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A 1.8-V AY Modulator Interface for an Electret
Microphone With On-Chip Reference
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Abstract—The design of a delta—sigmaA X) analog-to-digital Sound Port
converter (ADC) for direct voltage readout of an electret micro- MV'“\(EA %’ Cs
phone is presented. The ADC is integrated on the same chip with & ~——{-—4—© Signal
a bandgap voltage reference and is designed to be packaged to-Air Gap17 ,
gether with an electret microphone. Having a power consumption U () TCp
of 1.7 mW from a supply voltage of 1.8 V, the circuit is well suited Electret o GND
for use in mobile applications. The single-loop, single-bit, fourth-
order AXY ADC operates at 64 times oversampling for a signal
bandwidth of 11 kHz. The measured dynamic range is 80 dB and
the peak signal-to-(noise-distortion) ratio is 62 dB. The harmonic o
distortion is minimized by using an integrator with an instrumen- Signal GND
tation amplifier-like input which directly integrates the 125-mV
peak single-ended voltage generated by the microphone. A com- @ ()
bined continuous-time/switched-capacitor design is used to mini- Fig. 1. Electret microphone model.
mize power consumption.

Index Terms—Analog-to-digital conversion, CMOS analog in Fig. 1(b) by its electrical model. The microphone’s output
IC, continuous time, delta—sigma modulator, electret micro- voltageVx), depends on its geometry and the materials used
phone, high input impedance, low-voltage bandgap reference, 4], The silicon chip IC placed inside the microphone package
single-ended input, switched capacitor. . Lo L .

contains an FET which is used as a high input-impedance am-
plifier.
|. INTRODUCTION A schematic of the A/D conversion chain presently used in

IGH-PERFORMANCE CMOS processes are currentl%()b"e pho_nes is shown_in Fig. 2(a). The JFET packaged along
evolving toward increased switching speeds and transis jth the microphonel Is used as a voltage-to-current con-

- e A .. yerter. The signal is ac coupled to t®decchip by a large-
densities. Even if this evolution is driven by the needs Ofdlglt%{flued capacito€’. The cost of the system can be reduced by

circuits, the performance versus cost ratio of analog circuits & ) . o
: : integrating R along with the JFET and designing né&odec

I 1], [2], though I A -on-. . .
also increasing [1], [2], though at a slower rate. In systems-o ips that can be connected directly to the JFET drain [5]. How-

chip, a large digital section can perform high-complexity da o other disadvant fthi t in. At
processing at high speeds while the analog circuits provide hi?%—er’ 0 ofher disadvantages ot this system remain. At approx-

performance data conversion, in many cases without the n éltely 60-dB dynamic range and 1% total harmonic distortion,
for pre-/post-conditioning of a’nalog signals e performance is limited by the JFET’s noise and nonlinearity,

Integration of the analog-to-digital converters (ADCs) ang”e" wh(_an this is biased at a re Ia_ltively high d_rgin current. The
digital-to-analog converters (DACS) on the same chip with thaﬁpalog signal at_the JF_ET drain is also sensitive to externally
digital signal processor is usually desired to reduce the over%ﬁnerated electrical noise.

system cost. However, there are cases where distributing ;[/r(]aérrs]i(t)rl:Sofpgfa)(c:jtrl’reat1 r‘?]lifgzgﬂtosggg?lgl fg ;ngr?tzg-qllagaclocn%tpt
ADCs outside the main chip set canproveperformance and . . i . ) .
P P P illustrated in Fig. 2(b). The JFET is replaced by a chip con-

r m . This is generally th with specialy." .
educesystem costs S Is generally the case with spec at&lnlng an ADC and a voltage reference. The ADC is connected

ackaged sensors [3]. ) . . . o
P Thegaudio input ([Jle]vice most used in telephony these dagérectly to the microphone, without making use of an amplifier

the electret microphone, is such a specially packaged sen &I.ilterfor signa_l conditioning..The voltage referenpe is placed
Fig. 1(a) shows the structure of an electret microphone. It cof the same chip, so no sensitive analog connections are taken

sists of a variable capacitor, with one fixed plate and one ﬂe§EJtSIde the metal package. The only needed external connec-

ible plate which bends under the pressure of sound. The fix ?gus, besides ground and supply, are the digiatkinput and

plate is covered with an electret layer which has a built-in charge It Dataoutpu_t. . . e .
resulting in an electric field of 200-300 V. Thus the micro- The next section gives a high-level description of the designed

