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Abstract

IC processing technologies have a great improvement recently. There are more
transistors per unit area. Therefore, applications are more and more extensive. Battery
device products for audio applications, such as hearing aids, stethoscope, etc, hope
circuits to operate at low voltage, low area, and low power. In this thesis, a
low-voltage low-area low-power digital automatic gain control (AGC) with a
sigma-delta modulator for audio front-end circuit is realized.

This thesis utilizes a direct feedback at the sigma-delta modulator output to
design the digital AGC. It does not go through a decimation filter. Thus it decreases
the area, power consumption, and latency of the AGC loop. To decrease the power
consumption of the modulator, inverter operational transconductance amplifiers (OTA)
are used and a pure dynamic comparator is designed. To rectifier a bit stream of the
modulator output, a bit-stream rectifier is presented. In terms of digital to analog
converter, a low area recurring DAC is presented.

The proposed circuit is designed in TSMC 1P6M 0.18 £z m CMOS process. Its
active die area is 0.347umx0.429 um . The signal bandwidth is designed in an audio
bandwidth from 250Hz to 10 kHz, and the resolution is 12bit. The dynamic range(DR)
is 87dB. The supply voltage is 1.0V. The total power consumption of the proposed
circuit is 42.3 uW.

Index Terms — sigma-delta modulator, low-voltage, low-power, automatic gain
control, variable gain amplifier, digital to analog converter.
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Chapter 1 Introduction

Chapter 1

Introduction

1.1 Motivation

In recent years, IC processing technologies have such a great improvement on
dimension scaling down that many applications are realized. In terms of audio
applications, rapid expansion of the biomedical-electronic and consumer-product
market has necessitated low-power low-voltage low-area systems. Since the battery
power is used for these devices, expanding the battery lifetime with low-power
dissipation is very crucial. However, the threshold voltage is not scaled down linearly
with the dimension. It increases the difficulty of the low voltage design. According to
the power consumption law, the power is in proportion to the square of the supply
voltage. In order to design low power circuit, the low voltage design is necessary.

The sound is a wide-dynamic-range signal. In order to obtain the input signal
with wide-dynamic range, an AGC designed in front-end is necessary. The AGC
makes a small input signal be amplified or a large input signal be reduced. Thus, the
dynamic range of the AGC output is smaller than the input’s. Therefore, the AGC

makes next circuits obtain signal easily. In this thesis, a digital AGC is designed. The

-1-



Chapter 1 Introduction

digital AGC does not design the loop filter by off-chip capacitors and is
programmable. The latter is very important especially for hearing aids. Many hearing
loss people have different the dynamic ranges of hearing. So AGC needs to be
programmed particularly for different hearing loss people.

Sigma-delta modulators are insensitive to circuit imperfection and less
complicated in analog circuits. The modulators are widely used in high-precision
low-bandwidth applications, such as audio system. In order to power saving, this
thesis uses inverter OTAs and a pure dynamic comparator to design a sigma-delta
modulator.

In the thesis, a digital AGC with a sigma-delta modulator for audio front-end

circuit is realized. It has a resolution 12 bit and consumes only 42.3 z\W .

1.2 Basic Concepts of Audio System

AGC circuits are used in many audio applications, such as hearing aids,
stethoscope, record pen, etc. Currently, the AGC circuits are roughly classified as
either analog or digital circuits. The conventional analog AGCs are designed with a
particular loop bandwidth based on particular audio applications. The Digital AGCs
has the most features than the analog ones. Their loop coefficients are redesigned
easily by DSP, but the analog AGCs need to use off-chip capacitors. The tuning range
of the gain of the digital AGCs is also redesigned easily by DSP. Furthermore, the
digital AGCs do not use off-chip capacitors to design filters and integrators. So they

have smaller area than the analog ones.

MIC. VGA Driver  Receiver

DAC »l>—>|:(]
AGC Loop

Figure 1-1 Audio system with a digital AGC

Figure 1-1 shows a audio system with a general digital AGC. The VGA is an
amplifier which the gain is controlled by the AGC loop. To make the AGC loop
bandwidth be independent of the signal levels, an exponential gain control

characteristic is required for the VGA. The AGC prevents a large signal from

.
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overloading the A/D converter and generating distortion. The digital signal processor
(DSP) receives the output of the A/D converter and performs signal-processing
algorithm. The output of DSP is converted to an analog signal by the D/A converter.
Finally, the analog signal is transferred to receiver by the driver circuit which usually
is a Class-D circuit.

In order to provide a high resolution signal for DSP, the A/D converter is
designed by a sigma-delta modulator in the audio system. This thesis presents a
low-voltage low-power low-area sigma-delta modulator for the audio system. To be
programmable, a digital AGC is designed. The proposed digital AGC architecture has

lower area, power, and latency than the traditional digital AGCs.

1.3 Thesis Organization

This thesis is organized into five chapters. In Chapter 1, this thesis and the audio
system are briefly introduced. Tn Chapter 2. the basic concepts of AGC and the
fundamentals of a single loop and dual loop AGC are all introduced. The linear model
and the equivalent transfer function of AGC are also derived. Finally, the basic
architecture and advantages of a digital AGC are introduced.

In Chapter 3, the fundamentals of a sigma-delta modulator are introduced and a
single-loop third-order sigma-delta modulator for audio applications is designed. First,
the z-domain model of the proposed modulator is derived. Then, the parameters are
determined by the z-domain model. In terms of circuit, an inverter OTA with swing
improvement, a pure dynamic comparator, and some low voltage techniques are also
introduced. Finally, the simulation results of the modulator are presented.

In Chapter 4, the proposed dual loop digital AGC system is introduced. First, the
specifications of the AGC are determined. The parameters of the AGC are derived by
Matlab. Then, digital circuits, a variable gain amplifier (VGA), and a DAC are
designed for the proposed AGC. Finally, the layout and the performances of the AGC
are also presented in this chapter.

