Chapter 2. 

This work presents two types of T/H_Amp, the time-multiplexed amplifier and the supply 

current modulated amplifier. Both amplifiers have a key feature: the current consumption of the 

channel is synchronized to the track period. During the track period, the amplification function of 

this channel is active and the amplifier draws current from the supply, while the input signal is 

amplified and stored onto the holding capacitor. During the holding period, the amplification 

function is turned off and the current consumption is also cutoff for this channel, while the 

previous amplified signal is kept constant on the holding capacitor.  

 Therefore, during the holding period, the entire amplifier can be viewed as high impedance 

path from the input to the holding capacitor, which provides a better isolation and less 

feedthrough. On the other hand, the amplifier only consumes current during the tracking period, 

thus for a given average power budget, the bias current of the T/H_Amp is boosted up during the 

tracking period, which results in a larger instantaneously slew rate and BW. So the proposed 

amplifiers achieve a better charging ability to the holding capacitor. In other words, for the same 

power budget, the proposed amplifiers allow for choosing a larger value of holding capacitor and 

thus result in less pedestal error and the switching noise affection. 

Table 4-1 compares the specifications of the proposed first stage amplifiers and the state of 

the art. The amplifiers chosen in the table are the best among the recent published designs 

regarding the power, the area, and the noise performance. As shown in the table, different 

topologies and structures result in different performance of the neural amplifiers. Theoretically, the 

folded-cascode amplifier shows better NEF compared to current mirror amplifier, since larger 

portion of the bias current is consumed by the input differential pair which helps reduce the noise 

contribution from the transistors other than the input differential pair. However, the current mirror 
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topology has better immunity to the process variations compared to the folded-cascode structure as 

described in section 2-2. The telescopic topology shows the best area saving due to the least 

transistors being used. However the input and output common voltage range and the output 

dynamic swing of the telescopic topology are much less compared to other topologies. Thus the 

telescopic topology is not often used in recent neural amplifier designs.   

Table 4-1. Comparison between the proposed amplifiers and the state of the art 

 Harrison 

[6] 

Sarpesh

kar [22]  

Carlen 

[49] 

Thakor 

[50] 

Section 

3-1 

Section 

3-2 

Section  

3-3 

Tech. (μm) 0.5 0.5 0.35 0.5 0.5 0.13 0.13 

Topology Current-

Mirror 

Folded-

Cascode 

Telescop

ic 

Folded 

Cascode 

Folded-

Cascode 

Current-

Mirror 

Folded- 

Cascode 

Structure Single-E

nded 

Single-E

nded 

Single-E

nded 

Fully- 

Diff 

Single-E

nded 

Single-E

nded 

Fully-Dif

f 

Voltage (V) 5 2.8 3 3.3 3 1 0.8-1.5 

Current (μA) 16 2.7 1.4 8 7.5 2 1.4 

Gain (dB) 40 40.85 34 39.6 40 40 40 

noise (μVrms) 2.2 3.06 7 1.94 3.5 10.5 5.6 

BW (kHz) 7.2 5.3 5 8.2 1.25 7.8 7.8 

CMRR (dB) >83 66 - >76 - >50 >65 

PSRR (dB) >85 75 - >70 - >60 >50 

Area (mm
2
) 0.16 0.16 0.02 - 0.18 0.06 0.15 

NEF 4.0 2.67 4.6 2.9 8.8 5.8 2.9 

 

The main difference between the single ended and the fully differential structure lies in the 

common mode noise rejection. The fully differential structure shows better rejection to the 

common mode noise and the supply noise, which is more important if the amplifier is integrated in 

the BMI system since the switching noise from the digital blocks may be coupled to the amplifier 

and the supply. But the fully differential structure requires additional common mode feedback 

circuits that may add additional power consumption.  
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Figure 4-9. Comparison of the noise efficiency factor among the state of the art. 

The proposed amplifier in Section 3-1 should have better NEF as predicted by design, but the 

transistor sizes are not optimized for the noise performance and the current consumption is not 

measured directly but estimated by the simulation result which may cause large difference in the 

NEF result. The proposed amplifier in Section 3-2 shows much better area saving by sharing the 

single OTA among four independent channels with time-multiplexing technique. But the transistor 

sizes are not chosen to be the best for optimizing the noise performance. The proposed amplifier in 

section 3-3 achieves a very low NEF due to the supply current modulation scheme which helps 
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attenuate the noise contribution from the transistors other than the input differential pair. But this 

amplifier requires additional control circuits to generate the clock for the supply current 

modulation. 

Figure 4-9 shows the NEF comparison among the state of art. The lower NEF represents a 

better achievement over the tradeoff between the power consumption and the noise performance. 

For most of the designs showed in Figure 4-9, the NEFs are achieved below 10. The three 

proposed amplifiers are also labeled in this figure.  
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CHAPTER 5 

5 A 190 μW-915 MHz ACTIVE NEURAL TRANSPONDER WITH 4-CHANNEL TIME 

MULTIPLEXED ANALOG FRONT END 

This chapter reports a highly integrated neural tag for the constant recording of the 

bio-signal data. The analog front end (AFE) uses the time multiplexed architecture for sensing 

the four independent neural channels. The AFE includes a front end amplifier with tunable 

bandwidth, four low power buffer stages and an 8-bit Successive Approximation Register (SAR) 

ADC. The amplifier and the buffer stages together measure a mid-band gain of 53 dB and an 

input referred noise of 12.5 µV with a noise efficiency factor (NEF) of 8.6. Digitized streaming 

signal from AFE are packetized and transmitted via a low power 915MHz backscattered 

modulator. This system also includes an ASK/PWM receiver that allows for user control of the 

system configurations. The entire system dissipates 190μW while fully operational, which 

enables the device functioning for months without replacing the battery. The chip was fabricated 

by using UMC 130nm process, with a total die area of 1.64mm
2
. 

5.1 Motivation 

The Brain Machine Interface (BMI) provides a direct communication pathway between the 

human brain and an external device for the transfer of neural information, ideally conveying 

human intent. The BMI is a promising technology that can partially restore the motor function 

for patients suffering spinal cord injury, neuromuscular disorders, or epilepsy [51]. BMI systems 

can be implemented by using various recording modalities such as EEG 

(Electroencephalography) over the scalp, ECoG (electrocorticography) that uses the subdural 

electrodes, or Single Unit Activities that utilizes the penetrating micro-wire arrays. The proposed 

system targets at animal studies that employ micro-wire arrays for their localized, high spectral 

range and high SNR action potential recording capabilities [52].  

Chronic measurements of the physiological neural signals require the low power 
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micro-systems incorporating the functions including amplification, DSP, and wireless 

transmission. The analog front end (AFE) should be capable of recording low level biological 

signals with amplitude from 50μV to 500μV. The AFE should be able to eliminate the effect of 

DC potential shifting at tissue-electrode interface and the local field potential that accompanies 

the useful neural spikes [24]. The entire BMI system must be small in scale and hence highly 

integrated; very low power and energy efficient to minimize heat generated by the device; low 

noise to condition the weak neural signals; and capable of wirelessly transmitting.  