S -chip system. Section IIl covers the design aspects of the
hone works as a high-impedance voltage generator, as sh&ﬂﬁ ) C
P W 'gh-1mp voltage g A modulator, both at the behavioral level and at circuit level.

In Section 1V, the design of the on-chip low-voltage bandgap
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Fig. 2. (a) Conventional and (b) new approach for A/D conversion of aponstraints, are designed as SC integrators which perform well

electret microphone signal. when biased at a low supply voltage. The quantizer inside the
AY loop is a differential comparator (1-bit quantizer).

CLK Clocks The on-chip bandgap reference supplies a voltage which
is converted to a differential current by the VIC circuit. This

approach does not load the bandgap reference dynamically,

o T e B s B s Y PAT2 " therefore allowing for lower power consumption in the voltage
s A A 73 ey reference buffer. The buffer only has to drive the scaled-down
b capacitors of the higher order integrators.
M ¥ All the clock phases required by the SC circuits are derived
Cnd vIC vib_ | >< —] Gnd on-chip from a master clock line supplied externally.
¥ al
vad Bandgap Reference . AX ADC DESIGN

A. ADC Requirements

The AX. modulator connected to the microphone requires a
high impedance input to isolate the electret material from the
Il. SYSTEM DESIGN rest of the circuit. This single-ended input connects capacitively

The small number of available pins and the need for a hiéﬂ_theVEM signal source (Fig. 1). The voltage generated by the

conversion resolution at audio frequencies makes the Chomg:rophone has a peak amplitude of 125 mV when the device

of a A modulator the most suitable one for this applicationS 102d€d by a 2-pF capacitor and a large value resistor (around
The design challenges at system level consist of connecting ME2). The signal has no dc offset, therefore the input of
A, modulator directly to the microphone and to the On_chiEEeAE modulator requires a voltage input range which extends

voltage reference without making use of high-power amplifiee!0W ground. Because of the small input amplitude, a conver-
or buffers. sion gain has to be designed in the converter so full-scale codes

A system-level schematic of the chip is shown in Fig. 3. Are reached with a large reference voltage. A low ripple of the

fourth-order, single-loop\S: modulator performs the function CONVersion gain inside the signal bandwidth is preferred.
of A/D conversion. Only one bit of data is delivered at the output The reqL_ured dynamic range of 84 dB exc_:eeds the dynamic
on each clock cycle, therefore a single-bit quantizer is used./&19€ achievable by the JFET-based solution. The converted
large oversampling ratio (OSR) in conjunction with higher ordgi9nal bandwidth is 11 kHz, so the microphone can be used for
noise shaping make it possible to attain a high conversion reS§th telephony and multimedia applications.

lution.

The A modulator is connected to one plate of the micrd3- A% Modulator Topology
phonep with the single-ended input of the first integrator. As The architecture of thA3 modulator is shown in Fig. 4. This
one plate of the microphone is structurally connected to grouratchitecture allows for good control of the noise transfer func-
there is no possibility to connect it to the microphone differertion (NTF) and of the signal transfer function (STF) by using
tially. However, for good performance at low supply voltagesoth the feedback coefficienfs - - - f, and the feedforward co-
the rest of the modulator is designed with differential circuitrefficients b, - - - b3. No feedforward coefficient is connected at
Single-ended-to-differential conversion takes place at the lewké input of the converter, leaving only the first integrator to load
of the first integrator. the electret microphone.

