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ABSTRACT

This thesis presents the desigmplementatio, and validatiorof an 8-channel
bidirectional neurostimulator IC witha highly-linear high-dynamicrange ADC-direct
architecture fosimultaneousecording andtimulation Each channel hosts a novel highly
linear high-dynamicrange recording architecture capable of amplification and
guantization of brai®® neural signals in the presence of large differeniadle and
commonmode stimulation artifacts, as well as a fytisgogrammable ®it currentmode
electrical $imulator. The architecture enables the possibility of a pasipatific
stimulation therapy required for the next generation of implantable elospdneure
stimulators used for treatment of various neurological disorders.sBstim and circuit
level design,implementation, challengeand requirements are explained, and a critical
comparison withthe stateof-the-art is presented.

The proposed design adopts ABC-direct architectureemploying aduatioop
SAR-assisted continuoustime deltasigma ADC architecturefor differentiatmode
stimulation artifacts and offset remov@bmmonmode artifacts are handled using a novel
highly-linear GmC integrator that is used as the fremd stage of the neural ADThe
presenteg¢dhannel achieves a high input impedafice 8 Gq )a00 mV linkeadinput
signalrange, 9 dB dynamic rangeand consumes 48V with a signal bandwidth of 5

kHz.
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Chapter 1

Introduction

1.1 Motivation and objective

The Electrical stimulation has been established as a proven method for better
understanding of brain functions (e.g., memory, sensory, etc.) and dysfunctions (e.qg.,
neurological disorders) through manipulation of neelextrical activity. It has been
shown to be effective in treatment of several brain disorders such as epilepsy, Pé&kinson
disease, and chronic pain]{]. Driven by this, over the past two decadesmny
implantable neuratimulator devices have been reported aiming to provide an alternative
treatment option for the patients of these disorders who are refractory to drugs or not
deemed candidates for surgery. The early generations of these devi@es d@ehloop
architecture, meaning that they stimulated the brain without any information on the real
time brain state [ [6]. The more recent devices use a cleeeg architecture, where the

stimulation is conducted while the brain neural activitpesng continuously monitored.



This architecture allows for retime adjustment of the stimulation pulse parameters and
timing to evaluate and optimize the efficacy of the stimulatidn[8]1.

Over the past few decades, and thanks to the advancementisgirated circuit
(IC) microfabrication technologies, different types of technologies have been developed to
record braids neureelectrical signals with various spatial resolution and coverage. This
includes electroencephalography (EEG), which recordgahesignals from the scalp
surface, electrocorticography (ECoG) which records from the cortical surface of the brain,
and intracranial EEG (iIEEG) which uses mesh or depth electrodes to record neural signals
from different depths in the brain. Among theB&G is the least invasive method and
provides the largest spatial coverage (up to the full brain) with lowest spatial resolution
(~>1cm), while iIEEG is the most invasive one and sits at the other end of spectrum, offering
the highest spatial resolutior € ms ) and s mal | @]sRepeadn@dnitha | cov
targeted application, the tolerance to invasiveness, and the spatial resolution requirement,
either of these technologies are used. For implantable +séiorolators, since both
recording and the isbulation are applied to a small region in the brain (e.g., seizure
inducing cells for focal epilepsy), iEEG is the recording method of choice. IEEG signals
are divided into local field potentials (LFP) which represent the slow (<500Hz) potential
variatiors (up to 1mV magnitude) of the recording sites, and action potentials (AP) which
represent the neural spikes with a magnitude ranging fre®@Q\VV and a bandwidth up
to 5 kHz figure 1.1) . There is valuable information encoded into both these signals

making them both necessary to be captured by the recording device.
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As mentioned, the most important advantage of ckisep neurostimulators is
their ability to conduct stimulation while being aware of the-tima¢ brain activity. For
example, in the case of an epileptic patient, it is extremely important (for thene¢rgat
success) to inject stimulation pulses to the brain exactly at the onset of a seizure. Given
that these seizures are very infrequent (e.g., once a day or a week, depending on the severity
of the disease), the device either needs to continuously stenthia brain at all times
(practically frying the brain and demands arimaplantable large battery as energy supply)
or only stimulate when a seizure onset is detected. The diospdrchitecture allows for
the device to continuously monitor the neuegdltivity and only stimulate when an
upcoming seizure is detected.

Ideally, the recording circuit should be used to record brain response to the
stimulation before, during, immediately after, and long after the stimulation. This will
allow for customizing the stimulation parameters in a paseetific manner. However,

the stateof-the-art technology is only capable of recording the brain signals before and
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long after the stimulation. The major issue with conducting recording during and
immediately after stimulation is extremely large (>100mV) fluctuations in the signals
during stimulation, which are called stimulation artifacts. These artifacts can easily saturate
the conventional amplifiers that are designed to amplify small neural signaBsn¥L
This has made simultaneous recording and stimulation an impossibfertatieof-the
art neural recording electronic circuits, and consequently, has prevented the neuro
stimulation treatment to become a patispécific therapy.

The main objective of this research is to design, develop, and characterize an
integrated cirait that is capable of conducting simultaneous recording and stimulation,
while meeting all the other design requirements for a neurostimulation device, including

noise, power, area, bandwidth, and scalability.

1.2 Neural Recording Challenges

An implantable nero-stimulator device could have many recording/stimulations
channels (i.e., integrated circuits connected to each electrode for recording or stimulation).
In each channel, a lowoise amplifier is the fror¢nd stage connected to an electrode to
amplify the signal that is induced on it. The amplifier should always have a differential
architecture, as it requires to amplify the difference between the signal sensed at its
associated electrode and the signal at a reference electrode that is shared among all
channels. The differential recording removes any random interferences and noise that are
common among all electrodes and only sends out the neural activity that is unique to each

electrode for signal processing.



As mentioned, the neural signals to be amgdif(LFP or AP) have a magnitude
range of 1QAV-1mV and a frequency range of 143kHz. In addition to these, various
offsets and artifacts could appear on top of these signals, which should be handled by the
recording circuit. In the remaining of this sectj we will discuss these challenges a bit

more in details.

1.2.1 Stimulation Artifacts

Figure 1.2 depictsa simplified genericlosedloop stimulation setupAs shown,
neurl signals are first amplified, then quantized using an analog to digital converter
(ADC). The digitized signals are fed to a backend signal processing unit where the decision
for triggering stimulation as well as adjusting stimulation parameters areanddent to
a currerdmode digital to analog converter (DAC) to convert stienulationcommands
into electrical currents that will be injected into the br&ifhen stimulation is applied to
the brain, a large amount of charges will be injectedising lege voltagefluctuationin
the brainDue to the no#inear and timevariantnature of the brais neural networks, the
magnitude and shape of this artifact could vary significantly and is unpredictable. These
artifacts not only affect the signals recordadthe same electrode, but also all the
neighboring electrodes, of course, with different levels of severity depending on their
proximity to the stimulating electrod@s such, the reference electrode is also affected.
Accordingly, these large fluctuatisrat the input of an amplifier can be classified into two
types: (1) fluctuations that are common between the recording and the reference electrodes,

known as commomode (CM) artifacts, and (2) those that are different between the
5



recording and the refamee electrodes, known as differenimbde (DM) artifactsThe
value of these artifacts depends on the
electrodedistance relative to the stimulation siéad electrode impedance mismatth [

Their typicalvaluefor each of DM and CM artifacis up to 200 mV 12].

DIFFERENT
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Figure 1.2 Top-level block diagram of a mult-channel closedoop neurostimulation system.

1.2.2 Electrode DC Offset (EDO)

EDO is generated because of the chemiealttions (oxidation and reduction)
between the electrode and the brain tissdiBp [These reactions result in a different DC
level at each electrode. Therefore, they cause a DC diffebeteen reference electd
and therecording electrodandin the ordelis up to £50 mV 14].