Over the past few decades, plenty of neural recording micro-systems are focusing on 

decreasing or even eliminating the hardwire connection to minimize the risk of infection and to 

increase the mobility of behavior animals [37]-[47]. A significant challenge for those systems lies 

in the powering strategies which have the option of powering through a wireless inductive link or 

a miniature battery. The inductive link is able to deliver sufficient power (several milliwatts) 

through a small size coil, however the range of the wireless link is limited within tens of 

centimeters [17] [18] [19]. Noticing the data link of TX and RX is capable of transmitting signals 

wirelessly for meters, the inductive link for powering acts as a bottleneck which may cause 

inconvenience for both external reader and the animals under test. The use of a small size battery 

greatly extends the range of communication, but it suffers limited amount of capacity and 

requires replacement of the battery for a certain period [53] [12]. An improved method includes a 

rechargeable battery that can be powered in a short range and send/receive signal at a much 

larger distance [16]. But this type of batteries, such as nickel metal hydride, lithium iron usually 

have relative smaller energy density and call for extra control of the voltage levels. In this 

chapter, we propose a system that entails low power components performing the task of neural 

recording but consumes less than 200μW while full functioning, so the entire device can be 
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continuously powered through a high density battery for months, such as zinc air, silver oxide, 

which are as much as necessary for the bench top neural studies. 

This design achieves energy efficiency by utilizing the time multiplexed AFE and a passive 

wireless transmitter, since those two blocks are usually the dominant portion of the entire system 

power budget. The low noise AFE has a single primary operational transconductance amplifier 

(OTA) that is shared by four independent input channels in order to decrease the power 

consumption on average and to save area as well (see section 3-2). The digitized data from the 

output of the AFE is further processed via packetizing logic, modulation, buffering, and wireless 

transmission by a 915 MHz modulator. The system is also capable of updating the chip settings 

by external control through a low power receiver.  

This chapter is organized as below: in section 5-2, the function of the entire system is 

described, in section 5-3, the operation of the multiplexed analog front end is briefly introduced, 

section 5-4 and 5-5 describe the transmitter chain and receiver chain, respectively, section 5-6 

shows the measurement setup and the test result, in section 5-7, a brief conclusion is drawn. 

5.2 System Functionality 

The proposed neural transponder architecture is shown in Figure 5-1. The on-chip part 

consists of a transmitter (TX) chain and a receiver (RX) chain. The complete system also 

includes several external components: a 1.2V battery (not shown), a 915MHz ISM band antenna 

which is matched to the input of the receiver, and the electrodes for probing the neural signals at 

the cellular level. 

The frontage of the transmitter chain is a 4-channel time multiplexed AFE that amplifies 

and digitizes four channels sequentially. The primary purpose of using time multiplexing 

technique is to achieve energy efficiency under low bias condition, as explained in section 3-2. 

Secondly, multiplexing is apparently more area economical by sharing one core OTA and ADC 
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among four channels. Thirdly, the output from the AFE is an already serialized and digitized data 

stream that can be easy processed by following stages.   

 

Figure 5-1. System block diagram.  

The digitized data from the output of the AFE is further packetized into a certain data 

pattern in order for external reader to discern the boundaries of the four channels. A MUX 

thereafter selects between the output from the packet logic and the output from the pseudo 

ransom bit sequence (PRBS) generator. The PRBS is used to characterize the performance of the 

wireless transmitter and is shut down with no power consumption during normal operation of 

neural signal acquisition. The output of the MUX is first modulated by an on-chip oscillator and 

then buffered through several inverting stages to drive a large backscattering switch. The TX 

transmits the streaming data via modulating the incident RF carrier by toggling the impedance of 

the antenna.  

The receiver (RX) chain utilized in this system allows for external control of chip settings, 

such as bandwidth, sampling frequency, and oscillating frequency. The front end of the RX chain 
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is a back-scatter cancelling circuit used to minimize the TX switching noise been couple into the 

receiver chain, and thus helps the full duplex operation. The following stage is an envelop 

detector that extracts the RX signal from the pulse width modulated (PWM) RF carrier. The 

buffer stage further converts the envelop into a rail to rail signal. Since the RX signal is 

transmitted without the accompanying clock information, there is a clock and data recovery 

(CDR) circuit which generates a corresponding clock aligned to the edge of the data. Therefore 

the RX data is readily available and can be further stored into the register bank to control the 

internal chip settings. Continuous operation of the RX chain enables constant refreshing of the 

register bank. 

Power dissipation in modern wireless micro-systems is largely dictated by the transmitter 

and the AFE. Different transmitter topologies may consume the power in the range of milliwatts, 

while the AFE draws power proportional to the number of channels [17] [12] [18]. To decrease 

the power dissipation associated with data transmission, it is important to limit or possibly 

eliminate the highest frequency generated on chip which is required for the up-conversion of TX 

signal onto the RF band. On the other hand, a higher carrier frequency is still preferred due to its 

larger bandwidth and smaller wavelength which refers to a smaller size of antenna. In this design, 

we employ a low complexity backscattered transmitter which shifts the highest frequency 

generation to external device. So, the on-chip side only generates the clock reference that creates 

the sidebands on the RF carrier [21] [13] which shows significant frequency and power 

reduction.  

5.3 Transmitter Chain 

This transmitter chain utilizes the time multiplexed analog front end (AFE) shown in Figure 

3-11 in section 3-2. The bandwidth and the sampling frequency of the AFE are tunable by 

external user through the receiver chain. 
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5.3.1 High Pass Filter and Buffer Stage 

Figure 5-2 shows the schematic of the high pass filter and the buffer stage utilized in the AFE. 

This stage consumes much less current compared to the first stage amplifier, since the first stage 

amplifier has a gain of 40dB which helps attenuate the noise contribution of this stage while being 

referred to the input of the first stage. The second stage amplifier consumes the total current of 

600nA, with 100nA and 500nA flow through MP0 and MP4 respectively. The output leg MP4 and 

MN3 consumes higher current which is required to flow through the feedback resistors (R1, R2) 

and to drive the following stage.  

 

Figure 5-2. Schematic of the high pass filter and the buffer stage. 

The input of this stage is AC coupled and is filtered at the front end. The corner frequency is 

determined by the values of the resistor and the capacitor as shown in Figure 5-2. Adaptive tuning 

of the resistance gives the flexibility of choosing the corner frequency which helps attenuate the 

local field potential accompanying the useful neural signal. The switches that control the 

resistance are four MOSFETs in parallel and have the ‗on‘ resistance much less than the series 

resistor. The controlling signals for those switches are applied by external user and is extracted by 



103 

the receiver chain.  

The output DC operating voltage is set to VMID, which is half of the supply voltage in order to 

maximize the output dynamic range. The gain of this stage is determined by the resistor ratio, 

(R1+R2)/R1. There are tradeoffs for choosing the resistor values. First, the feedback resistor R1 

and the gate parasitic capacitance of MP1 form a low pass filter, but this amplifier is used for 

neural application with input signal within tens of kHz, so the corner frequency is high enough and 

can be neglected. Second, the resistance of R2 sets the lower limit of the DC bias current of MP4 

and MN3, because the OTA must supply enough current to flow through R1 and R2. For example, 

if the output voltage is 0.8V and VMID is 0.5V, there is 0.3V voltage drop across R1 and R2, thus the 

current flowing through R1 and R2 is 0.3V/(R1+R2) which is supplied by MP4. Therefore the 

MP4 must has DC current high enough to support the maximum output swing. In low power 

design, the resistor value should be chosen as large as possible. Third, the technology of 

UMC130nm uses Poly layer as resistors, which is not as area efficient as thin-film layer, so there is 

tradeoff between the power consumption and the area. Since there are totally 4 channels in this 

system, we choose the resistor value to be 320k and 1280k for R1 and R2, respectively, to achieve 

both power and area efficient.  