In Chapter 5, conclusions and future works are described.
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Chapter 2

Fundamentals of

Automatic Gain Control

2.1 Introduction

The fundamentals of AGC will be reviewed in this chapter. In Section 2.2, we
introduce a single loop AGC system and the definitions of the attack time and the
release time for audio systems. The linear model and the equivalent transfer function
of the AGC are also introduced. In Section 2.3, a dual loop AGC system is introduced.
In Section 2.4, the system architecture and the advantages of a digital AGC are

discussed.

2.2 Single loop AGC

Single loop AGC architecture

The traditional single loop AGC architecture is shown in Figure 2-1 [5]. It
includes a VGA, a gain and buffer stage, an average detector, and an integrator. The
role of the AGC is to amplify a small input signal or decrease a large input signal. It

prevents the signals being saturated efficiently especially for signals with high
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dynamic range. Therefore, next stage circuits obtain the signals easily. The average

detector calculates the average value of the output signal magnitude to represent a
signal amplitude. Then it is subtracted fromVyef . Finally, the integrator circuit,
obtained the difference value, generates a control signal to control the gain of the

VGA. The gain and buffer stage offers the ability to drive next circuit. It also
amplifies the output signal of the VGA.

VGA G/B
Vin ™ O Vout
‘ ( I/ T
Average
Detector
Integrator Vref

Figure 2-1 Single loop. AGC

The static characteristic of the AGC is shown in Figure 2-2 [6]. The input signal
is amplified linearly until it exceeds the input threshold level A. Input levels above the

threshold are limited to the output level B.

Output
Amplitude (dB)

\ 4

A
Input Amplitude (dB)

Figure 2-2 AGC static characteristic

Attack time and Release time

When the input signal is changed suddenly, AGC needs to spend some time to

settle the output signal. The time is described as the attack time and the release time,

-5-
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shown in Figure 2-3.

Input Signal
Nl B ST S
/N PSRN PSSR S
Output Signal
S ISR &

—

N — ‘-.ﬁ@

i —

Attack Time, Release Time

v

Figure 2-3 AGC dynamic characteristic

The attack time is defined as the time needed to respond to a sudden 25 dB
increase of the input signal until the output signal is within 2 dB from its final value.
This is in the order of a few milli-seconds. In this way, a sudden loud will not create
discomfort for users.

The release time is defined as the time needed to respond to a sudden 25 dB
decrease of the input signal until the output signal is within 2 dB from its final value.
The release time is much longer so that the gain variations of AGC do not disturb the
sound sensation. On the other hand, if release time is too long, a sudden impulse may
offset the gain for a long period of time, with consequent loss of speech information.

In order to have better the intelligibility of speech, the attack time and the release
time must be carefully controlled. The attack time is usually less than 5ms and the

release time is about 50 ms [7].

Linear model of the single loop AGC
VGA

VGA is a block that the gain is controlled by a control voltage. In general, the
relationship between the gain and the control voltage is linear or exponential. The

function of the linear gain control type is represented as
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Vo(Ve) = AVeVin -
The derivative of (2.1) with respect to V is rewritten as.

av
Kyga =—2 = Vg .
VGA av, AVin

The function of the exponential gain control type is represented as
Vo (Ve) = fe?Vev
oWVe in-
The derivative of (2.3) with respect to V¢ is rewritten as

dv, \V
Kvea = 4> = afe” Vin =aVo.
C

2.1)

2.2)

(2.3)

(2.4)

Form (2.2) and (2.4), we know that Kygpof (2.4) is independent of the input

signal Vj,. The system bandwidth is not affected by the input signal. So the

exponential gain control type has better performance than the linear one.

Average Detector

The average detector includes a rectifier and a low pass filter. It is shown in Figure

2-4. The output signal of the rectifier is an absolute signal of the input signal. The

low-pass filter averages the absolute signal at dc. If the input signal is a sine wave, the

equivalent gain of the average detector is represented as

I fp 2
K,,= ;ﬂsm(@)d@‘ -
0

o N
aVa\

L]

Rectifier

v

LPF

DC Value

fo) Vout

Figure 2-4 Average detector

(2.5)

The liner model of Figure 2-1 is shown in Figure 2-5. Kyga is the small signal




Chapter 2 Fundamentals of Automatic Gain Control

gain of the VGA. The gain is between V. and V. Kgp is the gain of the gain and
buffer stage. Kpop and p;y/(s+ p;) are represented as the average detector gain

and the low-pass filter transfer function, respectively. The transfer function of the
integrator is «y, /S where «y; is a unity gain frequency.

Kvea » KgB Vout
A

& — |- KAD
S S+ P

Vref

Figure 2-5 Linear model of the single loop AGC

In Figure 2-5, the forward path gain is represented as

A:ﬂx KVGAXKGB' (26)
S

The feedback path gain is represented as

f :M. (2.7)
S+ P

From (2.6) and (2.7), the transfer function betweenV¢f andVg ;¢ 1s given by

Vout _ A _ KveaKeeay (S+ 1) (2.8)
Vit 1+Af s2 4 pis+ KygaKeaauKap Pi

2.3 Dual loop automatic gain control

Dual loop AGC architecture

The attack time and the release time must be different for many audio applications.
A single loop AGC does not achieve this property. Therefore, a dual loop AGC is a
better choice for audio applications. It is shown in Figure 2-6 [8]. This architecture
includes additionally a comparator, a MUX, and an integrator from the single loop
AGC. When an input single becomes large suddenly, the comparator output will
obtain zero. The single path will through the integrator (a), which has a larger unity

gain frequency. Thus, the gain of the VGA is decreased fast. When an input single
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becomes small suddenly, the comparator output will obtain one. The single path will
through the integrator(r), which has such a smaller unity gain frequency that the gain
of the VGA is amplified slowly. Furthermore, another advantage of the dual loop
AGC is that the control voltage of the VGA in steady state changes so slowly that it

obtains a noise-less output signal.