Removing the EDO is dona different ways in neural frorend designs reported
in the literatureThe most straightorward method is usingC-coupled amplifiers15].
Figure 1.3 depicts a convention@dC-coupled neural amplifier. The closéabp gain of
this amplifier is G/Cz, and thdow-frequencyhigh-pass poldthat sets the minimum input

frequercy that the amplifier aarecord)is set by 1/RC.. Cz should be chosen much larger
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than theparasitic capacitor@ypically 100 fF) to limittheir effecton the gain and linearity

of the amplifier{16]. Therefore, @should be larger than 10 pF to achieve high gain and a
high-pass pole of less than 1 Hategrating two of such a large capacitance in each channel
increases the channel area beyond the area budget that is acceptable for systems that aim
to integrate man(i.e., >1000) channels. The presence of the capacitance at the input also

prevents us from using certain noise reduction techniques such as chopper stabilization at

Y
VWA ¢

the input, as will be discussed later.
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Figure 1.3 Conventional AC-coupled amplifier [15]

To overcome this limitation, D€oupled amplifiershave been investigated in
recent yearsThe offset in these amplifiers is removed using a msigdal path 14)].
Figurel.4 showsa conceptual simplified representation of such cir¢aithis architecture,
the input isDC-coupled to the electrode, and a lpass feedback path is used to remove
the offset. Oyital low-pass filterhasa very small lowpass pole, forcing its output to be

the summation of the forwaighth outpuls low-frequency content. Then, using a DAC, it
7



will be translated to analog without area penalty. Howeteramount of EDO that could

be cancelled using this architecture is very limited and could only be increased to the
required level at the cost of increasing the number of taps in the feésliioltal low-

pass filter (LPF), which leads to a significant increase in the area (opposing the initial

purpose of area minimizatiof}7].

f
Gtk
- 't '3dB-OTA

OuUT-DC

Figure 1.4 Mixed-signal dccancellation feedback 14]

1.2.3 Input-referred Noise (IRN)

The electronic recording circuit generates two types of thermal and flicker noise
when it operates. When referring the effect of these noise to the input of the amplifier, their
overall effect should be less than the smallest signal thatnvemd to record. Another
source of noise at the input of the amplifier comes from the background neural activity in
the vicinity of the recording electrode, which is called the background Adgigenoise is
about 10 pVmsin 5 kHz [11]. The recording ceouit should be designed in a way that its
noise contribution at the input does not add more @& to this numberThe total noise

of the systenis equal to Equatiof.1.



R T T R I (2.9

Where notalis the total noise of the systengectrodels the background noise picked
up by neural recording electrodesd remstageis the IRN of the @-stage. It should be
noted that all the @ises are rms values in 5 kHz bandwidth. According to this equation,
IRN of theGm-stageshouldbe limited to 4.51V.

In addition to the thermal noise that has a flat spectrum (i.e., constant power at all
frequencies), the other noise generated by the recording amplifier is the flicker noise or 1/f
noise (i.e.,its power spectral density increases as the frequency desjdd%).
Conventionally, educing this noisénas beendone by choosing large input devices.
However,the methodis not areeefficient [18]. Correlateddoublesamplingis another
technique that is used, which comes at the costdrfubles the white noisandinability
to remove the flicker noigs highfrequency contentlp]. The most popular method for
flicker noise cancellation ishopperstabilization techniquewhich effectively removes
flicker noise as long ake chopping frequency is high enoughddhe application nodes

have a small time constgri].

1.2.4 Input Impedance

Increasing the number of channels is neural recording is the new trend leading to
better understanding of the brain. However, one of the most important challenges that this
will cause is the impedance mismatch between the reference and input electrodst In

of the architectures the reference electrode is shared between all the channels as shown in



Figure1.5. Therefore, the equivalent capacitance of this channel asfagtor of n larger
than the other inputs, where n is the number of channels. This large input mismatch results
in commonmode rejection ratio (CMRR) degradation. Total CMRR (TCMRR) is equal to

Equation1.2[20].

-

JI| FJJ=|=| 14

where 4n and % are the input impedance of the amplifier and the electrode

1.2)

impedance, respectively.is a multiplier that indicates the impedance difference between

the rderence and input electrodés=(1 when both electrodes are similar).
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Figure 1.5 Typical multi -channelneural recording setup R0].
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The majority of the available electrodes have an impedance ranging fromtd0 k
25 Mq [17]. The majority of the neural recording freeids have used input capacitor
leading to lowinput impedancg15], [19], [22], [23] If we assume that the input
impedance is 20 M [12] and the electrode has 25 kmpedance theiZe can be as low
as 80 leading to TCMRR of less than 70 dB for more than 1 cha&fjelTherefore, the
input impedance not only is important for uniform and perfect amplification of thalsig
but also it directly affects the system CMRR. Hence, having a large input impedance in all

the frequency range is one of the most important challenges in neural recordirenttent

1.3 State-of-the-art Circuits for Simultaneous Recording and
Stimulation

As mentioned, this work aims to enable simultaneous recording and stimulation.
As described in section 1.2.1., the CM and DM artifacts generated by stimulation could
have a magnitude up to 260V, andunlike EDO, cannot be separated from neural signals
in the frequency domair2fl]. DM artifacts saturate the neural amplifier, and CM artifacts
change themplifierés biasing point, which at the minimum, changes the amgsfigain,
noise performance, etc. if it does not drive the amplifier tatiteff mode

Figure 1.6 depictsan example of how a DM artifact affects neural signals. As
shown, the DC level of the differential signal at the input of the ampdifianges by up to
200mV upon arrival of a stimulation pulse (the red trace). To successfully record the signal
in the presence of such a large sign&C level change, the recording circuit is expected
to (a) not get saturated because of this, andglajle to resume recording newlectrical

11



activity as fast as possible. In this figure, the green trace shows what such an amplifier is
supposed to generate as an output. As shown, the circuit should be capable of quickly
recovering from the large DC lekchange and resume recording even in the presence of
such a large DC offset at the input. The success of the amplifier in doing so is measured by
(1) the signal to noise ratio of the output signal, and (2) how fast it can recover from the
DM artifact. Gven that the stimulation pulse width typically in the order of 10s of
milliseconds, a recovery time undenisecis a commonlyaccepted desirable outcome.

0.16

— _Mﬁ\rv{{;r:ﬂﬁJ{J}JW\ Resolution while Stimulating Recovered Signal
U A il L D e [== Input Signal

o [ R <\ N
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0 A“Jnﬂ\._.
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oty Wl

2 4 6 8 10
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Figure1.6Recor di ng c¢ h a n n ensedtcsdifferantialparifactsifléd] r es p o

In order to prevenamplifierGs saturation,its voltagegain should be reduced.
However, reducing the ampl i f inputréfesredg@sen i n
level, hence, its power consumption. Additionallye required ADGs DR (i.e., the ratio

of the largest to smallest signal that needs to be resolved), is quitérbigierate up to



200 mV artifacta DR of ~90dBis required. Designing such an ADC is challenging and
increases the power consumption beytiredchannel budge2$).

In literature, several methods have been investigated to address this chéflenge.
[26] blanking amplifier is suggested to prevent saturation. In this method, recording
channels will beaurnedoff whenever stimulation is enabled. The drawback of this method
is the datdoss of very important neural infmation during and immediately aftahe
stimulation Additionally, due to very large time constant of the ampliienput node
(mainly because of its extremely high input impedance), once the stimulation is over and
the recording circuit turns back on, it takes 10s of milliseconds fonthés to return to
their normal DC level so that the amplifier can resume normal operation. Therefore, even
when the stimulation is over, it takes a similar amount of time for the amplifier to be able
to record neural signals again.

In [27], the authors &ve suggested mixedsignal solution where the stimulation
pattern will be predicted using a digital block and then subtracted from the input. The main
challenge in this solution is predicting the stimulation pattern. The brain is a compiex non
linear sysem. Therefore, its response is different for different chanmalsng the success
of prediction very limited. Generally, all methods based on artifact prediction, at best, can
only prevent the amplifier from saturation, and they cannot offer recordinggdu
stimulation as the pseudandom residual error from subtracting the signal from artifact

prediction is typically an order of magnitude larger than the signal of interest

13



As mentioned, artifacts and neural signals cannot be separated in frequeagy.dom
On the other hand, the amplitude of them are orders of magnitude diffe@sudgested
a VCObased fronend to convert voltage into frequency, where the laDfe can be
handled in a much more energy efficient mansing this frortend the arfacts and
neural signals can be separated. Artifacts will be translated to high frequencies and neural
signals will be converted to lofvequency signals. Therefore, a lgpass filter can be used
to remove the artifacts easily. However, achieving lineanityCO for such a large input
voltageDR is challenging. In the suggested design, a digitatliim@arity correction is
used to address this issue, but the input range of the design remain linatathtds up
to 50 mV. The CM artifacts rejection i¢sa limited to 50 mV.