The miller capacitor CC used for compensation also determines the bandwidth of the 

amplifier. There is a switch formed by transmission gate to control the value of this capacitor as 

well as the bandwidth of this stage. The controlling signal of this switch is acquired from the 

receiver chain. The width ratio of MP4 over MP0 is around 5, so the DC current ratio of MN3 over 

MN1/2 is around 10. Therefore the width of the MN3 should be set to 10 times the width of MN1/2 

for less DC offset. 

Figure 5-3 shows the schematic of the reference VMID generator. The VMID reference is used 
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for both biasing the first stage amplifier and the second buffer stage. The reference must be able to 

source and sink current since the second stage amplifier may have positive or negative output. 

Therefore this regulator uses complementary structure which is able to source and sink large 

current. The half supply reference is generated by four diode connected PMOS transistors in series, 

as shown on the left of Figure 5-3, MP6/7/8/9. Each of the PMOS is placed in its own separated 

NWELL and the NWELL is tied locally to its source to avoid body effect that may cause mismatch 

among those four diodes.  

5.3.2 Middle Voltage Generator 

 

Figure 5-3. Schematic of the middle voltage generator.  

The VMID generator uses two stage structure, so there are two miller capacitors in parallel with 

MP3 and MN3, respectively, to compensate the secondary pole at the output (VMID). The drawback 

of this circuit is that the output leg formed by MP3 and MN3 is not biased by a fixed current source. 

Therefore, the DC current flowing through MP3 and MN3 is undeterminable regarding the process 

variation. For example, if there is DC offset between MP1 and MP2, the drain voltage of MN2 may 
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slew high and command large current to flow through NM3. Since the negative feedback loop can 

avoid the drain voltage of MN2 from rising too high in this case, the feedback will help limit the 

DC current flowing through the MN3. However, the worst case may happen if there is offset in 

MN4 and MN5 too. This offset may command large DC current flow through MP3. If both MN3 

and MP3 are commanded for large current due to process variation (offset), the VMID regulator may 

consume current that exceeds our power budget.  

5.3.3 Low Power SAR ADC 

 

Figure 5-4. Schematic of low power SAR ADC. 

Following the second gain stage, the four outputs of the buffer stages are digitized using a 

standard 8bit SAR ADC, as shown in Figure 5-4. The ADC digitizes four channels sequentially. 

For each channel in track time, the buffer output is disconnected from the holding capacitor CH2, 

and CH2 is connected to the plus terminal of the comparator for digitization. For the other three 

channels in hold time, the buffer stages are connected to the CH2 to refresh its voltage from 

amplifier output. The switches that connect the CH2 consist of PMOS and NMOS transmission 

gate. 

Although the four phase controlling clocks (S1-S4) are non-overlapping, there is still charge 
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redistribution between channels through the parasitic capacitance CP at the input of the 

comparator. The holding capacitor CH2 has the value of 7.5 pF and the estimated input parasitic 

capacitance of CP is about 9 fF. Thus the ratio of those two capacitance is about 830 which limits 

the maximum possible charge redistribution error within 0.33LSB. 

The capacitor array consists of metal to metal fringing capacitors which have accurate value 

for matching in UMC130nm technology. Since this process has 8 levels of metal available, the 

capacitors use 6 layers of metal to save area. The LSB of the array has a value of 40fF, which is 

approximately equal to the parasitic capacitance at the common top net of the capacitor array. 

Figure 5-5 (A) shows the layout structure of the capacitor array and Figure 5-5 (B) shows the 

layout of the single unit of fringing capacitor. All the 8 bits of capacitors are in common central 

layout thus achieve better matching across process variations. 

A B 

Figure 5-5. Layout of the capacitor array. A) Common central layout, B) fringing capacitor. 

Figure 5-6 shows the schematic of the comparator used in ADC. Since the output of the 

buffer stages has voltage swing close to the supply and the ground rail, the comparator uses a 

NMOS and PMOS complimentary differential structure for a rail to rail input range comparison. 

The comparator uses symmetric structure with matched layout to cancel the switching noise in 
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common mode. At the output, although only the positive side is used for ADC logic, there are 

buffer inverters on both positive and negative outputs, which help reduce the offset created by 

the inverter input parasitic.  

 

Figure 5-6. Comparator of the ADC. 

The clock signal (CK) controls the resetting of this comparator to avoid the affection from 

previous comparison result. When CK signal is high, the two top cross coupled PMOS transistors 

have their drain voltage being reset to supply voltage and the bottom two cross coupled NMOS 

transistors have their drain voltages being shorted together. Thus the previous comparison 

affection is eliminated and the result of current cycle is available at net COMP after CK signal 

goes low. The duty cycle of CK signal is about 50%, so there is enough time for both resetting 

(CK high phase) and for comparison result to settle (CK low phase). The output of the 

comparator COMP is latched to the ADC output CODE at the rising edge of CK signal. Since 

four channel outputs are digitized sequentially, the output of the ADC is the serialized digital 

stream which can be easily processed by the packet logic stage. 

Figure 5-7 shows the SAR logic for ADC. Before each conversion begins, there is the clear 
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signal on net CLR to reset all the flip-flops and discharge the capacitor arrays. The first flip-flop at 

the bottom has initial output of ‗1‘ and all other flip-flips at the bottom at initial output of ‗0‘. After 

reset, the clock will force the single ‗1‘ signal running through all the bottom flip-flops to enable 

the conversion sequentially.  

 

Figure 5-7. SAR logic diagram. 

 

Figure 5-8. Schematic of the latch for the capacitor array. 

Figure 5-8 shows the schematic of the latch used in the SAR logic. When the CK signal is low, 

it forces the output to be high. When CK signal is high, it latches the input signal to the output. 

Since all the eight latches in the SAR logic have input tied to the output of the comparator on net 

COMP, each latch locks one bit comparison result. As describe before, there is a single ‗1‘ running 
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through all the flip-flops in the SAR logic, therefore those flip-flops triggers eight latches 

sequentially and store the comparison result into each latched output bit. 

 

Figure 5-9. Timing diagram of ADC operation. 

The timing diagram for ADC is shown in Figure 5-9. The clock signal CK is divided down by 

11 cycles to generate the resetting signal CLR and the channel selecting signal CK4. The CLR 

signal is used to discharge the top plate of the capacitor arrays and to reset all the flip-flops in the 

SAR logic. The CK4 signal is further divided down to generate the 4 phase non-overlapping clocks 

S1-S4, which are used to select one of the 4 multiplexed channels for ADC conversion. For each 

conversion, the 8 bit ADC output CODE begins at one clock cycle after CLR resetting. The ADC 

output CODE of four channels is packetized with 8 bits header and one zero inserted between 
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channels. The header is used for identifying the boundary of the packet for wireless reconstruction. 

The entire packet has 44 clock cycles as shown in the timing diagram. 

5.3.4 Transmitter Chain Logic 

In order for proper operation of the packet logic circuits, PRBS and the register bank, an 

initial reset clock with enough on time is required. Figure 5-10 shows the power on reset circuit or 

POR used to reset the initial states of the logic circuits.  

 

Figure 5-10. Schematic of the power on reset circuit. 