The first integrator is a continuous-time (CT) circuit with a The first three integrator gains - - - a3 can be chosen arbi-
high input impedance. While all switched-capacitor (SC) citrarily and all the other coefficients are then calculated to map
cuits need a driver in front of the integrator to load the samplinbe z-domain transfer functions NTF(z) and STF(z) to the phys-
capacitors which perform the voltage-to-charge conversion [@al structure. The coefficients are designed to bound the inte-
CT integrators can be designed with a high inputimpedance [§}ator outputs within 10% to 80% of the supply voltage when
Their additional advantage is a lower noise bandwidth than #re modulator is not overloaded. Integrator clipping to supply
SC counterpart. The higher order integrators, free from speaialls is used to limit oscillations when the input is larger than

Fig. 3. System-level schematic of the digital microphone chip.
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desired in-band conversion gain. OpAmp

The modulator is designed to oversample the 11-kHz sigr

bandwidth at 64 times, with a clock frequency of 1.408 MHz l %R" Rd% Gnd
Under these conditions, the fourth-order singlesX attains a . . 8
total in-band quantization noise power-692 dB. As a result, XF12-¢k  \s12 Nsa  Qin

the white noise having a projected in-band power&4 dB Fig. 7. One-bit AYX feedback integration by a single-ended input CT
will dominate the quantization noise and function as dither tategrator.

prevent the idle tones at115 dB to become audible. The ref-

erence voltage considered for all behavioral modeling is 1.5 é{on which takes place, balancing of the circuit greatly reduces

The supply voltage is 1.8 V and all circuits and signals are C085mmon-mode cross talk (CMCR) and nonlinear distortion.
sidered fully differential.

/ _ renite - [7], complefsey as shown in Fig. 7. The two current sourded-+ and
control of in-band STF magnitude ripple is achieved. The dg+;, e connected to the sources of the two MOS transistors

signed flatness of the STF magnitude is better than 0.1 dB fr cording to the quantizer decision. The switchesi - - - M s4

de tq 11 kHz.'The pair of zeros in the STF characterls_uc ‘?‘l%\(?e activated by the digital signatdl2 and 534, directing the
provides for hlg_h-frequ_ency roll-qﬁ, which increases rejectiofitterential feedback curredtfb to flow from the source ofi/ 1

of out-of-band input signals. This compensates for the oy e source ofi/2 or vice versa. The feedback current is in-
plete absence of input-signal conditioning. The in-band S-Eggrated by the operational amplifier on the two capaci€is

gain is 12 dB, which translates the_ peak input signal of 125 my the same manner as the signal current. The functioning of
(—21 dBR) to the output overloading level of the modulator Ghe etyrn-to-zero clockZ’Z_clk will be explained in a fol-

—9 dBR. lowing section. All three clocking signals are boosted by local
_ charge-pump voltage doublers to 3.4 V.
C. High Input Impedance Integrator With the signalin at the input and thA Y feedback applied,

Conventional SC integrators [6] and CT integrators [8] do n&ff€ output of the integrator at an arbitrary clock indeis
need a high input impedance because, in most applications, a Vie Tone InTon
signal buffer or amplifier is already available in front of the&s  Voue(n) = Vous(n — 1) + Rlz 5L fCiC
modulator. To connect the modulator directly to the microphone,
the custom integrator shown in Figs. 6 and 7 was designed. with T, being the clock period an@(n — 1) representing the

The single-ended microphone sigridin (Fig. 6) is con- previous comparator decision with values#of or —1. In the
nected to the gate of the pMOS transistéi. The use of pMOS equation abovel fb is considered to be integrated during the
devices provides the required input range, which extends mdud clock period. The input signal can be approximated with a
than 200 mV below ground. The transistor plii, A2 repeats dc voltage due to high oversampling.
the voltageV in onto the resistor&s. The resulting currentis  Switching current feedback has one main advantage for
integrated by the operational amplifier on the feedback capdew-power applications: there is no need for a high-speed
itors Ci. The two-stage class-A output amplifier keeps its difow-noise buffer for the reference voltage. This is because the
ferential input voltage close to zero by balancing the drain cusnly required current sources are static loads for the voltage
rents ofM 1 andM 2. In the single-ended-to-differential conver+eference. Fig. 8 shows the schematic of the voltage-to-cur-