The most straightorward solution for increasing tHeR is to lower the amplifier
gain and increase the ADC resolutiae@][is a good example of this technique. This design
is used an amplifier with a gain of 8. The amplifier is mhed leading to low input
impedance. Therefore, an impedaho®stingloop is added to increase the impedance.
However, the boosting factor of this loop decreases in higher frequency and the input
impedance drops to about Mg at5 kHz To supress CM afticts, a CM cancellation
path is added to the amplifier sensing the CM and keeping constant by subtraction. Using
this technique, CM artifact tolerance is 650 m\dditionally, a 3%-order(deltasigma)mp E
ADC is used for digitization achieving 15.2 ENOBhe architecture includesbout 40 pF

capacitor As mentioned earlier, such a large capacitance prevents the implantable system
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from integrating a large number of these chanrdso, thedynamic range (DR} limited
to 81 dB while it has high power camaption comparing with statef-the-art.

Another method for increasing tBR is using ADGdirect designs. The idea is to
merge the amplification and the ADC into one stage to use the power budget of both blocks
for achieving the targeted highR. An exampe of such architecture is presented 18][
and shown irFigurel.7. In this design a™-ordercp FPADC is used as the fromndwith a
Gm-C stage as the loop integrator. This architecture includesé DAC. When there no
artifact present, the DAC output changes b
When artifacts are applied, the LSB cannot flip the voltage of the integrapagitor and
successive outputs will have the same polarity. After 5 consecutive 1s, the digital
autoranging will be enable relaxthe resolution by doubling the step size of the DAC
until detecting an opposite polarity at the output of the compandia design has reached
a @ dB DR while the power consumption is only Qu8V for 500 Hz bandwidth. One of
the drawbacks of this design is its low input impedatrcéhis design summing node of
the @E ADC is real i zed. Thstfonms b switcheatgpacitor usi ng
structurewith an equivalent impedance that is much lower than what is required by neural
front-ends Besides, this design does not have immunity to CM artifacts, amdipiierts
gain changes depending on the CM artifatte other issués that he chopper frequency
is chosen equal teamp and the feedback is applied to a node widrgecapacitorcausing

fold-back noise25].
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In this workwe will present arADC-direct neural recording channtslat uses a
novel Gn-stage cpable of handling large CM artifacts up£200 mV, and a dualoop
architecture for handling DM artifacts up #2800 mV. The proposedarchitecture uses a
SAR-assistedp FADC to achievea DR higher than 90 dBvhile maintaining a high input

impedance, low inputeferred noise, anldw power consumptian

Jf o OUTPUI1

Autoranging

Figure 1.7 ADC-direct front -end [7]

1.4 Thesis Organization

Chapter 2 presents the systiavel design of the suggested ARIBect neural
recording channel. It also reports the simulation results of a MATbASd model of the
design. The focus of this chapter is on #ystemlevel functionality of theproposed
architecture

Chapter 3 presents the circuit level desagml implementatiorof the proposed
recording and stimulatioohannel. In this chaptedesign requirements, challenges, and
detailed implementation and operatioreathcircuit block is discussed sapately, and its

simulation resultarereported.
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Chapter 4 is the conclusion of the thesis. It also discusses possible future directions

for this research work.
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Chapter 2

SystemLevel Design ofthe Proposed SAR-Assisted E

Neural ADC

As described in the previous chapter, designing a neural recording channel that can
handle simultaneous neural recording and stimulation requires a circuit that can amplify
and quantize signals in the range of 10 pV to 100s of millivoltss Tanslates into a
requiredDR greater tha®0 dB, or a quantization resolution of-13 bits.

For conventional neural recording channels (i.e., no simultaneous stimulation)
where a maximum 20it resolution is sufficient, SAR ADCs are typical choicedata
converter, mainly due to their inherent energy efficiency. However, their power
consumption increases by 4x for every additional bit that is added to the resolution.
Therefore, while a 10it SAR ADC can be realized with 10s of nW, realizing abit4
SAR ADC increases the power by x256, which is way beyond our acceptable éannel
power budget, as discussed in the previous chapter. Additionally, achieving a resolution of

>10 bits for the capacitive DAC used in SAR ADCs is extremely difficult.
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Ontheot her hand, oversampling @E convert e
achieve very high resolutions (e.g., >20 bits) without requiring high precision from their
analog and mixedignal building blocks such as the treakdhold or the comparator. This
Is done mainly by reducing the quantization noise using a combination of oversampling
and noise shapin@(] . However, since the dynamic powe
is directly proportional to their oversampling ratio, achieving high resolutionslélgts)
comes at a significant power penalty.

Based on the above, in this work, we propose a-8sdtstedp FADC as a hybrid
solution that leverages the advantages of both architectures. Prior to discussing the circuit
level implementation, in this chagt the systerfevel architecture of the proposed
recording channel and its principal of operation are explained. The functionality of the
suggested architecture is verified using a MATL-A8sed model.

Figure 2.1 depicts the proposed tdpvel block diagram for the presented multi
channel recording system. As shown, an A@ifect architecture is adopted for the channel
where the amplification and quantization take piadheADC. This allows us to leverage
mixed-signal techniques to avoid the amplifier saturation during stimulation. However, it
also transfers all the design requirements for the recording-draht(i.e., low input
referred noise, high input impedangeltage gain, high CMRR, etc.) to the ADC. For the
ADC, a continuougime differentiatinput go Emodulator with a lownoise highZin front-
end and dow DR that is sufficient for recording neural signals with up te2~inV

magnitude. It is expected thataadge DC offset between the differential inputs, or a large
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DM artifact saturates the modulator. Upon detection of such an event, the channel will
enter an dartifact r e-basedéedpack loopis employedito wh i c
estimate the magnitude tfe artifact and successively create an intentional opposing
imbalance in the frorénd gain stage to fully compensate the effect of artifact. Once the
recovery is completed, the channel retur ns
resumes its normalperation. To compensate an offset/artifact with a magnitude of 200
mV with a residue that is smaller than 0.5 mV, the SAR approximation requires about 9
bits of resolution31]. Using the typically higkrequency clock of thep Fmodulator (due
to oversarpling), this translates into 10sof miesoe c onds f or t he #dAarti f
to be completed. This is negligible and has a minimal impact on the quality of recording,
when the input neural signal frequency bandwidth (<5kHz) is considered.

It should & mentioned that in the proposgaZmodulator, the differential mode
low-noise frontend is expected to be able to yield a constant amplification gain for neural
signals with a large range of common mode (CM) voltage, and only the DM artifacts are

to be conpensated through the abesescribed mechanism.

.+ [CHANNEL 8 . 9
L] L] (7>
CHANNEL 2 @
ELEC8 O—— CHANNEL 1 9
. MODERATE-DR A> MODULATOR gl
ELEC2 O— ] g
ELECH I -
H P4
LAOI\/IV;II\IIFOI:ESFI{E QUANTIZER 5
REF ELEC @
<C
E
9}
[a)]
SARBASED | | ARTIFACT . ©°

ARTIFACT DETECTION .

COMPENSATION

Figure 2.1 The proposedtop-levelblock diagram of the presentedmulti -channelsystem
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2.1 Moderate DRopE Mo dul at or

As mentioned, the modulator gipposed to handle signals during the normal
recording mode of the channel, where input magnitude is in the rangqudf tt0l mV.
Therefore, the requireDR is equal to Equatio.1. It should be noted that artifacts and
EDO voltages will be removed be&entering the loop. Therefore, the loop resolution is

determined by the neural signals.

res T el "I @1)

Considering the relatively lo®R and to avoid stability complications1&-order

modulator is employed. Also, to take advantage of its inherent linearitpitacharse
guantizer (i.e., a comparator) is used within the modulator. Equattshows how the
signal to quantization noigatio (SQNR) of d-ordergp Emodulator iscalculated 30).
Jpaq 2L 2

where M is the quantizés resolution and OSR is the oversampling ratio. Based on
the equation, for M=1, an OSR of ~40 will be sufficient to achievéattggeted resolution.
However, in this equation only quantization noise is considered. Hence, to account for
other noise sources, OSR should be increased (e.g., 100) to ensure the SNR requirement is
met. Considering the low frequency nature of the inmras (<5 kHz), such an OSR is
acceptable in terms of dynamic power consumption.