VGA G/B
Vo I~
Vino /{Zé | T © Vout
Vou|
Ve Average Detector ¢
Py
S+,
1 D | <
S
MUX| Integrator(r)
A, Vref
0 ¢ ®
S
Integrator(a)

S |
o

Figure 2-6 Dual loop AGC

Linear model of the dual loop AGC

Figure 2-7 is the linear model of Figure 2-6. It is different from the linear model of
the single loop AGC, which is a new integrator linear model. S is the comparator
output signal and mainly selects the wide or narrow bandwidth path. The forward path

gain is represented as

A= (Sayr +Saya)x Kyga x KgB (2.9)
and the feedback path gain is represented as
f = PiKaD (2.10)
S+ P

Form (2.9) and (2.10), the transfer function betweenVef andVgt is derived as

Vout __ A _ KveaKGB (Sayr +Saya)(s + py) 2.11)
Vret  1+Af s2 1 pxs+ KygaKgp (Sayr +Sayua)KAD Py
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Kvea > KeB | Vout

Sw, +Sw,,

S+ D

Viref

Figure 2-7 Linear model of the dual loop AGC

2.4 Digital automatic gain control

Digital AGC architecture

A digital AGC is shown in Figure 2-8. It is different from analog AGCs. It adds
an ADC and a DAC. The average detector and the integrator become digital circuits.
The output signal of the gain and buffer stage is converted to a digital code by the
ADC. At the output end, the output signal is pulled back into the peak detector to
detect the output signal. Then, it goes through the subtractor and the integrator. Finally,
the output code of the integrator controls the DAC. The DAC will generate a analog
signal. The gain of the VGA is changed by this analog signal. The digital AGC does
not design the average detector and the integrator by oft-chip capacitors. It is also

programmable and its system coefficients are controlled by DSP.

VGA G/B
A
Average
Detector
DAC [ Integrator Vref

Figure 2-8 Digital AGC architecture

2.5 Summary

-10 -
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AGC is employed in many systems where the input signals have a wide dynamic
range. The role of AGC is to provide a relatively constant output amplitude. Thus,
circuits following AGC require less dynamic range and obtain singles easily. To have
the settling time of AGC independent of the input signal, VGA designed with
exponential gain control is necessary. To achieve different settling times, the attack
time and the release time, this thesis uses a dual loop AGC architecture. It allows a
signal to go through different bandwidth paths. In order to decrease area and have

flexibility, a digital AGC is designed in this thesis.

- 11 -
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Chapter 3
The Proposed Low-Voltage

Low-Power Sigma-Delta Modulator

3.1 Introduction

Form Figure 2-8, we know that an ADC is needed in the design of digital AGC.
A sigma-delta modulator ADC is designed for the ADC of the proposed digital AGC.
In this chapter, the structure of the proposed 12-bit low-power third-order sigma-delta
modulator with 20 kHz bandwidth is presented. The fundamentals of the modulator
are introduced in Section 3.2. Section 3.3 introduces an inverter OTA with swing
improvement and an integrator with the inverter OTA. In Section 3.4, the system
design methods of the modulator are described. In Section 3.5, the circuit design

techniques of the modulator are introduced.

3.2 Fundamentals of Sigma-Delta Modulator

-12-
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Quantization noise and Oversampling technique

A 1-bit quantizer is the heart of single-quantizer sigma-delta modulators. The
analysis of the behavior of a sigma-delta modulator must include the behavior of the
quantizer. Since the quantizer is a nonlinear element, the analysis is complicated even
in a simple system. Before the analysis, the quantizer is modeled as the linear model
shown in Figure 3-1. The signal e(n) is the adding quantization error, which is the
difference between the input and output signals. The linear model is valid as long as

the quantization error, e(n), is an independent white-noise signal[1].

e(n)

A

x(n) ’_r y(n) x(n) y(n)
—> > [—> > —>

e(n) = y(n)—x(n)

Quatizer Model

Figure 3-1 Quantizer and its linear model
At the beginning, the quantization error, e(n), is assumed to be an independent
random number with a uniform distribution. The signal e(n) uniformly distribute

between +A/2, where A is the difference between two adjacent quantization levels.

Figure 3-2 is the power spectral density (PSD) of the quantization noise, e(n).

Se(f)
A Heightk, =2 | L
g X (\/E) fs
> f
i 0 s
2 2

Figure 3-2 PSD of the quantization noise
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The total noise power is A? / 12 and fg is the sampling frequency. With a two-sided

. e fg . .
definition of power, the area under Sg ( f ) within i;s is equal to the total noise

power. The total noise power is calculated as

2
f,/2 A
S2(f )df = _fss//zk)%df “kifs = (3.1)

f,/2
'fs/2

Solving (3.1), ky equals (A !

a

Oversampling means that the sampling frequency exceeds Nyquist frequency. In
other words, the sampling frequency is greater than twice the signal bandwidth. And

the oversampling ratio (OSR) is defined as

OSR=_'S . (3.2)
2 fB

For a sinusoidal input signal, the maximum signal power is a square of the RMS

voltage (2 N (A /242 )) and is rewritten as

2
N 2N
PS{M ] _ATE (3.3)

ST 8

For an oversampling system, the input signal with a frequency below the bandwidth
( fg) pass through the low-pass filter without any decay. But, the out-of-band

quantization noise is filtered out, shown in Figure 3-3. Thus, the quantization noise

power is obtained as

Po =[¢/382 (F)x[H (1) of =] s2(f)af

f,/2°e
2 2
:p_fBXA_L:A_X _1 ) 3.4)
12 fg 12 (OSR

It is found that the quantization noise power is reduced half or equivalently 3dB as the

OSR is doubled. The maximum SNR value is calculated as follows by (3.3) and (3.4).

A222N .
SNR=10log| 75 | =10log| — 8 |=10l0g| 2 2—_OR
3¢ A% (1 2
12 OSR)
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:1010g(22N )+1010g(%]+1010g(OSR)

=6.02N +1.76+101og (OSR) (3.5)
Se(f)
A AL
R 2fs
p f
s BB 6
2

Figure 3-3 Quantization noise PSD after low-pass filter.

The oversampling technique has an improvement of 3dB/octave or 0.5-bit/octave.
In other words, if the oversampling ratio is increased by a factor of 4, the resolution is
improved by one bit. Thus, increasing the OSR improves the SNR. However, the
oversampling is not an attractive way because the higher sampling frequency and the
linearity are required severely for high resolution ADCs. Hence, the noise-shaped
method will be introduced. [t provides a reasonable oversampling frequency to

achieve a much higher dynamic range.