As shown in Figure 5-10, the input of INV1 is tied to the supply voltage VDD, thus after 

initial power up, the output of the first stage INV1 is kept ground all the time. So the capacitor C11 

has initial voltage of 0V and is charged up through the diode connected NMOS MN1. Thus the net 

VX1 at the output of INV3 has an initial voltage of 0V which makes the net at the output of INAN1 

has an initial voltage of VDD and the net VPOR has an initial voltage of GND. After initial power 

up, C22 is charged up to VDD but with a faster speed compared to C11 charging speed since the 

diode connected MN1 limits the charging current for C11. Once the C22 is charged across INV5 

threshold and C33 is discharged to GND, the voltage on net VX2 is VDD. After C11 voltage rises 

across the threshold of INV2, the net VX1 will be VDD and the net VX2 will remain at VDD for a 
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while, therefore the VPOR voltage will be at VDD for a while. After the C22 is discharged and 

C33 is charged across INV6 threshold, the VPOR will toggle to GND again and the entire POR 

circuit will consume negligible power later on.  

To avoid chattering due to noise or supply bouncing, there is positive feedback transistor MP2 

that charges C11 immediately to VDD once VX0 passes the threshold of INV2. 

Following the AFE, there is a packet logic block that transforms the streaming data from the 

ADC output to the data pattern shown in Figure 5-11, which helps the wireless recovery. Each 

data packet has 44 bits, including 4 channels ADC data and an 8-bit header. The external reader is 

therefore able to extract the channel information by capturing the header as the boundary of each 

packet. 

 

Figure 5-11. Data pattern of one packet. 

In order to facilitate the transmitter measurement, an 8 bit on-chip pseudo-random bit 

sequence (PRBS) generator is included, which is in parallel with the packet logic block, as shown 

in Figure 5-1. A MUX is used to select either the PRBS output or the packetized data from the AFE 

output. During normal operation of the neural signal acquisition, the PRBS is shut down and 

consumes negligible power. 

This design transmits the neural signal by utilizing a low complexity backscattered 

modulator to eliminate the need for the highest RF frequency generated on-chip. Thus on-chip 

only a local clock reference of less than 16MHz is generated. The on-chip clock is provided by a 3 

stage current-starved ring oscillator. Four bits tuning of the oscillator allows the frequency 

programmable from 6MHz to 16MHz.  

0 0 0 0ch1 ch2 ch3 ch4Header

44 bits for each packet

8 bits8 bits
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5.3.5 System Clocking and Modulation 

Figure 5-12 shows the schematic that generates the four phase non-overlap clocks. The 

input signal CK4 is the divided down signal of CK by 11 cycles, so it has the period of one 

eleventh of the CK period. In order to guarantee enough time intervals between non-overlapping 

gaps, there is a delay cell comprised of inverters with large length MOSFETs, therefore the net ‗a‘ 

and net ‗b‘ are non-overlapping two phase clocks. The non-overlapping two phase clocks ‗a‘ and 

‗b‘ are further divided down to generate the 4-phases non-overlapping clocks S1-S4.  

 

Figure 5-12. Four phase non-overlapping clock generator. 

The clocking for each block in the transmitter chain is organized as follows: the oscillator‘s 

frequency fOSC ranges from ~6MHz to 16MHz and is tunable by four controlling bits. The clock 

frequency or the bit rate of ADC is fOSC/16, which means there are 16 clock cycles modulating 

each ADC bit and helps separate the modulated sideband from RF carrier with enough frequency 

difference. The sampling frequency of the ADC is fOSC/ (16x11), which means the sampling clock 

is generated by further division of ADC clock by 11 cycles. The 8 of the 11 clock cycles are used 

to generate the 8 bits of ADC output for each channel, while the remaining 3 clock cycles are 

used to reset/resample the logic circuits. Therefore, each channel has the sampling frequency of 

fOSC / (16x11x4) which is the frequency of the non-overlapping clocks S1-S4. Thus the total 44 

clock cycles forms a data packet as shown in Figure 5-11.  

The proposed low power modulator transmits the packetized data by backscattering the 

incident ISM band 915MHz carrier. In order to assure enough reflection energy, a large 
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backscattering switch (100um/0.12um) is utilized to perform the ASK modulation by toggling 

the impedance between the two nodes of the antenna. Several digital buffers are added ahead to 

drive the large backscattering switch at Mega Hertz frequency. 

5.4 Low Power Receiver Chain 

 

Figure 5-13. Block diagram of the receiver chain. 

Figure 5-13 shows the simplified schematic of the non-coherent receiver used to download 

external commands. In order to facilitate the full-duplex operation and eliminate the switching 

noise coupled from TX chain, a set of two half sized dummy switches are placed along the 

receive path to cancel the TX switching noise and the charge injection from the large 

backscattering switch. The modulated RF carrier is AC coupled to the envelop detector, which is 

biased by an internally generated DC reference VB. 

 

Figure 5-14. Schematic of the envelop detector. 
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The envelop detector, shown in Figure 5-14, utilizes an unbalanced source-coupled pair 

with the gate W/L ratio of 16 between the cross-coupled differential pair transistors. This 

topology acts as a full-wave rectifier by exploiting the second order non-linearity of the source 

coupled pairs. 

Figure 5-15 shows the simulated output of the unbalanced source coupler VREC by DC 

sweeping the differential input voltage ΔV. The input and output show approximately parabolic 

relationship within a small range of ΔV (-50mV to 50mV) [54]. Therefore the envelop is rectified 

by using the second order effect. 

The rectified signal is subsequently amplified by a 20dB gain stage with cutoff frequency at 

around 200 kHz that helps attenuate the high frequency components, especially the noise coupled 

from TX chain. A rail-to-rail digital signal is extracted by comparing the unfiltered envelop 

signal VENV with a low ripple filtered reference VREF.  

 

Figure 5-15. DC sweeping of the unbalanced source coupler. 

The envelop encodes the PWM data by 30% or 70% duty cycle representing a ‗0‘ or a ‗1‘, 

respectively. Since data transitions are available every cycle, the full-rate NRZ clock edges are 

readily available and additional clock recovery circuitry is not required. Data is extracted by 
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integrating the PWM signal and comparing the integrated result with a reference voltage at each 

falling edge.  

5.5 Measurement Result 

The chip was fabricated by using the UMC130nm technology, and the die picture is shown 

in Figure 5-16. The chip was bonded in a Plastic leaded chip carrier (PLCC) package and 

mounted on a 2 layer PCB board for evaluation, as shown in Figure 5-17. The AFE functionality 

was independently characterized by using the 3567A Dynamic Signal Analyzer for measuring the 

bandwidth, gain and noise performance. A signal generator and an artificial spike train 

synthesizer were used to characterize the time domain operation of the AFE.  

 

Figure 5-16. Die picture. 

The transmitter measurement was set up by connecting three 915MHz antennas to the PCB 

board, RF source generator, and the mixed signal analyzer (MXA), respectively. Then set the 

MXA input sensitivity to be -40dBm, otherwise the backscattered spectrum cannot be discerned. 

The spectrum shown in the MXA has the side bands on both upper and lower side of 915MHz 

carrier.  

TX/RX
& Logic 

8 Bit SAR ADC

4 channel 
Amplification stage
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Figure 5-17. Measurement setup for system characterization. 

 

Figure 5-18. Measured waveforms in receiver chain. 