Figure2.2 shows a generic systelevel block diagram of &-ordercp Fmodulator.
In its simplest form of implementation, it requires only an integrator, a coabse 1

quantizer, and a-bit inherentlylinear DAC.
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Figure 2.2 Systemlevelblock diagram of a *-order gp F30].

oo Fmodulators are oversampling ADCs achieving very high SNR due to their noise
shaping characteristic. Noise shaping can be explained in both time and frequency domain.
In time domain, the assumption is that the signal is much slower than the systkem cloc
Hence, the quantization noise of the consecutive samples is equal. The loop realizes a delta
between consecutive samples, and therefore it reduces the quantizatioB2joise [

Figure2.3 can be used to justify the noisbaping in frequenegomain. According
to this figure the transfer function of the quantization noise is equal to EqEadioe2.3

Block diagram ofgp Emodulator infrequencydomain[30].

QUANTIZATION
NOISE

X H(s) > Y

Figure 2.3 Block diagram of ¢p Fmodulator in frequencydomain [30].

1y

™ o (2.3)

As stown before, H(s) is the integrator therefore Q(s) is equal to Equadon
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— — (2.4)

Therefore, the spectrum of the quantization noise is shaped. Placing an ADC and a
DAC in the feedback loop of thep Emodulator ensures that Y(s) always tracks X(s) and
the quantization noise is reduced as long as the loop gain is high enough whiclnis true
low frequencies since H(s) is an integra®iz]]

The subtraction (for the negative feedback) and integration could be implemented
in many different ways as have been reported in the literat@e[29]. However, in the
proposed channel, since the ratador is directly connected to the electrodes, its first stage
needs to be implemented in a way that it meets several requirements simultaneously. As
discussed in the previous chapter, the femd stage needs to yield a high input
impedance, low inputeferred noise, high CMRR, tolerance to large CM variations,
tolerance to large DC offsets between the two inputs, and a descent amount of signal
amplification to relax the noise requirements of the subsequent stages. All of the above
need to be done whilmaintaining the area and power consumption at the minimum
possible level to enable integration of a large number of these channels on an implantable
device.

Figure2.4 depicts the architecture we have used in this work, which employs a G
C integrator along with a curremiode DAC. The key advantage here is that the
amplification is performed within the integrator, and more importantly, prior to subtraction.
This allows for using various types of differential transconductance stages that can meet

the noise, impedance, and CMRR requirements for neural recording. Additionally, the
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subtraction and integration are both performed on a passive element at zero additional
power cost. Of course, various circuiand systemevel design techniques need to be
utilized to make sure that the gm stage is not saturated due to large CM variations, EDO,
or stimulation artifacts. The systeewvel techniques used to handle large diffeadmtiode

offsets and artifacts are described in Sec8dhand the circudevel ideas for handling

CM variations are covered in the next chapter where the intedgriatait implementation

of the entire system is described.

QUANTIZATION
NOISE

DIGITAL
OUTPUT
BITSTREAM

DIFFRENTIAL
ANALOG

ipac QUANTIZER

Figure 2.4 Proposedarchitecture for the high DR recording channel.

2.2 Proposed Channels Operation in thefiRecording Moded

Figure2.5 shows the fully differential implementation of the proposed architecture.
As shown, the -bit quantizer is implemented using a simple voltage comparatdrthan
1-bit currentmode DAC is modeled with ideal current sources that can push/pull current
into the integrating capacitor, depending on the digital output of the comparator (i.e., O or
1). To evaluate the functionality of this circuit and to model hdails during a stimulation
episode, we have modeled all the above blocks in MATLAB. The real circuit

implementation will be discussed in the next chapter.
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Figure 2.5 Fully differential implementation ofthe proposedchannel.

During thefinormal recordig danode, it is assumed thab artifact or offset are
present hence, the input voltages remain in the sra@hal range. The stage
continuously translates differential input voltage into a differectiatent. which will be
integrated on the capacitdkt the same time, during each clock cydlee current DAC
injectsa predetermined amount @urrentwith a direction (i.e., push or pull) that depends
onthe previousutput of the comparatof. h e D @ueditsnagnitude is slightly greater
than the highest possible output current of thes@gewhich is associated with the largest
input neural signal (e.g.,mV). Therefore, it is capable of changing the capacitor pojarity
a condition required for thgp Anodulator to function correctlirhe circuit shown ifrigure
2.5is implemented and simulated in MATLAB forlanVpp 1.3kHz test inpit signal.The
clock frequency for the comparator is setltdiHz to implement an OSR df00. The
output bitstream and a filtered decimated reconstruction of it are preserktigdiia2.6.
Figure 2.7 shows PSD of the output bitstream amahfirms the 1sbrder noise shaping

SOQNR 0f61.43dB is achievedhat translates int6.91ENoB.
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Figure 2.7 Power spectral density plot of the output bitstrean showing the signal to noise

and noise shaping of the presentegb Zmodulator.
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2.3 Proposed Channels Operation in thefiArtifact Recovery Modeo

In the case of an artifact or DC offsat]arge (i.e., 2L00mV) differential signal
will appear at the input. Such large signal creates a proportional imbalance irGhe
stage by changing its biasing condition. As a result, a large positive or negative (depending
on the polarity of the input offset/artifact) current will be injected into the integrating
capacitor, viich is orders of magnitude larger than the current generated bylte 1
current DACIn addition,the imbalanced biasing of tk&n-stage will result in a substantial
decrease in the circdittransconductance, causing further dispropofiEmween the input
signal and the digital output.

Figure 2.8 shows the second feedback path added to the core recording circuit to
address the abowaescribed issie The main idea here is to monitor the compai@tor
output to detect bistream patterns that indicate the existence of a large differential
artifact/offset at the input. Upon detection, the integration capacitor andiiteurrent
DAC are switched out ofhe circuit, and the&Gm-stage, comparator, and a SAR DAC

collectively form a SAR ADC that is used to estimate the magnitude of the offset.

O
DIFFRENTIAL

DIGITAL
ANALOG OUTPUT
INPUT BITSTREAM

SAR ARTIFACT
DAC DETECTION

Figure 2.8 The proposedarchitecture operating in the artifact recovery mode.
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The idea here is that based on the compa
search by adjusting then&tage biasing in a successive manner, which means that after
every adjustment the new comparator output indicates that if the rjagtraent should
be continued in the same direction or the opposite one. The magnitude of adjustments is
decreased by a factor of x2 at every step (hence, the binary search). Therefore, after N
steps, the magnitude of the imbalance is shrunk by a factal.ofor example, the
imbalance caused by an offset equal to 256 mV could be theoretically reduced to less than
1 mV after 8 steps. The residual imbalance will be small enough that if the circuit goes
back to the normal recording mode, thbiticurrent DAG will be able to handle it.

Based on this, an 14it DAC was used to perform the imbalance approximation
and compensation. The number of bits is more than the theoreticaltwadgeount for
ENoB reduction due to the nose and #ealities. This operation requires 12 clock cycles
(e.g., 120 psec fdex=100 kHz), which is a very short time compared to the slowly varying
neural signals. More importantly, since the source of imbalance is a large differential signal
that is created due to an offset (constant) strmaulation artifact (stimulation frequency is
typically <10 Hz), it can be assumed that the imbalance magnitude is constant over the
period that the SAR is operating.

Once the imbalance is compensat8dR control will be disabled, and thebit
DACs, andthe integration capacitor will be connected while the effect of the large
differential voltage is removed, and thystem goes back to its normal moBigure2.9 (a)

shows an example scenario where the input signal to the presented circuit is a combination
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of al mVpp 1.3kHz sinusoidal representing the neural signal as well&9 eV, square
wave representing the large differential artifaétigure2.9 (b) shows the digital output
that is reconstructed from the comparé&dsitstreamSQNR of this mode is the same as
the Anor mal mode o0 becausléeshdulhtkee nded that hddc mo d e |
level change of the reconstructed signal is caused by the consecutive 1s before the artifact
detection and the value does not represent the artifact. In order to extract the artifact
voltage, SAR DAC digital output can be used.