-Q(n—-1)

)
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Fig. 8. V/I converter used to generate the feedback current for the first
integrator. Fig. 9. Switched-capacitor noninverting integrator witf: feedback path.

rent converter used to derive the feedback currents from %ﬁile Vemo has a low value falling inside the common-mode
reference voltagé’a. The operational amplifier repeats thqnput range of the pMOS-input amplifier.

voltage 1;@ onhthhe re’f/lls(,)tgrRref , sustaining thg _resﬁlt'rllg Another advantage of SC circuits is the good control of ratios
current_t roug t. en transistor coqnecte in the loog capacitors. For a CT circuit, a path gain is dependent on the
The noise bandwidth of the/ convert_e_r IS reqlm_:ed by theRC or g,, C product, which has a typical 3spread of 30%. In
capacitive load of the one-stage amplifier. Variationftfe f the case of SC circuits, however, the gain is given bgiajiCs

lover temp?eralture dogs dnot. ﬁeﬁrade ,mE perlfzqrmgnc_lghas ratio with a spread of less than 1%. It\a’ modulator, the better
ong E.SR7 cf is matched wit t € rIZS'S;%rRSK( 9. )'_ € control of each path gain means that the output range of the
matching ensures a constant signal/feedback gain ratio. integrators in nonoverloaded condition can be extended closer

The feedback current sources are cascoded to increase Hejf supply rails without decreasing the yield. The larger the

outpu.t impedance, so th? supplied current is npt dependentotmput range, the smaller the capacitive load of the operational
the microphone voltage signal when Bfb source is connected

) amplifier, hence the lower the power consumption.
to the source of\/1 (Fig. 7). P P P

h . . i he drai , h The MOS capacitoCcm is charged to the common-mode
The main noise contributors are the drain resist/swhose value of the differential feedback voltagefb+ —V fo—, elim-

va_\l_ue _is limited by the upper margin of th_e operationa_l arr?ﬁating the need for an additional buffer circuit.

plifier input range, and by the lower margin Of_ the drain-to- All the nonoverlapping clock phases are generated on-chip.
source voltage needed to operate the MOS transistors away fipfa, o\yitching signals for all the SC circuits are boosted by a
the linear region. The other noise sources areRkeesistors, 1o set of charge-pump voltage doublers. The second inte-

whose values can only be decreased at the expense of mcrea&g r contains a two-stage rail-to-rail output amplifier which

E\P}e sizi_o:]theﬁi capacit(;)rs, gnd_ the MOS tra;nsist(zlrél I?nd attains higher output range compared to the folded-cascode am-
2, which are operate at_ rain current; of /.4 to allow plifiers used inside the third and fourth integrators.
the use of larger- valugd resistors. Approximately 90% of the

noise power is generated by the mentioned devices. E. Adder and Comparator

D. Switched-Capacitor Integrators The adder in front of the quantizer (Fig. 4) is designed as an

The higher order integrators are fully differential SC circuits?c integrator _(Fig. 9) which resets @& integrating capacitors_
n eachsamplingclock phase. It samples the outputs of the in-

following the topology shown in Fig. 9. They consist of a signaq : )
integration path built with the sampling capacitafs and a tegrators on eacf_mtegratlng phase to deliver the non-delayed
A3 feedback integration path, represented )b capacitors. sum to the quantizer.