To reconstruct the TX signal, the MXA is set to the analog demodulation mode with the center 

frequency located at the sideband of the carrier. The demodulation BW should be set low enough 

to void the 915MHz carrier from saturating the demodulator. Use the eye diagram function of the 

MAX to check the robustly of the recovered digital pulses. The longest time that MXA can record 

is 40msec. The saved data through USB connection can be loaded to the computer. Then the 

recovered bit sequence should match the PRBS simulation result. If the AFE is selected active by 

the MUX as shown in Figure 5-1, the program at external PC can extract the packetized header 

and the ADC bits and therefore reconstruct the original analog signal that fed into the AFE. 
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CKRX

Data
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The functionality of the receiver is checked by measuring the waveforms shown in Figure 

5-18 with the function diagram shown in Figure 5-13. The top waveform is the detected envelop 

VENV with 30% and 70% duty cycles representing ‗0‘ and ‗1‘ respectively. The second one shows 

the output voltage of the charge pump VINT which is generated by integrating the envelop signal 

with different duty cycles. The bottom waveform is the recovered data resulted from the 

comparison between the integrated waveform VINT and an on-chip reference. The recovered data 

is then stored in a register bank to control the system settings.  

A B 

C D 

Figure 5-19. Measured transmitter performance. A) Measurement setup with antenna, B) 

backscattered spectrum, C) demodulated time domain pulses and D) recovered eye 

diagram. 

Figure 5-19 (A) shows an example antenna optimized at 915 ISM band. Figure 5-19 (B) 

shows the sideband of the carrier. Figure 5-19 (C) shows the demodulated time domain pulses. 

Figure 5-19 (D) shows the recovered eye diagram. The measurement was implemented by 



118 

enabling the PRBS function with the data rate of 660kb/s while the external reader antenna is 

placed at about one meter away from the chip antenna.  

To check the functionality of the AFE together with the wireless transmission, a 

pre-recorded neural signal was applied to the input of the AFE periodically. Figure 5-20 shows 

the comparison between the amplifier output and the recovered waveform after wirelessly 

reconstruction.  

 

Figure 5-20. Comparison between amplified and wireless recovered signal. 

The entire chip power dissipation is around 190μW while the system is fully functioning. A 

pie chart for the power distribution is shown in Figure 5-21. The power dissipation of the AFE and 

the TX in this chip is no longer the dominant portion of the entire power. By utilizing a passive 

backscattered transmitter, the majority power consumption in the TX chain comes from the 

low-frequency oscillator and the digital buffers. The dominant power dissipation of this chip 
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comes from the logic block that performs the task of data packetizing which can be further 

optimized by using smaller width transistors.  

 

Figure 5-21. Pie chart of the power distribution. 

Table 5-1 lists the summarized system parameters. The AFE used in this system is the same 

design but different version of the structure described in section 3-2, so the measurement results 

are different.  

Table 5-1. Performance summary of active neural transponder 

Parameter Value  

Technology 0.13μm CMOS  

Supply 0.8-1.2V  

Total power 190μW  

Chip area 1.64 mm
2
  

# of Channels 4  

THD @ (1.5mV) <0.6%  

CMRR/PSRR >60dB  

3dB freq. Low 85-300Hz  

3dB freq. High 4-8.5 kHz  

Mid-band gain 53.5dB  

Current 1
st
 stage 2.5 μA  

Input Ref. noise 12.5 μV (NEF~8.6)  

ADC res. /Samp. rate 8 bit/8k-44kHz  

TX Mod. Backscatter/OOK  

Data rate 380kb/s-1Mb/s  

RX Mod. ASK/PWM  

Input sensitivity -28dBm  

 

5.6 Design Summary 

This chapter introduced an ultra-low-power 4-channel neural recording system. The time 

multiplexed amplifier and the ADC convert the weak neural signal into a serialized bit stream. 

17%28%

16% 39%

RX

TX Logic 

AFE
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Full duplex operation is guaranteed for the passive backscattered TX and low power RX. The 

NEF of the time multiplexed amplifier achieves a value of 8.6. The entire system dissipates 

190μW and occupies an area of 1.64mm
2
. This system also exhibits great potential of being 

scaled to a system with larger channel counts in subsequent generations.  
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CHAPTER 6 

6 A 20 μW NEURAL RECORDING TAG WITH SUPPLY CURRENT MODULATED AFE IN 

0.13 μm CMOS TECHNOLOGY  

This chapter describes a low power and highly integrated tag for perpetual recording of neural 

signal. The system achieves low power and energy efficient by utilizing a supply current 

modulated analog front end (AFE) and a low power backscattered transmitter. The system also 

includes an 8-bit SAR ADC, a low frequency oscillator, a passive receiver and a low power 

frequency decoder. This system allows for user control of the oscillator frequency and the 

amplifier bandwidth. The measured total input referred noise is 14 μV integrated from DC to 50 

kHz, with noise efficiency factor (NEF) of 6. This chip was fabricated by using UMC130nm 

CMOS process with total area of 1.44 mm
2
. The entire power consumption of this chip is 20μW 

while full functioning. 

6.1 Motivation 

During the past several decades, BMI has emerged as a promising technology that helps 

understand the interactions between neurons and the brain-behavior relationships. The 

implementation of BMI experiments usually involves non-human animal models, such as rats, 

mice, or non-human primates. The experimental achievements implicate a better insight of human 

pathology and neural therapy with applications range from neuromuscular disorders, spinal cord 

injuries, to treating epilepsy. However there exists various design considerations for acquiring the 

neural signal with higher quality and longer period but being less invasive. For instance, any 

tethered hardwire will not only augment the risk of skin irritation and the possibility of infection, 

but also affect the experimental result if the animals are aware of the existence of hardware 

connection. Therefore modern BMI systems call for wireless communication and powering. 

Moreover, the power consumption of the BMI systems is another critical design consideration 

which affects the system performance such as the recording lifetime, the range of wireless 
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transmission and the heat damage to cells. Additionally, because of the limited space at the 

recording site, the entire BMI device should be highly integrated with minimum off-chip 

components.  

The typical structure of modern neural micro-systems may incorporate (not necessary) the 

functions including amplification, A/D conversion, digital processing, and wireless transmission 

through a short range. The main differences among designs lie in the powering strategies, number 

of channels, data rate, and the range of transmission. Systems utilizing a small battery [11] [12] [13] 

[14] successfully eliminate the hardwire connection for powering but has limited recording 

lifetime due to the finite capacity. For permanently powering the device without using a battery, 

the systems can utilize a low frequency and close proximity inductive link [6] [15] [16]. 

Nevertheless, this kind of powering method requires a coil, and the range is limited within several 

tens of centimeters. More recently, the attempt of constructing a single channel system with only 

low power elements (AMP, ADC, TX & RX) exhibits great efficiency improvement which makes 

the far field wireless powering and communication feasible [20] [21]. This technique significantly 

increases the animal mobility and reduces the size of the final prototype by using the single 

antenna approach. However, far field powering with a relatively small energy provision suffers the 

limited power available for the system and also limits the number of channel counts. The proposed 

system in this chapter utilizes an adaptive powering strategy for laboratory research which can be 

powered by either the wireless link or a small battery. In the cases of fixed animal mobility and 

clear wireless path, far field powering is feasible with unlimited recording time, whereas in the 

conditions with more restrictions, switching to the battery power mode will increase the 

transponder sensitivity and allow for a larger range of communication.  