An important advantage of the presented circuit is that its SNR can be increased
dynamically by increasing the clock frequency (effectively, the OSR), of course at cost of

increasing the dynamic power consumption.
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Figure 2.9 Systemlevel simulation results of the presented channel for recording small

signals in the presence of a large differentiainode artifact (a) Input signal (b) Reconstructed Signa
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Chapter 3

Circuit -Level Design and Implementation 6 a 94 dB
Dynamic Range DualLoop SAR-Assisted Recording and

Stimulation Channel

As fully described in the previous chaptBrgure 3.1 depicts the topevel blodk
diagram for the proposed neural recording channel architecture. The MADaA&d
model presented in the last chapter has is used ideal blocks. Hence, performance metrics
such as power, nelimearity, and noise were not considered. These nonidealitidd cou
significantly affect the performance to the point that they might disrupt the system
functionality. In this chapter, the circtlével design and implementation of each block

will be presented and related nonidealities will be discussed.
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Figure 3.1 Block diagram of the proposed neural recording architecture.

3.1 The Transconductance (G) Stage

As mentioned in the previous chapters, sinneA®C-direct architecture was
adopted in this work, the first stage of the ADC, i.e., thes@ge, will be directly
connected to the recording electrodes. As such, it must satisfy the design requirements of
a neural fronend in terms of IRN, input impedance, immuyrtid offset and artifacts, and
sufficient signal amplification gain.

The IRN of the channel is mainly determined by the noise of thst&e Both
thermal (constant over the entire frequency spectrum) and flicker noise (inverse
relationship with frequencgyalso called 1/f noise) sources are present in the frequency
range of interest (i.e., DE5kHz). Regardless of their type, reducing the noise level has an
inverse relationship with power consumption. Hence, the lower limit for the required IRN

needs to b determined. The pickagp background noise of neural recording electrodes is
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commonlyaccepted to be around 10 pV in the bandwidth of inteB3t The recording
circuit should be designed in a way that its noise contribution at the input does not add

more than 10% to this number. The total naéée systenis equal to EquatioB.1

e oabe Cpamd oM vebla (3.1)

Where notalis the total noise of the systenajearodeis the background noise picked
up by neural recording electrodes anghfageis the IRN of the @-stage. It should be
noted that all the noises are rms values in 5 kHz bandwidth. According to this equation,
IRN of the Gn-stage should be limited to 4&/.

Reducing thermal noise can be done by careful choice of the traréasrpoint,
to ensure the key contributing devices are biased at their minimal noise current density as
will be explained later in this chapter. The other type is flicker naib&gh is dominant in
low frequencies. Flicker noise can be reduced to some extent by increasing transistors size.
However, this method has a limited success and more importantly, is neffacieant, as
reducing 20 dB of flicker noise spectral densityame increasing the area by a factor of
100 25. Such an aremefficient design is noacceptable anbbecomes a bottleneck in
scaling the number of channels integrated on the implantable chip. The other well
established method is using the chopgtabilization technique. In this technique, the input
signal will be upconverted to a high frequency (i.e., outside of the neural signal spectrum)
where flicker noise is several orders of magnitude smaller (due to its 1/f behaviour), in
amplifier, and then downcwerted to the neural band at the output of the amplifier, as
depicted inFigure3.2. In the presented architecture, this technique is employed.
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Figure 3.2 Conceptual representation of the chopper stabilization technique.

As shown, chopping is performed using two pairs of cross coupled switches that
change the polarity of the differential input to the afigliat a high frequency called
chopping frequency. For half of the chopping frequency cycle the amplifier inputs are
coupled to the electrodes in a direct way and for the other half, in a crossed way).(

A copy of these switches is repeated atahigput to dowrconvert the chopped signal, also
called unchoppingsince these switches are directly connected to the electrode, their effect
on input impedance and signal to noise ratio must be considered. If these switches are used
in series with an ingucapacitor as shown iRigure 3.3 (typically used for DC offset
decoupling as described in chapter 1), they form a switched capacitor circuit with an
equivalent impednce of 1fichop .C), Wherefehop is the chopping frequency and C is the

input capacitor. This impedance will be the input impedangg ¢Zthe neural fronend,

which leads to an impractical maximum for the chopping frequency if we needlipe

an acceptableiZ(e.g., >100My ). This incompatibility with chopper stabilization is indeed
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one of the main challenges of Acupled amplifiers, which has motivated for a -DC
coupled (i.e., capacitdess) frontend architecture. For the same raéite, directADC
architectures that implement the summation node using a capacitive method at the input
node (e.g.,12]) will have the same issue with realizing a high input impedance. In order
to address this issue, some designs in the literature hgveyad impedance boosting
positive feedback loop29]. However, these loops increase the power consumption and

their boosting factor is not constant in all the input range.
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Figure 3.3 Input of an AC-couples amplifier with chopper.

A high capacitance at the chopping nodes of the circuit also increases the time
constant of those nodes, hence, limits how {ifghquency the chopping could be
performed without leaving higfrequency residual fluctuations oretheural signal (called
ripples) after unchopping at the output.

None of the above would be an issue of the chopping switches are directly
connected to the gate of the input transistors of thet&ge, without any other capacitance
being present at thaput node. Of course, this means that the large DC offset at the input

should be removed in a different way than capacitive coupling, and also the summation
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point of thego FADC cannot be at the input. Both of these are addressed in the proposed
channel argitecture as will be presented next. The chopping frequency should be chosen
by considering noise corner frequency (i.e., the frequency above which, the flicker noise
become insignificant compared to the thermal noise), ripple (i.e., thefriegency
resdue on the neural signal at the output of the amplifier that is due to théréiglency
switching needed for chopper stabilization), and power consum@#nThe higher is

the chopping frequency, the lower will be the ripple and the n@4e Howeer, the
dynamic power consumption of the chopper switches will increase, and the input
impedance will be reduced.

The other constraint for then&tage is the range of input signal amplitude and
commonmode variations that it can handle without gettinguisded or perform nen
linearly. Both commommode artifacts, which change the CM of the input signals, and
differentiatmode artifacts which cause a large differential voltage between the differential
inputs, are problematic for thentstage Even if a vergmall gain is chosen for this stage
to avoid output saturation (which comes at cost of increasing the IRN due to next stage
noise contributions) these artifacts could easily change the biasing point of the circuit,
hence, cause large variations in thens@nductance (&), which leads to significant
nonlinearity in the recorded signal. The other challenge is EDO, which is a large DC offset
between the differential inputs and has the same effect as the differential artifacts.

All of the above should be aézed with the minimal power consumption and active

area to allow for massive arhip integration (e.g., >1000 channels) of these recording
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circuits while meeting the extremegpnstrained size and energy budgets of a brain

implantable device.

3.1.1 Highly-linear Artifact Tolerant Gn-Stage Implementation

The first step toward achieving all of the above goals is the best architecture for the
Gm. Figure 3.4 shows a raito-rail input foldedcascode operational transconductance
amplifier (OTA) which is one of the most popular architectures used in the neural recording
front-ends. Both NMOS and PMOS differential pairs are used for the input stage as the
circuit is supposed to be DEbupled to the recording electrodes, hence, should be able to

amplify input signals with a wide range of DC levels.
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Figure 3.4 Folded-cascode transconductance amplifier.

The inputsare connected to the gate of MOS devices; hence, a higheXpected.
The isolation of input and output stages in this OTA allows for optimizing the input devices
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for noise and output devices for gain. Also, the differential architecture ensures a high
CMRR. Nevertheless, in order to determine if the architecture is suitable for simultaneous
recording and stimulation, CM and DM artifacts without sacrificing the performance in
terms of any of the above metrics should be investigated. Particularly, wleakilinto

how the systentevel idea presented i€hapter 2 (i.e., dynamic biasing imbalance
adjustment) Folded cascode OFAGn depends on the input differential pair and is equal

to Equation3.2.

et 11 (3.2)
Tadh ™. TR NS

To
where, k1 and k2 are the tail bias current of NMOS and PMOS pairs respectively,

and Vimand Vrp are the threshold voltage of NMOS and PMOS transistors respectively.
Based on this equation, when the commaode voltage of the inpsiincreases, thedé
of the NMOS pair resulting in anglecrease for these transistors. The same will happen for
PMOS transistors in low input CM variations at the input due to stimulation artifacts or
electrodecell chemical interactions. Therefore, bdMOS and NMOS input pairs are
required to tolerate the CM artifacts. In this scenario, for higher CM ranges, only the PMOS
pair works and in lower CM voltages only the NMOS pair generate the current. In the mid
range both NMOS and PMOS pairs are active @ontribute into the overall £5 Having
three different regions of operation (i.e., PMOS only, NMOS only, NMRBEOS

cooperation), to avoid a nonlinearly amplified output, a careful design is required to ensure

the overall G does not vary with input CM viations. This is generally done, with an
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acceptable level of success, by proper biasing and size adjustments of the NMOS and
PMOQOS pairs (i.e.,sh and bz as well as W/L of M-).