First-order Noise shaping

The architecture of a first-order sigma-delta modulator is shown in Figure 3-4.
The first-order modulator contains a integrator, a 1-bit quantizer, and a 1-bit DAC
used for the feedback. In Figure 3-4(b), the z-domain linear model of the first-order
modulator is presented [4]. According to the linear model, the signal transfer

function(STF) and the noise transfer function(NTF) are derived as follows.

7-1
V(z)= p— U(z)-V(z))+E(z2)

V(2)=z7U(2)+(1-z27HE(2) (3.6)
(3.6) is written in the general form as

V(z)=STF(2)U (2)+ NTF(2)E(2). (3.7)
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Comparing to (3.6), the first-order modulator has the signal transfer function

(STF) of STF(Z)=Z_1 and the noise transfer function (NTF) of

NTF (z)=1-2"".
E(2)
u v U(@) 71 + V(2)
—>Q | —(ADC —>@—1_Z_1
|lDAC||
(a) (b)

Figure 3-4 (a) Topology of 1¥-order sigma-delta modulator, (b) z-domain linear model

Let Z=¢ JoT _ ejzﬁ £/ , the noise transfer function is written as

Gz /T izt

NTF (f)=1-¢ 0271/ x2jxe 17T/

2]
:sin(ﬂszjxe_j”f/fs. (3.8)
fs
Take the magnitude of the noise transfer function, we have
[zt
‘NTF(f)‘:zsm(ﬁf—j. (3.9)
s

Based on the above assumption, the quantization noise power over the frequency

band from —fg to fg is given by
fo o 2 fo [AZ2) 1 A\
(s (s AT L, (7T
Pe_j_ste(f)\NTF(f)\ dfjfB[lszizsm[ i H df . (3.10)
When fg<<fs, sin((;zf)/fs) approximates (7 f)/fg . (3.10) is recalculated

as

2 2 2.2 3
A° 77 fg.3 Aﬁ(lj
P~y E By A 1 3.11
e (12)(3)(fs) 36 | OSR (.11

The maximum signal power is the same as that obtained before in (3.3), the

maximum SNR for this case is given by
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SNR = 10log(-3) = 1010g(> 22N )+ 10log(—~ (OSR)%) (3.12)
Pe 2 T 2
or, equivalently,
SNR = 6.02N +1.76—5.17 +3010g(OSR). (3.13)

From (3.13), it shows that the SNR increases by 9 dB for each doubling of the OSR
[4].

High-order Noise shaping

In a sigma-delta modulator, the order of noise transfer function determines how
much the noise is placed outside the signal frequency band. The high-order signal and
noise transfer functions are derived by the similar method. Thus, the general form for

the output of the Lth-order noise-shaping modulator is given by
L 1)k
Y(2)=U(2)-2 t+E(2)(1-27") (3.14)

The quantization noise power in the signal frequency band is derived as

) 2L
f /2 2 fo[A° 1 [ xf
Rg:j_&/sz(f)ﬂH(fﬂ df = &[12-?g}-£2mn{?—JJ df

S
2L+1
_22hxa? i () (a2 AP (26
12 fo T\ g 12 | 2L+1J( fg
2 2L 2L+
IS . (3.15)
12 2n+1{ OSR

Thus, the maximum SNR for the Lth-order modulator is

_ Ps | _ 8
SNR—IObg[RQ]—IObg JERETRTE
122n+1(OSRj

= 1010g(22|\I )+1010g(%)+1010g(2L2T_1j+1010g(OSR2L+1)
V4

2L+1

7[2L

=602N+176+10bg[ j+@0L+u»mg@BR) (3.16)

The above equation shows that an Lth-order noise-shaping modulator improves

the SNR by 6L+3 dB as doubling the OSR, or equivalently L+0.5 bits/octave.
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However, the high-order sigma-delta modulator has a system stability issue.

3.3 Integrator with inverter OTA

Inverter OTA

The major building block in switched-capacitor sigma-delta modulator is OTA
which forms a negative feedback loop. To decrease the power consumption and the
area, the inverter OTA, shown in Figure 3-5, is used in this thesis. Area wise, it is a
simple circuit and needs only one current path. So the area is smaller than the

traditional OTAs. Power wise, it is a class-AB structure and its ¢, is four times as

much as the traditional OTAs’ at the same current. Thus the inverter OTA has a higher
power efficiency. The gain of the inverter OTA is increased by the cascode method.

The gain of Figure 3-5 (a) and (b) all are represented as

Gain = (gm + Im4)(Im2r0210; || gm3rozrog) - (3.17)

J—VDD J—VDD

My
Ms

(a) (b)

Figure 3-5 Inverter OTA (a) Biased in saturation (b) Biased in weak inversion

Figure 3-5 has two different bias methods. In Figure 3-5 (a) [9], transistors M,
and M3 are biased in saturation at a supply voltage 1V in TSMC 0.18 z m CMOS

technology. Its swing is obtained as

(Gnd +Vihp) - (VDD -Vihn) =Vihp +Vihn -VDD - (3.18)
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In Figure 3-5 (b), transistors M, and M3 are biased in weak inversion. Its swing is

obtained as

At the supply voltage of 1V, the former swing is about 100mV and the latter swing is
about 500mV. Figure 3-5 (b) has a larger swing. It is very important for
switched-capacitor circuits due to have the wide linear range at the output. So it is
used in this thesis.

Integrator

Figure 3-6 shows the switched-capacitor integrator with the inverter OTA , which
the gain is finite. The threshold voltage of the inverter OTA is easily changed by the
process variation. So the switched-capacitor integrator must utilize the correlated
double sampling (CDS) [10] technique to decrease this effect.