The proposed system also utilizes several power saving techniques that support the far field 
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transmission: (1) the use of the supply current modulation amplifier to reduce the average power 

consumption in the analog-front end (AFE) and allocate larger instantaneous power during track 

time for amplification, processing, and communication; (2) an uplink communication using the 

far-field backscattering technique which shifts the burden of generating the highest frequency to 

the external devices; and (3) a low power receiver that allows for the user control of the system 

bandwidth and the sampling rate to reduce the redundant power consumption. 

This chapter is organized as follows. Section 6-2 describes the system level design 

considerations. Section 6-3 introduces the wireless powering strategy and the techniques for full 

duplex operation. Section 6-4 and section 6-5 demonstrate the TX and RX train operation, 

respectively. Section 6-6 presents the measurement result and section 6-7 draws a simple 

conclusion of this design. 

6.2 System Level Design Considerations 

There are several critical design issues and tradeoffs need to be considered at the system level: 

the input referred noise versus the power consumption, the gain of the pre-amplifier versus the 

resolution of the ADC, the bandwidth of the AFE versus the data rate of transmission, and the size 

of recording device versus the efficiency of the antenna. The following of this section describes 

how modern BMI systems deal with those design issues. 

One of the most significant design parameters in the BMI systems is the input referred noise. 

According to the practical measurement results, the amplitude available at the input of the system 

is around or below 100μV in most cases with the background noise of around 10μV. Therefore, the 

total input referred noise of the BMI system should be limited within that range too. The maximum 

allowable input referred noise sets the lower limit of the current consumption of the front end 

amplifier.  

Since the total noise floor is around 10μV, the effective LSB of the ADC should be chosen 
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below that value. Assuming the pre-amplification stage has a gain of 60dB, an ADC with reference 

of 1V and the resolution of 8 bits has the LSB of 4μV, which is well below the noise level and 

enough to discern the input signal.  

In order to reduce the power consumption of the amplifier without sacrificing the noise 

performance, this design utilizes a supply current modulation scheme to lower the average supply 

current without much reduction of the noise efficient factor (see section 3-3).  

To avoid redundant sampling speed and thus excess power dissipated in the digital block, this 

system allows for user control of the amplifier bandwidth and the sampling rate together. Since the 

Nyquist rate of sampling is determined by the bandwidth of pre-amplification stage, the entire 

on-chip oscillating frequency is adjusted to follow the changing of the bandwidth of the amplifier. 

For instance, lowering the bandwidth of the amplifier reduces the sampling frequency required; by 

reducing the oscillator frequency accordingly, the power consumption of all digital parts is 

therefore decreased. 

Perpetual or permanent data acquisition necessitates the use of wireless powering from a 

short distance. However, the stringent implant site or the carry-on size limits the size of antenna 

and calls for the far-field wireless powering. Thus, except for reducing the power consumption of 

the BMI system, it is important to improve the efficiency of the antenna and the rectifier. This 

design utilizes a matching network between the antenna and input of the rectifier to maximize the 

power delivery.  

To avoid the highest frequency generated on-chip, this design utilizes a passive backscattered 

transmitter and modulates the instant RF carrier which results in obviously power reduction for 

communication.  

The overall system function diagram is shown in Figure 6-1, which consists of the on-chip 
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part and several off-chip components. The on-chip part is comprised of three building blocks, the 

system powering block, the transmitter chain, and the receiver chain. The off chip part includes a 

switch that allow for choosing between the wireless power mode BS the battery power mode, the 

electrodes for probing the neural cells, and a matching network for impedance matching between 

the antenna and the rectifier. 

 

Figure 6-1. System block diagram. 

 The single antenna connected to the power acquisition block is also used by the transmitter 

chain and the receiver chain. In the power acquisition block, the limiter and the regulator stages 

follow the rectifier and provide a stable supply for the rest of the system. In the transmitter chain, 

in order to achieve better energy efficiency, the bias current of the first stage amplifier is modulated 

by the controlling clock with 10% duty cycle, separating the amplifier from an active track mode to 

a low power hold state. An on chip low frequency oscillator (several Mega Hertz) modulates the 

streaming data from the ADC output. The modulated signal drives the large backscattering switch 

to short or open the two nodes of the antenna, creating a sideband around the RF carrier. The low 

frequency envelop of the RF source contains the controlling information of the chip settings. The 

passive envelop detector demodulates the envelop and is followed by the frequency to digital 
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decoder, which extracts the command information from the frequency of the envelop. The receiver 

chain allows for user control of the amplifier‘s bandwidth (BW), the correspondingly sampling 

frequency (fess) and the oscillator frequency. The full duplex operation is ensured in this system for 

both transmitting and receiving with one shared antenna. 

6.3 System Powering 

 

Figure 6-2. Schematic of the rectifier, limiter and storage capacitor. 

As shown in the system function diagram in Figure 6-1, the chip has two powering modes 

controlled by an off chip switch. The battery mode allows for wider transmission range but has 

limited recording lifetime, while the wireless power mode maximizes the recording time but at the 

expense of less communication range. In the wireless powering chain as shown in Figure 6-2, there 

is a balun performing the RF signal transformation from single ended to differential ended. The 

matching networks at both sides of the balun are used for maximizing the power delivery from the 

antenna to the rectifier. The full wave RF to DC rectifier has four stages with efficiency optimized 

at 915MHz ISM band. Each stage uses two low threshold NMOS transistors for low turn on 

voltage and large forward charging current, which helps improve the input sensitivity. Following 

the rectifier is a limiter that protects the circuits from over-voltage and stabilizes the supply for the 

rest of the system even with variable powering range. A 0.6nF PMOS capacitor after the limiter 

stores the charge delivered from the rectifier.  
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Figure 6-3. Schematic of the bias generator and the low dropout regulator. 

To further stabilize the supply, a voltage regulator with a large size output transistor is utilized, 

as shown in Figure 6-3. The regulator can operate with a dropout voltage as low as 150mV.  

6.4 Receiver Chain and Full Duplex Operation 

As shown in the system function diagram in Figure 6-1, this system has transmitter (TX) and 

receiver (RX) chains that share one single antenna. There may have several problems caused by 

the single antenna approach while performing the full duplex operation. The connection of RX and 

TX forms a loop, therefore the TX signal may couple into the receiver chain and act as noise, 

which may saturate the envelop detector and totally block the communication path in the RX chain. 

In this design, two major techniques are used to help attenuate the TX noise in the RX chain as 

shown in Figure 6-4. First, noticing that the backscattering switch has very large size (100μm 

width), which generates large switching noise at both rising and falling edges of the TX signal. So 
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two half size dummy switches SD are placed at both positive and negative path of the receiver. 

Those two switches are controlled by the inverting signal of the modulated TX signal to cancel the 

TX signal feed through and the charge injection from the backscattering switches Sb. Second, by 

taking advantage of the frequency difference between the TX and RX signals, the receiver chain 

uses two low pass filters with the cut off frequencies far below the TX band to further attenuate the 

TX signal coupled into the receiver chain.  

 

Figure 6-4. Schematic of the envelop detector. 

The modulated RF signal is received from the antenna and passed to a 2 stage rectifier. Each 

stage uses the same but single ended structure as in the power rectifier stage. The rectified envelop 

is fed into two low pass filters (LPF) with different cut off frequencies, one is around 20 kHz for 

passing the envelop, the other is below 1 kHz to generate a reference with much less ripple. By 

comparing those two filtered outputs, the rail to rail envelop signal is available which is then fed 

into the frequency to digital decoder. The decoder extracts 4 bits to tune the amplifier bandwidth 

and the oscillator frequency. 