On the other hand, when large a DM artifact (or offset) is present anibidier,
the mentioned method is not helpful because the of sametype devices (NMOS or
PMOQOS) are different from each other, resulting a large asymmetry in the Gsitmiaising.
The MOSFETgmG sensitivity to this asymmetric biasing mainly depend@m close
their Vg is from their |\fn|. Figure 3.5 shows the f] and g of M1 and M3 versus the
differential input voltage (i.e., INNNP) while assuming theaput CM is constant and
biased at the midrange (i.e., VDD/2).

As shown in this figure, very high or very low |VNF| values drive the transistor
to the triode or off regions, respectively, hence, resulting in reducing the desncall
signal transconductance to zero (i.e., the flat regions). Even before the curves are flatten
out, their slope starts to decrease gradually, which indicates the @eyiadegradation.
Comparing the two subfigures shows that increasing the trasdistagrdrive voltage
(Vop= |Vaeg-|V1H|) will result in widening the lineagm region in the center of the plot,
hence, decreasing the overall@ sensitivity to asymmetric biasing. Of course, this comes
at the cost of reducing the transconductance gaiichahas the side effect of degrading
the IRN as well. Therefore, the input stage was biased as adfifaoletween the @ and

linearity.

38



(a) (b)

> |VINoi|

=M1

N

> |ViNoi| —>|V/INoit|

=M1

|

|

|

|

: >|ViINoi|
|

|

| M3
|

Linear Range Linear Range
Figure 3.51p and Gn vs. VINpi for folded-cascode input transistrs. (a)Large Vop is chosen
for input transistor. (b) Small Vop is chosen for input transistor.

To minimize the thermal noisemgf M5, M6, M11, and M12 should be much
smaller than input transistors, meaning thab Vdf them should be maximum. Also, it
should be considered that these transistors are current sources, and their L should be large
enough to yield a large output impedance needed for a relatively constant Claldeat.

3.1 lists the sizing information for &stage transistorsand Table 3.2 summarizes the

amplifierds performance pameters.

Table 3.1:Transistor sizing of the foldedcascode
Bias
Current
M1, M2 250 nm 16.28 um 300 nA
M3, M4 250 nm 4.11pum 300 nA
M5, M6 | 655 nm 10um 600 nA
M7, M8 250 nm 2 um 300 nA
M9, M10 | 3.57 um 4 pum 300 nA
M11, M12| 1.69 um 6 um 600 nA

Transistor| Width Length
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In Figure3.6, the totalGm of the designed foldedascode is shown. As shown, for
a differential input range of-200mV, 200mV], the @ varies by 21%, which is
unacceptable as it leads to nonlinear amplification of neural signals. As discussed above,
reducing this 21% variations manly be done by an extreme increase of transistoss V
which comes at the cost of making the transconductance gajrtd@small to the level
that the circuit might attenuate the signal rather that amplifying it. The only way to achieve
high linearitywhile maintaining a high is to increase the total bias current of the input
stage, which cannot be done without violating the power budget allocated to a single neural

recording channel.

5.7 N,
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A
[Xe} - w (4]

&
iy

>
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»
w

180 160 ~T40 130100 86" 6040 20 050740 66 807100126 1467160 180"
Differ ential Voltage (mV)

Figure 3.6 G, of the folded-cascode vs. differential input voltage

Table3.2Foldedc ascode transconcoaankctassce ampl i fiero6s
GmVariation 400 Thermal Noise leve
Parameter . P r (MW ~
arameters mV input range) ower (LW) of the Gn (NV/ OHZz)
Value 20 % 3.06 200@ 30 kHz
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This Gr-variation is related to input transistors because those transistors produce
the current difference and the second stage does not affect the produced current. Therefore,
in order to prevent fVvariation in the presence of unbalanced inputs, a feedback should
be applied to the input stage,increase the total bias current of both NMOS and PMOS
pairs. However, this leads to a much higher power consumption when artifacts or offset are
presentsAdditionally, the virtual ground node voltage was also changing significantly due
to thethis differential voltagemaking it impossible to bring the circuit back to normal.

In this work, we propose a resistoased recording froregnd architecture, shown
in Figure 3.7, to address the issue of@ariations B5]. In this architecture the input
currents can be adjustatda way that keep the total power consumption @erisand bring
back the G to its original value when artifacts are present

As shown, M1 and M2 are input transistors, connected as source follower voltage
buffers to copy input voltages to X and Y. Then the voltage difference will be converted to
lingitf. This conversion is done in a purely linear way, thanks to ®iaw done by R
(lingiffi=Vindif/Rs). Depending on the differential input polarity, this current is
added/subtracted from the DC bias currendsdhd kin in Figure3.7) generated by the
PMOS current sources (M3,4) and NMOS current sources (M5,6). The bias currentin M11
and M12 are set to be exactly equal to the difference betweand bin. Thisway, the
current passed to the second stage of the OTA is exactly equal to thaigmeallicurrent
lingitft. This smalsignal current then travels through the second stage to the output nodes

where it is multiplied by the large output resistance of NI833pr M14,16).
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Figure 3.7 The propose resistorbased Gy-stage architecture.

Since voltage to current conversion is done by a resistor the only nonlinearity that
can be added is the gain variation of the input buffers. The gain of the source follower
voltage buffer is equal to Equati@3. According to this equation as long asigRs is
much larger than 1, the buffers work perfectly and do not introduce any nonlinearity to the
Gm. This is one of the advantages of the proposeest@ge comparing with folded
cascode. As shown in Equati8r®, the total @ of the foldedcascode is # summation of
I nput t rmaTherdafoset anoyrclhaage m thek will be translated to a nonlinearity
but inEquation3.4gm of transistors is appeared in both the numerator and the denominator,

hence the sensitivity targof transistors is reduced.

= 1.4, (3.3)

Io idy
ID:|V =|v (3.4)



Choosing the bias of transistors is crucial because it determines the noise, power
consumption, and linearity range. Therefore, it will be explained in detail in the next
section.

Choosing Bias for @-stage Transistors

The IRN of the G-stage is equal td&quation3.5. This equation should be
considered for all the transistors biasing.

According to this equation increasing theigreduces the noise. Additionally,
increasing the gof them is helpful in terms of linearity according to EquaBoh

It shauld be noted that as chopper will be added to the input parasitic capacitor
should be small to keep the input impedance large. Therefore, the sizing should be small.

M3 and M4 are the primary current sources, and their L should be maximum to
have a constdrturrent. According to Equatidh5, the ghs.4ashould be smaller than inputs.

The current of M3 and M4 are larger than M1 and M2 in this circuit leading to lakger g
order to reduce the current difference between M1,2 and M3j8 thosen 2% ofgk.
Also, Vop of M3,4 are chosen large.

The same strategy is applied for M11, M12. However, since the current of these
transistors are much smaller than the input the noise contribution of them is less significant.

M5,6 and M9,10 have the same current asrtpet transistors. Therefore, reducing
their gnis done by choosing largeoV.

The noise contribution of thesR®nly depends onng,2 because the value of it

determines the &of the amplifier.
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The output stage noise contribution is not considered because the voltage gain of
the first stage is large (~60). The main criteria in sizing the output stage transistors is to
ensure a high output impedance foe OTA.

Figure3.8 shows the generated current on the resistors for 3 different CM voltages.
It should be noted that the linear CM range is smaller than the folkedde. However,
in this circuit unlike the foldedascode which had both PMOS and NMOS pairs, only
PMOS pair is used.

The Gn drop in this circuited is resulted from the primary current sources. As
mentioned, overdrive voltage of M3 and M4 are large to lthelir noise contribution.
However, with this choice of biasing, the current variation will be increased. When CM
level increases, the drain voltage of M3 and M4 will be increased and sincesthés |V
large, their current decreases leading tdd@ss.