%
bz
[ —II—“
Vin) A, S %2, Vg (n)
Bl

Figure 3-6 Integrator with inverter OTA

The total charge in capacitors Cg and C; during ¢ =1 is

Vout(N=1)

(Vi (1=3) Vot 1Cs *(Vour (-1 - Vgt ~~ =) (3.20)

where Vg 1s the offset voltage of the inverter OTA due to that its threshold voltage
is not Vpp/2 and A represents the finite gain of the inverter OTA. The total

chargein Cg and Cj during ¢ =1 is

Vou,tt\ (n))Cs F(Vout (M)~ Voff — v("‘Tt(n)))Ci : (3.21)

—Moff —

(3.21) and (3.22) have the same charge due to the law of conservation of charge. It is
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represented as

V -1
(VIR (1) Vo )Cs + (Vo (1-1)-(Vofs 20Dy
= Vot —~ e+ (V- Vot~ ;. 3.22)
Finally, (3.22) is simplified as
1
Vout (Z) (AA+1)((::SZ-2
out\s) _ i

Vin@)  Cs 029

Ci | _z

(A+1)

It shows that the finite gain affects the gain and the pole of the integrator. When the
gain is large, the finite gain effects will be ignored. So an enough gain of the

integrator is very important for circuit designs. The ratio of Cg and Cj is also have

the same effects.

3.4 The System Design of Third-Order
Sigma-Delta Modulator

Circuit Architecture

In this thesis, a third-order sigma-delta modulator is designed because it has less
idle tone. The circuit architecture of the third-order sigma-delta modulator with the
inverter OTAs is shown in Figure 3-7. The last stage circuit has a fully-differential
output signal. To obtain a larger input dynamic range, the fully-differential input
signal is directly sampled by the sampling capacitor C;. The dynamic range is
doubled and the value of Cjbecomes one fourth. The input signal needs to go
through a constant gain circuit before the input signal is sampled. The constant gain
circuit is realized by C;. The constant gain circuit does not need to be designed

additionally. The gain is 3 in this design.
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c Y0 v Y Yé
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Figure 3-7 The proposed third-order sigma-delta modulator
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The z-domain model of the sigma-delta modulator

In order to design coefficients of the sigma-delta modulator, the equivalent
z-domain model must be obtained first. The quantizer costs one clock delay and
integrators cost one half clock delay, form (3.23),. Using these properties, the circuit
of Figure 3-7 is transferred to the z-domain model, shown in Figure 3-8 where Qg
represents the quantization noise and the value 3 is the constant gain. The
rearrangement of Figure 3-8 obtains Figure 3-9. It has only one-clock-delay

integrators such that it is easier to be simulated by Matlab.

z _
><§—>[>—>@—> a—l —>@—> b_1—>16->—> ¢ Z 1»—2

Figure Figure 3-8 Equivalent z-domain model of the sigma-delta modulator

X a bz-)
T 1-z7t ‘ 1-Z %

Figure 3-9 Simplification of the z-domain model

Determine OSR
From Figure 3-9, the noise transfer function is derived as

Y(2) (z-1)°

NTF(z)= -— 5 .
Qe(2) 77 +(c-3)z” +(abc+bc—2c+3)z—bc+c—1

(3.24)

Firstly, the NTF, a high-pass filter, needs to be designed. The high-order sigma-delta
modulator has a stability problem. So Lee’s criterion [4], which means the maximum
gain of the NTF must be less than 1.5, is used in this design. The NTF with a
pass-band edge at 150 kHz, designed by Butterworth, is represented as

Y(2) (z-1)?

NTE(z)= == 5 .
Qe(2)  7°-2.257% +1.7562 —0.4683

(3.25)
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Its maximum gain is 1.461 which it is less than 1.5. Using (3.25) to calculate the
parameters of (3-24), a=0.173, b=0.291, and ¢c=0.75 are obtained. In order to
improve the capacitor matching, capacitors must be designed by unit capacitors. So
the parameters are redesigned as a=1/5, b=2/7, and c=3/4. The maximum

gain of the NTF is 1.462. The poles and zeros plots are shown in Figure 3-10.

1h ' ' S R
08t )
06|
0.4t
D2t ‘ . )
I — ]

021

Imaginary Part

04t

061

081

A+ b

) ) | ) )

-1 0.4 0 0.5 1
Real Part

Figure 3-10 Pole-zero plot for the NTF

In order to obtain 12-bit resolution, the OSR must be determined by Matlab.
When the OSR is 64, FFT spectrum of the sigma-delta modulator is obtained in
Figure 3-11. The signal bandwidth is 20 kHz. When the input frequency and
amplitude are 5.625 kHz and 0.1V, respectively, it shows that the sigma-delta
modulator has the ENOB of 13.1 bit.

L — — N —
a0 b--

A0 F--

_ED L--

_BD L--

[nn}
D
-0 |-

120 -} -l

~140 |-

-160 |

-180

0 0005 0.01 0015 002 0025 003 0035 004 0045 005

Figure 3-11 FFT spectrum of the sigma-delta modulator

The dynamic range (DR) of the sigma-delta modulator is shown in Figure 3-12. It
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shows that the DR is 90dB.The peak SNR of 81dB occurs at the input amplitude of
0.1V.

SNR (dB
S0

70
(=]
a0
40
a0

20

Figure 3-12 Dynamic range of the sigma-delta modulator

Finite gain effect of inverter OTA

The integrators of the sigma-delta modulator shown in Figure 3-9 are modeled
by (3.23). The A factor represents the gain of the inverter OTAs. When the gain is
only considered, the effect of the finite gain A on the SNR is obtained in Figure 3-13.

In order to obtain enough SNR, the gain must be larger than 50 at least.

SNR (dB)
85 T

T @26 d B nput |
A

5[ S O S S S Y U SV S S

I N S S S N N
a0 100 150 200 250 300 350 400 450 500

Gain (V/V)

Figure 3-13 Finite gain effect of the sigma-delta modulator

Capacitor mismatch
Capacitor mismatch will affect the gain of integrators. The gain is the value of

the capacitor ratio. The capacitor mismatch is represented as
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gainnew = 9aiNgriginal 1-€) - (3.26)
where e represents mismatch error. (3.26) is used to model the gain of the
integrators of the sigma-delta modulator shown in Figure 3-9. Assume the percent of
the mismatch error of the integrators are all the same. The effect of the capacitor
mismatch on the SNR is obtained in Figure 3-14. In order to obtain 12-bit resolution,
The variation of the mismatch error form +25% to -30% is tolerable. This variation is

achieved easily in CMOS processing technologies today.