All integrators deliver their outputs to the adder in front of the Jhﬁ qulant(ljzer IS a hd!ﬁerent|§1l—|nphut dynanlz!c Cog‘p"’."iator
quantizer to implement thig - - - bs coefficients (Fig. 4). which preloads on each integrating phase, making a decision at

The SC integrators are better suited for low-voltage oéae beginning of the ;ampling phase._T_he decision is Iatched_at
eration than CT circuits. One advantage is the decoupli £ end of the Samp"ﬂg phase by a_d_|g|ta_1l RS latch to maintain
of the input signal common-mode and operational amplifi«?rconStant output until the next decision is made.
common-mode input. As shown in Fig. 9, during the sampling .
phase, the switches markacare closed and the input signal™ Feedback Timing

common-mode voltage i¥ cmi. During the opposite clock The use of both CT and SC integrators in the saxdemodu-
phase, when the switches markedre open and the other fourlator requires two different types &f>: feedback to be supplied.
switches are closed, the common-mode voltégeno is used As shown in Fig. 10 and explained in the previous sections,
to correctly bias the input stage of the operational amplifiethe CT first integrator has a differential reference curigrtf
TheVemi: andV emo voltages are independently set,\8emi  which is supplied by th&’/I converter (Fig. 8) and is switched

is tied to the middle of the supply voltage to take advantagecording to thes12 and.S34 digital signals. The feedback for
of the rail-to-rail output capability of the previous integratorthe SC integrators is supplied as a differential voltiige
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Out

Fig. 11. Low-voltage bandgap reference.

Fig. 10. Timing of AX feedback signals.
limit in such modulators is the linearity of the integrators, and

Considering the master clock to be divided into samplirgsPecially of the first integrator for high OSR values.
(CLK = 0) and integrating LK = 1) phases, the com- The high input impedance integrator used in this design
parator makes its decision at the end of the integrating phaseTikes use of a capacitive feedback connection to the sources
shown in Fig. 10, waveformdut The decision is used to gen-Of the MOS transistors\/1, M2 (Fig. 6) which causes all
erate the feedback signa#d2, $34, andVj,. For theS12 and the signal current to flow directly into the capacitors without
534 digital signals, the sampling phase is used as return-to-z@ssing through the input transistors. This improves the
control to reduce intersymbol interference at the level of the firsfearity compared to that of an open-loop MOS pair [5] as it
integrator [5]. As shown by the wavefortar, the current feed- keeps the input stage balanced. With a differential input signal
back is only integrated during the integrating phase. During the the order of 100 mV, the integration linearity can reach
sampling phase, only the input signal is integrated while bo#§0 dB (better than 16 bit) without requiring high current levels
512 and 534 are off andRT Z_clk (Fig. 7) is switched on to (large transconductance) for the input transistors.
connect the fb+ andI fb— sources, thus keeping them out of With this topology, the linearity performance is limited by
saturation. the single-ended-to-differential conversion. Imbalance of the

The SC integrators do not require a certain shape of feedbdRut stage allows the common-mode component of the input
pulse, so their feedback is supplied during the sampling phagignal to be converted to a differential output. The resulting
as shown by th&;, waveform. The waveform labeleid in  common-mode to differential cross talk is

Fig. 10 is the output of the second integrator and is supplied for 1 Ap 2Rygas
easier identification of sampling and integrating phases. H - o 1+ gnR, (2)
IV. LOW-=VOLTAGE BANDGAP REFERENCE whereA/ . is the relative imbalance of the voltage gain for the
. .MOS transistors
A low-voltage low-power bandgap reference generator is in-
tegrated on-chip. The circuit in Fig. 11 generates two voltages = Im 3)

of bandgap qualityl bg of 1.28 V, which is buffered and used Jds
to supply the feedback for the SC integrators (a total capacit
load of 2 pF, in-band noise power 660 dB), and"a of 0.3V,

which ,:S ;J S?ﬁ t‘(’:?‘?‘st th@/tl c?:nveéter_rt;) gljeneraltte feedl:l)ac good approximation of a high-oversampliag: feedback.
currents for the integrator (Fig. 8). The low voltage value Is Two mechanisms put the circuit out of balance. The first one

needed to correctly bias the pMOS input stage of the operational . . o . . i
amplifier used in thé’/ T converter. IS caused by the finite operational amplifier gain, which pro

. . ﬂuces a difference in the drain currentsiéfi, A2
Because a base—-emitter voltage is larger than the