750 mvV
—900 mVv
-11V

O Rk N W A O DN D ©

I (nA)

© b NS h oAb s

0.5 0.6 0.7 0.8 0.9 1.C
time (ms)

Figure 3.8 I ngir for different CM level s applied at the input of the proposed channel
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Gm variation for Different CM Valuefists Gn variation of the presented.&stage
for different CM levels. As seen, this variation is smaller than 10% without noise penalty
and adding an NMOS paiit should be noted that the éar CM range of this fstage
(300 mV) is smaller than the foldedascode (400 mV) but thisristage will provide a

superior linearity in the case of DM artifact which will be discussed later in this chapter.

Table 3.3 G, variation for Different CM Values

CM Artifact
(mV) Om (uA/V)
150 7.97
0 8.85
-100 9.37
-200 9.38

of resistorbased G@-stage transistor.

Considering all the requiremen®&able3.4 lists the sizing information and current

Table 3.4: Transistor sizing for the resistor-based Gn-stage

Transistor wW L I
M1, M2 64.74 um 5.0 um 3.9 uA
M3, M4 37.085 pm 19.995 pm 4 pA
M5, M6 4.245 um 19.995 pm 2.1 pA
M7, M8 3.665 um 19.995 um 1.8 A
M9, M10 64.74 um 5.0 um 3.9 uA

M11, M12 770.0 nm 19.995 pum 100 nA

M13, M14 970 .0 nm 5.0 um 200 nA

M15, M16 385.0 nm 1.0 um 200 nA

M17, M18 865.0 nm 5.0 um 200 nA
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It should be noted that the presented thef3he presented amplifier varies in case
of a DM artifact. The SARassisted feedback (described in Chapter 2) needs to be added

as will be described in 1.1.3.

3.1.2 Gm-stage Performance

Figure3.9 shows the gaitbandwidth plot for the proposed higHipear OTA. The
required bandwidth for this stage is 5 kHz. Her@,dB bandwidth of 8.3 kHz is achieved.
In order to calculate thebandwdt h, t he maxi mum gain is divi
for this gain is considered as the bandwidth.

Figure 3.10 shows the IRN of the &stage. The noise corner ibaut 30 kHz.
Therefore, the chopping frequency of 32 kHz is chosen, and a noise level of&HEnig/
achieved. This noise level is without chopping. However, only the thermal noise is
considered because the chopping frequency is higher than the ceuuesricy of the
circuit and the noise PSD plot will be flat (as described in 1.1). This should be validated in
experimental results because it could not be confirmed using simulations due to the

switching.
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________________ " BW=8.3 kHz

Figure 3.9 Gain-bandwidth plot for the proposed highly-linear OTA
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Figure 3.10 Power spectral density of thdRN of the proposed highlylinear OTA

The OTAG continuous power consumption is 15.12 pW, and IRN is 3.88 pV in 5
kHz bandwidth. To further reduce the power consumption, the first stage of the OTA,
which is responsible for more than 95% of the total power is poywaed. As shown in
Figure3.11, three sets of switches are used to turn off the current in the first stages as well
as the connection between the first and second stages. The separation of the two stages
ensures that the O output stage bias and output impedance remain intact, hence the

Gm-C integratods capacitance will not experience any DC level change. The timing of
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these switches needs to precisely set to ensure that the stage isolation isepeffore
turning off the first stage, in order to prevent any unintended charge injection into the
output stage. The power cycling is performed with @00atio, in which the OTA is only
operational in 10% of the time. Of course, this reduces the a/gm@wsconductance (b

that the OTA delivers to the integrating capacitor, which is acceptable given the high value
of the original G. In 90% of the time, S1 and S2 are on (turning off M3 and M4), and the
rest of switches are off (isolating the two s&ff@em each other), and for 10% of the time

the circuit goes back to normal operation (i.e., similar to the schem&iigure3.7). As a

result of this power cycling scheme, the power consumption is reduced approximately by
a factor of 10 (not exactly, mainly because the @T#econd stage is always ON), while

the IRN de@s not increase significantly since the first stage is completely disconnected
from the second stage when the current sources are off; hence, any random fluctuations in

the first stage is never reaches the output.

vdd vdd
veld < SlVdd vdd oY .sw vdd
Bo—|E|-\/|13 B2 vg%—{i/ls M4 isz M1-4|51|'°B
OUTP e— SWeXss o SHEswW | . OUTx
Vlo-”'-‘MlS INN of["M1 § Y M2_|foINP Mle:“_dﬂ
M7 Mg]

V3o 'M9 M10]}o V3
Bl o[ M5 M6 |joB1
L sw —[Si}/ L
S S
V2e[ M17 Bso-|[i|v|11 M12-E|—083 M18{ov2

48



Figure 3.11 The proposed configuration for powetrcycling of the presented Gm stage.

Table3.5 Lists the parameters of the suggestedstageand Table 3.6 lists input
impedance of the integrator for different input frequencies.

Table 3.5:Gn-Stage parameters

IRN __Bandwidth CMRR G
Parameters 9 (Hz) "oV W) "4B)  variation
Value |1221F 5k 46 036 <109%

aintegrated noise in 1 H500 Hz
bfor 300 mV input range

Table 3.6 Input Impedance vs. inputsignal frequency
Frequency (Hz) DC 10 1k
Input Impedancey) | 75G 7.1G 18G

As expected fronfrigure3.7 andthe gain of the amplifieshown inFigure3.9, the
output impedance of this amplifier is very largad the structure is differential. Therefore,
commonimode feedback should be applied to keep the output dc leveb#t ¥ avoid
DC drifts at the terminals of the integrating capacitéigure 3.12 depicts the CMFB
circuit. This circuit is biased with only 20 nA.cCapacitors are added for compensation.

In order to get phase margin of 40°, CMFB capacitot$ && chosen 50 fF.

———{[[M20 M21 I_—_LT| M22 M 23|f—
dar2

VB3 o[ M24 _ M25 ||eVB3

Figure 3.12 CMFB circuit
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Table3.7 lists the sizing information and current bias of the CMFB.

Table 3.7:Sizing information and current biases of CMFB.

Transistors Width Length Bias
Current

M26, M27 335 nm 19.995 um 20 nA
M20, M21, M22, M23 | 735 nm 19.995 um 10 nA
M24, M35 515 nm 19.995 um 20 nA

3.2 Gm-C Integrator Implementation

The designed kst age needs a capacitor to wor |
capacitor should be sized in a way thatitttegrating nodé time constant is large enough
to accumulate a large numberdfat a ( ¢ o mp a that are at the oversarhppng t )
rate (typically, ~1 psec)200 clock cycles (2xOSR) are required for each sample to be
digitized. Hence, he time required for keepirgD0 samples i200 psec 200x1 usec)If
we want to keep 10 consecutisampleswe need 2 msec (B psecx0). Thereforethe
dominant pole should be smaller than 1 kHence considering the &:of the OTA (50
Mq )a 1 pF cpacitor is usedrigure3.13 shows the gaubbandwidth plot of the integrator
illustrating its integrating behaviour at frequencies lardpan 300 Hz,and its phase
margin, confirming its stability.The stability can also be confirmed using gain margin.
This gain can be obtained by finding the magnitude of the transfer function where the phase
is 180°. According td-igure3.13the gain margin for this circuit is abo@0 dB and since

it is less than 0, it shows the stability.
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Figure 3.13 The gain-bandwidth plot of the proposed GmC integrator.

As mentioned, the chopper should also be added to the integrator to suppress flicker
noi se. Adding the unchopping switches at
there is nocapacitor ad removing the input capacitosiminate the possibility of fold
back noise 25]. Figure 3.14 Depicts the full G-C integrator schematic, including its

CMFB circuit and chopper stabilization switches.
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Figure 3.14 Full Gm-C integrator schematic, including its CMFB circuit and chopper

> CMPIN

stabilization switches.