SNI
a0

70
B0

a0

40
W S N N VO N N W

Bl b e et e

i . .
—DSD -40 =30 =20 -10 1] 10 21 30 40 50
Mismatch Error(%)

Figure 3-14 Capacitor mismatch effect of the sigma-delta modulator

3.5 The Circuit Design of Third-Order
Sigma-Delta Modulator

Quantizer

The one-bit quantizer used in the proposed sigma-delta modulator is shown in
Figure 3-15. The one- bit quantizer is composed of a dynamic latch comparator [11]
and a latch. It is a modified one- bit quantizer of [9]. The one-bit quantizer is a
dynamic structure, and it is suitable for the low power requirement because it

consumes only the dynamic power. The CapacitorCypis charged to Vpff , and the
capacitor Cg3 is charged to signal +Vgs . The difference of the comparator input is
the signal . TheVqs is dependent on process variation. It can be positive or negative

value. When it is negative, the response time of the comparator becomes larger. In
order to decrease this effect, the comparator output does not directly feedback. The

additional latch is designed at the comparator output. It relaxes the response time of
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the comparator. So the comparator has a half clock time to compare the signal.
The dynamic latch comparator is shown in Figure 3-16. It is made of two

back-to-back inverters with a positive regeneration and a latch. When the phase ¢ is
low, the outputs, nodes VjandV,, are charged toVpp by transistors Mgand M.
When the phase ¢ is high, the nodes V| and V, are discharged by transistors

MjandM, . The voltages of nodes Vi and V,are latched while dropping to the

threshold voltage.
A )
Pa T T
g i P
i atc
signal + V¢t ICC3 _ 7
. ¢l}- - ¢2}
L
Voff Iccl Vot Iccz
Figure 3-15 One-bit quantizer
¢l
o T VDD
Mo [ M7 Mg, | Mg
" I—l AR v
$
— |J | Von
M M
| e T
|| | Vr
V,
=[5 14|k op

inp 0—| Ml |\/E |—° inn

o

Figure 3-16 Dynamic latch comparator

Non-overlapping clock generator

The structure of the non-overlapping clock generator used in the proposed
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sigma-delta modulator is shown in Figure 3-17. The Phases ¢ and ¢ are

non-overlapping and generated by NOR gates and inverter chains. The other two

phases @5 and ¢, are slightly advanced than the phases ¢ and ¢ . The delay

is achieved by bottom-plate sampling technique [3]. It decreases the signal dependent

charge injection. The D Flip-flop isolates such the noise of the external clock that

1 o[>0 4a
cIkLDi [>o— H >0 { >0 ¢
o—>p QH
Y
o> 4
1 >0 ta

Figure 3-17 Non-overlapping clock generator

clock generator has clearer clock phases.

Voltage multiplier

Since the power supply of the system is 1V, the four clock phases generated by
the non-overlapping clock generator shown in Figure 3-17 are not used to drive
switches in the low-voltage switched-capacitor circuits. In order to guarantee an
adequately low switch on-resistance in a low voltage environment, the clock voltage,
used to drive only NMOS switches, is bootstrapped beyond the supply voltage range.
Therefore, the voltage multiplier technique is implemented. It converts available
voltage to a higher voltage. Figure 3-18 [12] shows a boosted clock driver. Capacitors

Cy andC, are charged to Vpp via the cross-coupled transistors M; and Mj.
When the input clock, clk, is high, the output voltage, clkg,, approaches 2Vpp .
The output voltage does not actually reach 2Vpp due to the charge sharing with the
parasitic capacitances of the output. Capacitor C, must be large enough to boost the

gates of MOS transistors to reduce the effect of charge sharing. To decrease the

potential for latch-up, the bulk of the PMOS My is tied to an on-chip voltage
doubler. The bulk of the PMOS switch is biased by the circuit shown in Figure 3-19
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[12].

ZVDD

N

clk

Figure 3-19 Voltage doubler

Noise effects

There are three main noise sources in a sigma-delta modulator. One is the flicker
noise which occupies main component of noises at low frequency band. Another is the
thermal noise which is white noise in spectrum. For a sigma-delta modulator, the
thermal noise power is usually larger than flicker noise power in the signal frequency
band. The third one is the quantization noise. It is introduced in Section 3.2. The
flicker noise is high-pass filtered by CDS. Hence, thermal noise [4] is only discussed
in this section.

The general switched-capacitor integrator is shown in Figure 3-20.
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T
i
S

Figure 3-20 General switched-capacitor integrator

+

When ¢ is high, the noise is shown in Figure 3-21.

2Ry G

Vi,sw (i) + Ve -

Figure 3-21 Noise model during ¢,
Its PSD is obtained as
Its transfer function is derived as

H(S): VC](S) < 1
Vi.swi(s) 1+sz’

where 7 = 2Ry,C; . Hence, the thermal noise in C; is calculated as

v2 2. 8kTRyy KT

Vc1=f(§°3n,¢1(f)\H(127zf)\ df :4—Ton:C_1'
o— Vout
+

o——
v R

+ L1
(a)

Vout (M)

(3.27)

(3.28)

(3.29)
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%)
| |
B
2R0n Cl

_  +
Vi, sw + Vel Y GngV R

Vooo @ = =

(b)
Figure 3-22 (a) Amplifier’s small-signal, (b) Noise model in ¢

Figure 3-22 (a) shows the small signal of the amplifier. When ¢, is high, the noise is
shown in Figure 3-22 (b). Assume R| is infinite. The noise voltage across Cj is

represented as

Vi,sw(8) —Viop(8) Viysw(S) =V op(S)
1+sz 148(2Rsp +1/9m)C;

Ve = (3.30)

The transfer function isH(S)=1/1+sz. The total noise power in the switches is

calculated as

0 ' 2KkTR
V2 aw = [ Su(D)H(2m )P df = "
cl,sw (J)V | | (2Ron +1/9m)Cy
KT /Cy
_ kT/Cp 3.31
(1+1/x)’ o

where X =29yRgn . The noise power in the amplifier is also considered. Assume the
transfer function of the amplifier is H(s)=1/1+s7gy where 7oy =2Rgpn +1/9gp,
and the transistors of the inverter OTA have the same g,. The thermal noise is

calculated as (16/3)KT / gy . Therefore, the noise in the integrator is

Snop  (16/3)KT /g _4KT/C
4t 4Q2Ryn+1/9m)C; 3 1+x

o0
V2c1.0p = J Sn.op|H(i27 f)ldf = (3.32)
0

The total noise power includes the switch noise during ¢ =1 and the switch and
amplifier noises during ¢ =1. The three noise sources are uncorrelated. Therefore

the total noise power is calculated as
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P KT X 4/3 KT (7/3+2x
V=l total :—(1+—+— i

C I+x 1+x) Ci\ 1+x
_2kT (1+ 1/6 j (3.33)
Cl 1+Xx

where X=2gpRon. If X<<1 the worse total noise power approaches2.33KT /C,.