YRese equations assume that the integrator is placed in a feed-
back loop which helps to keep the output voltage stable. This is

common-mode input range of a pMOS differential pair, Aln — Vor — Voo 4

an nMOS input stage is used in the OTA and is biased by lifting D= ApcRy )

the base-collector voltage of the substrate PNPs so their emitter ) ]

voltage is equal to th&,, of Mb. The second one is caused by the low voltage gain of the MOS

The OTA is loaded with a MOS capacit6 to decrease its INPUt transistors. Due to their finite output impedance, the im-
noise bandwidth. All resistors used are n-well resistors witflance in their drain-source voltages
large values, so a low current consumption is achieved. This
does not affect the bandgap performance, as the output voltages
only depend on the ratio of resistors [9]. Vps2 = Vsg2 — Ralp2 (5)

Vst =Vin + Vsg1 — Ralp

induces a difference in the gate-source voltages. The complete

drain current equation of a pMOS transistor in strong inversion
High linearity can be achieved in single-li>: modulators

due to the inherent linearity of the 1-bit DAC [10]. The linearity Ip =pVse + VTH)2(1 + AVsp) (6)

V. LINEARITY ANALYSIS
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must be used to calculate the two values numerically con- 501 .
sidering the values o¥sp and the equality of the two drain
currents. With all the voltages calculated, the expressions, of
andgy, can be derived and used to calculate (2). An equivaler

distorted input signal can be written sor 7

SNDR[dB]

VDIST V 1 + L (7) 20__ __
oH ol _

The distortion is generated by the proportionalityl ¢ to the o L
input signal, in a first-order approximation. For high-accuracy .90 80 70 60 50  -40 30 20 10
simulations, both effects must be taken into account. In this d« Vin[dBR]

sign, the second effect was found to dominate due to the h

voltage gain of the amplifier and low output impedance of trchkls“am;\"ri?esferﬁgeiNDR versus input signal level for a chip using internal
MOS transistors. Therefore, the input MOS transistors are op-

erated between moderate and strong inversion to optimize bo
their voltage gain and source-to-drain voltage. No cascodlng
the input transistors is possible because the input range ha
extend below ground.

EF ched to the input of thA¥X modulator. The small-ampli-
g e single-ended signal requires special care concerning the
shielding of signal cables and PCB traces.

Fig. 13 shows the measured output spectrum when a
2.75-kHz, zero dc offset sinusoid is applied at the input. The
amplitude of the input signal is 125 m\--@4 dBR rms with

The chip has been realized in a uB8 CMOS process respect to the design reference of 1.5 V). The spectrum has a
with a high-linearity capacitor option. A micro-photograph ofrequency resolution (FFT bin) of 14 Hz. With the?1 dBR
the layout is shown in Fig. 12. ThAY modulator occupies input amplitude, a-10 dBR output is reached. The second
0.8 mn¥, most of the area being taken by the first integratdrarmonic distortion is 73 dB below the main spectral compo-
capacitors with a total value of 80 pF. The on-chip bandgagent, as the theoretical model predicted. The third harmonic
reference takes another 0.4 rnThe layout of the bandgap distortion is generated by nonlinearity of the first integrator's
reference has not been optimized for area. Test circuitry is intgperational amplifier gain, which in turn is caused by its large
grated on-chip to allow control of clock lines and observatiooutput voltage swing.
of integrator outputs. The prototype can be operated in tesfThe variation of signal-to-(noisedistortion) (SNDR) with
mode or as a stand-alone acquisition system, in which casput signal amplitude has been measured. The curve is shown
only five pins are used. An on-chip 5-nA current source is uséd Fig. 14 for an input signal ranging from90 dBR up to
to dc-bias the input. —12 dBR. Due to the conversion gain, the upper limit translates

All measurements reported here have been taken with the chgpa 0-dB output signal, which is used to test the loop over-
biased at 1.8V and clocked at 1.404 MHz. A single-ended sigia@hding condition. SNDR shows good linearity up to an input
generator with 18-bit linearity and noise performance has begignal amplitude of-23 dBR rms (overloading level). There is

VI. EXPERIMENTAL RESULTS
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