The schematic of the frequency decoder is shown in Figure 6-5. The envelop signal VENV acts 

as the clock and controls a charge pump with charge integrated on CINT to create a saw-tooth 

waveform called VINT. VINT has amplitude inverse proportional to the frequency of VENV. VINT is 
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then sent to a peak detector, creating a reference voltage, VPEAK. At the top of the schematic, the 

succession of flip-flops creates a set of ―one hot‖ signals, S1 through S4. Each signal activates a 

different level from the bias generator for a consecutive comparison to VPEAK. The flip-flops at the 

bottom of the schematic interpret the comparison to set the corresponding one of the four control 

bits. These active bits are used to set the system bandwidth and the sampling rate. The latched 

comparator is used here to avoid chatter during comparison due to the reverse leakage of the diode 

in the peak detector.  

 

Figure 6-5. Schematic of frequency to digital decoder. 

6.5 Transmitter Chain 

The front end of the transmitter chain is the current modulated amplifier described in 
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section 3-3. The ADC that follows the amplifier has the similar ADC structure utilized in the 

system described in Chapter 5. The bandwidth of the front end amplifier and the sampling 

frequency of the ADC are tunable by external users.  

 

 

Figure 6-6. Schematic of clock generator. 

The amplified and digitized neural data is first modulated by the oscillator and then buffered 

through a series of inverters to drive the large backscattering switch SB. The frequency of the 
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oscillator is tuned by 4 bits acquired from the receiver chain and has the range from 1.2MHz to 

6.4MHz. Since the highest frequency on-chip is used to create the sideband of the RF carrier, this 

method shifts the burden of generating the RF frequency to the external devices, greatly reducing 

the power consumption in the transmitter chain. 

The schematic of the oscillator that provides the system clocking and modulation is shown 

in Figure 6-6. The frequency of the ring oscillator is controlled by the tuning bits S1-S4 and their 

complements S1B-B4B. Each stage of the ring oscillator consists of the current starve inverter. 

By changing the number of current starve stages, the frequency is tunable. For example, if S1-S4 

are all shorted, there are totally 3 stages oscillating. If S1-S4 are all open, there are totally 15 

stages oscillating. The switches that either shorts or open the stages are comprised of 

transmission gates. The CLK signal is the further division of oscillator output by 8 cycles. The 

ring oscillator achieves low power by limiting the maximum current that flows in each current 

starve stage.  

6.6 Measurement Result 

 

Figure 6-7. Die picture. 

The chip was fabricated by using the UMC130nm technology. The die picture is shown in 

Figure 6-7 with the total area of 1.54mm
2
.  
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A 

B 

C 

Figure 6-8. Wireless measurement. A) Measurement setup, B) comparison between original and 

wireless reconstructed signal and C) backscattered spectrum. 

Figure 6-8 (A) shows the wireless measurement setup. A prerecorded neural signal is fed to 

the input of the neural tag, and the wireless power mode is chosen. On the reader side, there is a 
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circulator connecting the antenna to attenuate the RF carrier coupled to the signal analyzer by 

20dB. Moreover, a notch filter is placed in front of the signal analyzer which has the notch 

frequency centered at 915MHz. The notch filter provides an additional attenuation of 40dB to 

avoid the carrier from saturating the signal analyzer. The modulated RF carrier is fed into a power 

amplifier to increase the communication range. 

A B 

C D 

Figure 6-9. Components of the example prototype. A) Top view of PCB, B) bottom view of PCB, 

C) top cover of the plastic enclosure and D) bottom cover of the plastic enclosure  

Figure 6-8 (B) shows the over-lapping comparison between the original and the wireless 

reconstructed neural signal. Figure 6-8 (C) shows the measured backscattered spectrum, with two 

modulated side bands located at around ±5 MHz apart from the carrier.  
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Figure 6-10. Assembled prototype 

Figure 6-9 shows the components used in the example BMI prototype, which includes two 

plastic enclosures and a two-layer PCB. The top layer of the PCB is shown in Figure 6-9 (A). The 

top layer shows the footprint for the Omnetic Connector, the footprint for the power option switch, 

and the footprint for the helix antenna. The bottom layer is shown in Figure 6-9 (B). The bottom 

layer hosts the IC in the QFN32 package which has the tiny size of 5mm by 5mm. The bottom 

layer also includes the footprints for the matching network and a balun. The PCB measures 17mm 

by 16.5 mm. In order to shield the PCB from abnormal short by direct contact, the assembled PCB 

is covered by a custom-designed plastic enclosure. The top side of the enclosure is the user control 

side, which has two slots as shown in Figure 6-9 (C). The rectangular slot allows user to toggle the 

power option switch. The two round slots host the two coin batteries and allow for the replacement 
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of the battery. The bottom enclosure is shown in Figure 6-9 (D), which has a groove with enough 

space for hosting the matching components on PCB. This design uses two commercial zinc air 

(ZA10) batteries with capacity of 91mA and the operation voltage around 1.2V.  

The populated and packaged PCB with the electrodes connected is shown in Figure 6-10. The 

overall weight after assembly is 2.68 grams, dominated by the weight of the plastic. Future 

revisions may entail the use of the specialized plastics and the components for decreased mass. 

The maximum length and width of the prototype is about 30mm and 17mm, respectively. The 

entire prototype only utilizes standard and low cost components that can be easily acquired from 

commercial distributors.  

 

Figure 6-11. In-Vivo measurement of the neural signal 

The amplifier alone was measured at in-vivo environment. Figure 6-11 shows the measured 

neural waveform for about 1 sec and the zoomed in version.  

Table 6-1. Performance summary of neural recording tag 

50ms

1 sec

40μV
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Parameter Value  

Technology 0.13 μm CMOS  

Supply 0.8-1V  

Total power 20 μW  

Chip area 1.54 mm
2
  

# of Channels 1  

THD @ (1mV) < 0.4 %  

CMRR 59 dB  

PSRR 50 dB  

3dB freq. Low/High 100 Hz/2.5 k-6.2 k  

Mid-band gain 49 dB  

Current 1
st
 stage 0.8 μA  

Input Ref. noise 14 μV (NEF~6.5)  

ADC res. /Samp. Rate 8 bit/15 k-80 kHz  

TX Mod. Backscatter/OOK  

Data rate 150 kb/s-0.8 Mb/s  

RX Mod. ASK  

Input sensitivity -8 dBm  

 

Table 6-2. Performance comparison between the proposed systems and the state of the art 

 

Wise 

[18] 

Harrison 

[17] 

Najafi 

[33] 

Mohseni 

[27] 

Otis 

[21] 

Chapter 

5 

Chapter 

6 

Year 2009 2007 2004 2011 2010 2009 2010 

No. of channels 64 100 64 8 1 4 1 

Power source Inductive Inductive Inductive Battery Far Field Battery Far Field 

TX data Telemetry FSK ASK ASK FSK UID OOK OOK 

TX Freq. (MHz) 200 433 ~100 - 900 915 915 

RX data telemetry OOK FSK OOK - PIE ASK ASK 

RX Freq. (MHz) 4/8 2.64 5.12 433 900 915 915 

Front end gain (dB) 60 60 40 51-66 38.5 53.5 49 

Low cutoff Freq. (Hz) 10-100 300 10 1.1-525 0.2 85-300 100 

Bandwidth (kHz) 9.1 5 10 5.1-12 0.23 4-8.5 2.5-6.2 

Input Ref. noise (µV) 4.8 5.1 7.8 3.12 1.25 12.5 14 

Power Diss. (mW) 14.4 13.5 12.7 0.375 0.0092 0.19 0.02 

 

The measured parameters of the proposed system are listed in Table 6-1. The AFE used in 

this system is the same design but different version of the structure described in section 3-3, so 

the measurement results are different. Table 6-2 lists the comparison result of the proposed two 

BMI systems and the state of the art. The proposed two systems in Chapter 5 and Chapter 6 are 

both energy efficient with the total power consumption in the micro-watts range. The 

improvement is achieved by using the passive backscattered transmitter and the energy efficient 
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amplifiers described in section 3-2 and section 3-3 for those two systems, respectively. The 

design in [21] also utilizes the passive TX and has the least total power consumption, since the 

front end amplifier requires only 0.23 kHz bandwidth for sensing its neural inputs and thus the 

front end power consumption is much less compared to our designs.   