The total input noise power in Figure 3-7 is calculated as

o 2.33kT 2 kT C > rch Y

“COSR | C,0SR | Cry C

_233KT 233KT Gy (Cy 1
“CosR cosRc, |¢ 3

_3KT
C,OSR

(3.34)

To calculate the value of the input sampling capacitance, the preamplifier in front of it
must be considered. When the preamplifier has an input signal of 63mV, a noise
power of (5.42uV)’, and a gain of 4dB, the total input noise must be less than
(8.9uV)’ to have a SNR of 74 dB. Therefore, the input noise of the sampling
capacitor must be less than

((8.9uV)’ —(5.42uV )’ )x1.58" = (11.15uV)*. (3.35)

Since (3.34) must be less than (3.35), we obtain
3.1kT

2
<(11.15u)~°. 3.36
Siosg <1150 (3.36)
It is rewritten as
-23
c > 3.1k'2|' :3.1><1.38><1()2 X300:1.61 (pF). (3.37)
(11.15u)“OSR (11.15u)” x 64

Simulation Results

Figure 3-23 is the Hspice simulation results of the proposed sigma-delta
modulator. It is in the TT corner and has a power consumption of 14uW, a SNDR of
80 dB, a OSR of 64, and a signal bandwidth of 20 kHz. It is simulation at the 0.1V
input sinusoid wave with the 5.625 kHz frequency. The total corner simulation results
are list in Table 3-1. The simulation results of the power consumption have large
variations in TT, SS, and FF corners due to that this architecture does not have a bias

circuit.
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Figure 3-23 SNDR simulation result in TT corner

Table 3-1 Simulation results of the sigma-delta modulator

Corner TT SS FF FS SF
SNDR (dB) 80 76.4 75.1 76 77.2
ENOB (Bit) 12.9 12:3 12.1 12.3 12.5
Power (u W) 14 8.7 248 14.5 14.2

The dynamic range of the sigma-delta modulator is shown in Figure 3-24. The DR is
82dB. A peak SNR of 80dB occurs at the input signal of -20dBV sinusoid wave.

SNDR-(dB) Peak SNDR@-20dB Input
ey ! T Ivan !LJLVJI_IL\\gJ/ <UD Llll
a0 (A (N Bl e i — ‘

70
B0
a0
40

30

-200 -10

30 n}
Input Amplitude (dB)

0
-0 -100 90 B0 70 B0 A0 40 -

Figure 3-24 SNDR versus input amplitude for the sigma-delta modulator
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3.6 Summary

There are many system coefficients which need to be determined in the
sigma-delta modulator, such as the OSR, the input sampling capacitance, the sampling
clock frequency, and the DC gain of the amplifier. The oversampling ratio is
determined to be 64, and sampling capacitance must be larger than 1.61pF. The DC
gain of the amplifier must be larger than 50 for the proposed sigma-delta modulator to
achieve over 12-bit resolution. In terms of circuit, the inverter OTA, which has a
higher power efficient and a lower area, is used instead of the traditional OTAs. The
pure dynamic comparator used in the modulator with the inverter OTA is realized. It
has a peak SNDR of 80 dB, and a DR of 80 dB at a sampling rate 2.56 MHz, a signal
bandwidth of 20 kHz, and a power consumption of 14puW.
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Chapter 4
A Low Power Digital Automatic Gain

Control for Audio Front-End Circuit

4.1 Introduction

In this chapter, a dual-loop digital AGC is realized. The low-voltage low-power
low-area techniques are described in the following sections. The system simulations
and specifications of the AGC are introduced in Section 4.2. In Section 4.3, the digital
blocks for the AGC loop are designed. They include a rectifier, a sinc filter, a low pass
filter, integrators, and a value mapping block. The circuit design of a VGA is
discussed in Section 4.4. A recurring DAC is shown in Section 4.5. Finally, the AGC
system simulation results, performances, and layout are included in Section 4.6. The
comparisons of the sigma-delta modulator and the digital AGC are presented in

Section 4.7

4.2 Digital AGC System Design

The Proposed Digital AGC
Figure 4-1 is the proposed dual-loop digital AGC. It includes a VGA, a
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sigma-delta modulator, a bit-stream rectifier, a sinc filter, a low-pass filter (LPF),
integrators, a value mapping (VM) block, and a DAC. It is different from the
traditional digital AGC shown in Figure 2-8. The feedback point is at the output of the
modulator rather than the output of ADC. It does not go through a decimation filter.
Therefore, this architecture has a lower latency, power, and area than the traditional
one. The AGC is programmable and does not design the integrators and the LPF by
off-chip capacitors. The circuits of the feedback loop of the AGC are designed easier
than the analog AGCs’ in low voltage. To achieve requirements of the attack time and
the release time, the dual loop architecture is used in this design. The modulator has

been introduced in Chapter 3.