3.2.1 DM-Artifact Tolerant GmC Integrator

As described in detailsiiChapter 2, the ADdirect recording channel is designed
in a way that in the event of a large DC difference between the two differential inputs
(offset or DM artifact), the backend artifact detection module triggers a process that (a)
temporarily conved the circuit into a SAR ADC to estimate the amount of DM
artifact/offset, and (b) uses the data from the SAR logic to return the biasing okthe G
stage to a balanced situation and cancel the effect of the DM artifact. This requires certain
design considations in the @-stage implementation to ensure such an adjustment is done
effectively and with minimal additional power co3io implement the described bias

adjustment scheme, first we divided the original M5 and M6 into parallel transistors M5a,
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M5b, M6a, and M6b as shown in Figure 3.16. While we expect the DM artifact/offset to
cause biasing imbalance, we also assume that there is a maximum to this imbalance. Based
on the experimental results reported in the literature, we expect the maximum offset and
DM artifact to be limited t&200mV. Our simulation results show that this amount of DM
artifact could change the biasing of the M5,6 (i.e.,B®when there is no DM artifact)
by +1.8mA. In other words, these transistors have a minimum a2 and a maximum
of 5.7 mA bias current, depending on the DM artifact magnitude and polarity. As such,
when each of the M5,6 is converted into two transistors, ld&are biased with a fixed
2.1 mA as the bias current, and M5b,6b are used as the devices vétiable bias (3.6
mA) controlled by the SARbased feedback. Considering that an increase in orts bids
current needs an identical decrease on the other side, this means that the total bias current
of the Gn-stage will remain constant. Therefoomce the SARbased balancing process is
over and the new biasing condition is established, the ésamrerall power consumption
IS intact.

During the artifact magnitude estimation phase, the SAR DAC replaces M5b and
M6b and estimate a differential cant for them. S7, S8, S9, and S10 are added to the
circuit to replace the M5b and M6b with currestéering SAR DAC outputs. In addition,
as described in section 2.3 of the previous chapter, during the estimation phase, he OTA
output is directly conneed to the comparator to form a SAR ADC for artifact magnitude
estimation. This needs the integrating capacitor to be switched out of the circuit during this

phase. This is done using S11, S12, and S13as depidtayline3.15.
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Figure 3.15 The proposed G,-C integrator with variable bias for handling DM artifacts and offsets

Figure3.16 andFigure3.17 depict the proposed+«C integrator during the normal

and artifact removal modes of op#on, respectively.
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Figure 3.16 Gn-C integrator circuit in the normal mode of operation
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The artifact compensation mode takes 120 psec (equal to 12 cycles kH200
clock), and during this short periothe power cycling is turned off, leading to a higher
power consumption. However, after compensating the artifact, the circuit with the new
biasing condition goes back to the normal mode with a power consumption that has not
changed. Therefore, the powerciease only happens in the beginning and end of
stimulation pulses and for a very short period of time. Additionally, it should be considered
that electrical stimulation pulses in an implantable device typically have a very infrequent
occurrence (e.g.,-2 times a day in closelbop stimulators for epilepsyif]). Therefore,
this shorttime power increase will have virtually zero impact on the average power

consumption of the implant.
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Figure 3.17 Gn-C integrator circuit in artifact removal mode of operation.

When DM artifact is present on top of a large CM artifagtogM1 and M2 is
expected to change drastically, which causes significant nonlinearity in the signals
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recorded during stimulation. In thsituation, the described bias balancing scheme using
the SAR DAC helps keeping them@onstant. As an example, if we assume that INP
decreases and INN increases, the DAC predicts a higher current to be required than what
M6 is providing in the respectiveode. This increase in the bias current of M2 will
compensate the original increase in its{due to INP decrease) and brings back thésvi2

om (2Io/Vop) to the original value. The efficacy of this method is verified in Cadence
simulations, and &variaion of the transconductance amplifier is shown to be less than
5% for a 200mV change in the input differential voltageégure3.18 shows different @

curves of the mplifier, where each of the curve represents thefdd a different biasing

situation.
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Figure 3.18 Gy, of the presented transconductance amplifier with adjusted biasing vs. differential input

voltage.
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3.3.1 Comparator
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t he

guanti z

dynamic operation (i.e., no static power) the comparator adds minimally to the overall

power consumption. To reduce the hysteresis, four reset transistors are used. These

transistors resdhe output nodes periodically to keep the initial state of the comparator

constant for all the inputskigure 3.19 shows the comparator. As mentioned, the

oversamplingr at i o of t

he @E ADC

S

100

and

comparator should be able to operateldtz. The average power consumption is|iV@

and the hysteresis is 20 pV based on the-jaystut simulation results.
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Figure 3.19 The StrongArm comparator used for the 1hit quantizer in the presented neuralop FADC.

57

ban



3.3.2 The 1-Bit Current-Mode DAC

As described its functionality in Chap@yrthe bit currentmode DAC should be
designed to push/pull a cstant current into the integrating capacitor of thefilter to
form the @ part of the @E modul ator. A si mp
as shown irFigure3.20. Thanks to the CMFB used at the output of thesiage, the DC
level at the output of the current DAC remains relatively constant and at aroumdiimid
(i.e., Vbo/2). which relaxes the output impedance requirement for the cpargp. It
should also be noted that any mismatch between the push and pull currents will translates

into an offset error andilvnota f f ect t he dynamic perfor mance

;T vdd vdd

DIGITAL 4
OUTPUT y
BITSTREAM ~

DIFFRENTIAL
ANALOG
INPUT

ARTIFACT
DAC | = |DETECTION

Figure 3.20 Pushpull charge pump 1-bit DAC of the qp EADC.

3.3.3 SAR DAC

The DAC used for estimation and correction of DM artifacts and offsets in the input
Gm-stage is shown ifrigure 3.21. As shown, it is a 1-Bit currentsteering DAC with a

SAR architecture. As mentioned, during the artifact compensation mode the outputs of this
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DAC replace the bias current provided by M5 and M6. Since the DAC is used only when
a large DM artifact isletected, it will be only ON for ~0.1% of the time during the periods
when electrical stimulation is performed. Considering the infreqoetuirrencerate of
electrical stimulation, the ON time of this DAC is even more negligible, despite its critical
role in proper operation of the entire recording channel. As a result, it is designed with the
main focus being on its speed and accuracy as it is used in the body of the SAR ADC that
estimates the magnitude of the DM artifact and needs to produce a ppsaseducurrent

at every highlyoversampled clock cycle.
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Figure 3.21 The SAR DAC architecture used in artifact removal mode of operation.
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3.4 Complete Recording

Figure 3.22 shows an example scenario where the input signal to the presented
circuitis a 1 m\§p 1.3 kHz sinusoidal representing the neural signal. The input &dbél
level sits at 0.9 V and there are no CM or DM artifacts present. The output bitstream (i.e.,
the output of the comparator) and the reconstructed signal (thedss\filtered versioaf

the output bitstream) are shown.
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Figure 3.22 Recording channel's performance when the input is & mV,, 1.3 kHz sinusoidal. (a) input

signal. (b) output bitstream. (c) reconstructed signal.
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The outpuds spectral view of the bitstream is plottedrigure3.23, where the first
order noise shaping apparent. The achieved SNR is 59.66 dB, which is equivalent to an

effedive 9.6 bits.The input signal frequency is chosen 76 Hz in this gégur
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Figure 3.23 Power spectral density plot of the output bitstreanmshowing the roise shapingand the SNR
of the prmoduatort ed o@F

Figure3.24 shows another example where the input signal to the presented circuit
is a combination of a 1 mpY1.3 kHz sinusoidal representing the neural signal as well as a
150 mVpp pulse representing éhlarge differential artifacts. The output bitstream and the
reconstructed signal are shown. The signal to noise ratio of the recording circuit is 48.02
dB, which is an 11 dB reduction compared to the artifegd case present&ijure3.22.
This reduction is due to many ndagealities such as residue differential current, gain
change because of unbalanced biasing of thea@ditional noise of the DAC transistor

addedo the circuitandchopping the SAR DAC.
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Figure 3.24 Recording channel's performance when the input is aambination of a 1 mVpp 1.3 kHz

sinusoidal and a 150mVpgsquare a) Input signal. b)l nt egr at or 6s outputs. c¢) Rec

It should be noted that 48 dB is SNR is for neural signals, which will be translated
to 7.7 ENoB and is enough for digitizing. With the SAR DAC capable of removing artifacts
up to 200 mV, th®R of 94 dB is ghieved, which means 15.3 ENo8so, thelinear CM

input range of this fror¢nd is300 mV.

3.5 Current Stimulator
As mentioned in the first chapter, the main goal of this design to enable
simultaneous recording and stimulation. We implemented-aib @irrert-mode DAC in

each channel to conduct currenbde stimulation. The curremiode stimulators are
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