6.7 Design Summary 

This chapter introduces a highly-integrated neural recording tag which has minimum external 

components. The entire circuit can be powered through the wireless link or a small battery. This 

design achieves energy efficiency by utilizing the supply current modulated amplifier and the 

backscattered transmitter. The AFE bandwidth and the oscillator frequency are jointly tunable by 

external user to avoid excess power dissipation.   
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CHAPTER 7 

7 CONCLUSION 

This aim of this dissertation was to examine the design of low-power circuits and systems 

utilized in BMIs. Each building block of a BMI system was discussed in detail. Owing to its 

importance in determining the overall system power consumption and noise performance, the 

AFE—in particular, the neural amplifier—was emphasized in this work. Other building blocks, 

such as reference and biasing, ADC, and the TX and RX chains, were also discussed in terms of 

their relevant low-power design considerations.  

This work presented three new neural amplifier architectures. The first amplifier type 

employs a structural improvement in which two channels are cascaded at the input stage so that the 

bias current can be reused and the average current consumption reduced. The second type utilizes 

the switched capacitor technique to implement a multi-channel BMI system in which four 

independent channels share one single OTA via a time-multiplexing mechanism to conserve area 

and reduce power consumption while maintaining the noise efficiency factor. The third 

architecture uses a supply current modulation technique to reduce the average amplifier power 

consumption without sacrificing the noise efficiency factor.  

Owing to the weakness of the neural signal (<1 mV), a BMI system must have high input 

sensitivity and thus low input referred noise; the maximum allowable input referred noise 

determines the lower limit of current consumption of the front end amplifier. The cascaded 

structure described in this work optimizes amplifier performance in terms of the tradeoff between 

power consumption and noise because both the top and bottom amplifiers reuse the bias current of 

the input differential pair. Because the nominated bias current is shared but kept identical between 

two channels, noise production is mostly unaffected but the post-averaging effective current 

consumption of each amplifier is reduced.  
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Because neuroscientists and researchers in biomedical engineering require BMI systems that 

are capable of simultaneously acquiring neural information from a large population of neurons, the 

transition or multiplexing of neural signals from parallel channels into a serial data stream is 

required for signal processing and wireless transmission in such devices. In general, increased 

channel counts result in higher power and area consumption as well as higher data rates, all of 

which pose formidable challenges. To help address these issues, the second amplifier described in 

this work merges the multiplexing function with the track and hold function inside of an OTA; in 

doing so, the stages succeeding the amplifier can be shared among multi-channels to achieve 

optimal area and power saving.  

Neural amplifiers usually have a pair of large input differential transistors to maximize the 

transconductance at the given current consumption, while the other neural amplifier transistors 

usually have lower W/L ratios to reduce the transconductance at the given current level. Thus, the 

input referred noise contribution of transistors other than the input differential pair is attenuated. 

However, under extreme low bias conditions it is difficult to achieve a high transconductance ratio 

between the input differential pair and the other transistors. The third amplifier type described in 

this work uses the supply current modulation scheme to achieve a large instantaneous bias current 

during the track time relative to that of a conventional amplifier, and it does so without changing 

the average current consumption. Thus, this type of amplifier successfully attenuates the noise 

contributions of transistors other than the input different pair during the track time and provides 

better noise performance. 

Because time-multiplexed and supply current–modulated amplifiers both utilize the track and 

hold function, this dissertation analyzed both types using a single simplified model in which the 

track and hold amplifier (T/H_Amp) was mathematically equated to a model track and hold RC 
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filter. To analyze the transfer function and noise aliasing of track and hold RC filters, this work 

provided a detailed derivation procedure for solving the harmonic transfer function. From the 

derivation results, two important conclusions that also apply to track and hold amplifiers can be 

drawn: (1) the bandwidth of the T/H_RC filter is reduced in proportion to the reduction in duty 

cycle of the T/H clock, and (2) the aliased noise power spectral density is inversely proportional to 

the duty cycle. Because both the time-multiplexed and the supply current–modulated amplifiers 

have their current consumption averaged in proportion to the duty cycle, their overall noise 

efficiency factors remain the same.  

 Aside from the AFE, other major BMI components such as the system powering and 

wireless transmission blocks also greatly affect the overall performance. Two major powering 

methods are used in modern BMI systems: local powering from a battery, and wireless powering 

through a telemetry link. Increasing the number of channels used requires more frequent 

replacement of a battery in locally powered systems, while wirelessly powered links must use a 

larger coil or a shorter powering range as more channels are added. Data transmission is also 

affected by channel count increase, which requires that higher data rates and more bandwidth be 

adopted. The first system described in this work, a 190 μW-915 MHz active neural transponder 

with a four-channel time-multiplexed AFE, uses a passive backscattered transmitter that shifts the 

burden of generating the highest RF frequency to an external device to save power. It uses a 915 

MHz carrier that has a sufficient bandwidth of up to 16 MHz. The entire four-channel system 

achieves a total power consumption of less than 200 μW, which enables continuous powering by a 

high-density battery for several months, a necessary characteristic for conducting bench top neural 

studies. Owing to its lower power consumption, this system shows much potential for future 

scalability into low-power systems with larger number of channels. 
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The second neural recording system described in this work, a 20 μW neural recording tag 

with a supply current–modulated AFE, enables the user to adaptively choose powering strategies. 

This BMI system has battery power and wireless power mode options and can remain permanently 

powered and fully functional through a far field wireless link with a current draw of only 20 µA. 

This low power consumption is achieved by utilizing an energy-efficient supply current–

modulated amplifier and a backscattered passive transmitter. If a larger transmission range is 

required, this system can be switched to a battery-powered mode.  

To summarize, this dissertation described three new amplifier structures and discussed their 

respective improvements in terms of noise, area, and power consumption. Two neural recording 

systems were also introduced and were shown to be extremely energy efficient, with efficiencies 

comparable to those of state-of-the-art systems. The two proposed systems were evaluated by 

comparing pre-recorded neural signals fed into the front end of each with the resulting wireless 

reconstructed signals. However, further work can be performed to characterize the entire BMI. 

The four-channel system introduced in Chapter 5 can be assembled as a miniature prototype of 

the system described in Chapter 6. The overall system functioning of the two neural recording 

systems introduced here can be further evaluated within an in vivo environment that can record 

the action potentials at the cellular level. Finally, an augmented external reader can be designed 

to enable real-time recovery of original neural signals.   
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