VGA Gain v

» N ( Sigma-delta ] ~ ogt
-~ L L Modulator J peeseeeeas D
i [ Bit-Stream |
i [ Rectifier | i
Average Detecfor :
g 5
S — (D ;

1-Z O— B «—

=
d 4 VL

Figure 4-1 The proposed dual-loop digital AGC

Design specifications

The specifications of the AGC are listed in Table 4-1. The input signal bandwidth
is designed in audio bandwidth from 250 Hz to 10 kHz. It covers the speech
bandwidth. The total harmonic distortion (THD) must be less than 5%. It is enough
for the intelligibility of speech signals. The maximum output amplitude of the AGC is
designed as 0.3V because the input signal of the modulator at the peak SNR is 0.3V.
The AGC also avoid the instability of the modulator. Form (2.5), Vet 1s designed as

0.191V. The SNR of the AGC is designed as 74dB. The attack time is less than Sms
and the release time is about 50ms. The specifications of the modulator have been
introduced in Chapter 3. The microphone sensor is SPO102N of Knowles. The output

voltage range of the microphone is form 12.6uV tol25mv. It equals the sound
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pressure level (SPL) form 35dB to115dB.

Table 4-1 Specifications of the proposed AGC

Spec. Performance Value | Unit

Audio Frequency Range 250 — 10k Hz

SNR > 74 dB

THD <5 %

Attack Time <5 ms

Release Time ~ 50 ms

Output amplitude <0.3 A%

Microphone Output Voltage Range 12.6u - 125m \Y
(Knowles SP0102N)| Input Sound Range 35-115 dB

Simulation results of a analog AGC

To design the digital AGC, an analog AGC shown in Figure 2-6 must be
designed first. The coefficients are obtained by simulating the analog AGC. Then the

digital AGC is designed by the parameters.
There are two nonlinear features in Figure 2-6. One is that V; will be saturated

when the input signal becomes large suddenly. Another is that Kygp 1s dependent

on Vq. The transfer function between Vi gf and Vg of the analog AGC has been

derived as (2.11), and it is rewritten as

Vout _ KvcaKg (Dayr + Daya)(s+ pp)
Vref 5%+ py x5+ KygaKaa (Soyr +Soya)Kap Py

_ KveaKeB (Dayr +Daya)(s + p1) @0
% +2§a)ns+a)r2,

where @), is the natural frequency, & is the damping ratio, and Kyga 1s 19.58V,
which is obtained from the VGA circuit. The maximum output amplitude of the VGA
is 0.1V and the maximum input amplitude of the modulator is 0.3V. Thus Kgpg is
designed as 3. The average detector gainKap is 2/x which has been introduced
from (2.5). However, the p; and @, which represents @50r @, factors must
be designed. When p; is increased, @, and & will be increased. When ay; is
increased, @, and & will be increased and decreased, respectively. The analog
AGC is designed by these properties. Finally, p; is obtained as1400(rad/s), @y
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is obtained as180(rad /s), ay,, is obtained as22(rad/s),and V| is derived as
1400

0.15% =0.061
| j27r><500+1400| v

It means that the rectifier output signal with the lowest frequency of 500 Hz and the
maximum amplitude of 0.15V will obtain a Voltage of 0.061V at the LPF output. It
hopes that the output signal amplitude is not decreased in low frequency. When the

input signal changes suddenly between 5.6mV and 100mV at the frequency of 250 Hz,
the simulation result is shown in Figure 4-2. The attack time is 3ms and the release

time is 51ms.

Figure 4-2 The simulation result of the analog AGC at frequency of 250 Hz

When the input signal changes suddenly between 5.6mV and 100mV at the
frequency of 10 kHz, the simulation result is shown in Figure 4-3. The attack time is

3ms and the release time is 51ms.

Figure 4-3 The simulation result of the analog AGC at frequency of 10 kHz
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Figure 4-4 shows the input SPL versus the output amplitude. When the SPL is
more than 88 dB, the AGC output amplitude will be pulled to -10.5dBV. When the
SPL is less than 88 dB, the AGC input signal will be linearly amplified by the
constant gain of 25dB. The SPL of 115dB represents a voltage of 125mV.

AGC Output Amplitude(dBV)
A

-10.5+

—63.5-

| L
| |

35 88 115 [Input (dB SPL)

Figure 4-4 Input SPL versus output amplitude for the proposed AGC

4.3 Digital AGC System Design

Bit-stream rectifier design

Figure 4-5 shows the one-order sigma-delta modulator. When the input signal is
positive, the pattern of -1-1 will be not occurred. When the input signal is negative,
the pattern of 11 will be not occurred. The simulation result is shown in Figure 4-6(a)
where the sinusoid wave is the input signal and the pulse wave is the output of the

one-order modulator.

Vin @ ) Z_1 |_ Vgut

Figure 4-5 One-order sigma-delta modulator
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Figure 4-6 (a) The one-order SDM output signal (b) The rectifier output signal

Using these pattern properties, a bit-steam rectifier will be designed by Table 4-2. If
the output bit of the one-order modulator represents a zero-average amplitude
information, the rectifier output will obtain 0. If the output bit represents an amplitude
information, the rectifier output will obtain 1. The simulation result of the rectifier
table is shown in Figure 4-6(b). It shows that the original pulse wave signal becomes

the positive signal.

Table 4-2 Rectifier table for 1-order SDM

Series (Vout) Result
n ntl n
1 -1 0
-1 1 0
1 1 1
-1 -1 1

For a high-order sigma-delta modulator, the patterns of -1-111 and 11-1-1 will be
occurred when a small input signal is imported. The simulation result of the
third-order modulator is shown in Figure 4-7(a). These patterns are occurred in

dotted-line circles.
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Figure 4-7 (a) Third-order SDM output signal (b) Rectifier output signal
These patterns represent a zero-average amplitude information. When Table 4-2 is
used only, it will not obtain the zero-average amplitude information. So an additional

table must be used. It is listed in Table 4-3. Using this additional table, the simulation

result of the rectifier table with the additional rectifier table is shown in Figure 4-7(b).

Table 4-3 Additional rectifier table for high-order SDM

Series (Vout) Result
n n+1 n+2 = n n+l n+2
1 -1 -1 0 0 0
-1 -1 1 1 0 0 0

In Figure 4-9, the transverse axle is the input sinusoid signals with the amplitude
from OV to 0.5 V at the frequency of 1 kHz. The signals are imported to a third-order
sigma-delta modulator. Then the rectifier output obtains the output signals of the
modulator. The average value of the rectifier output which represents a LPF output
signal at DC is multiplied by 7/2, and it represents the detected amplitude. The

result shows that the proposed bit-stream rectifier works well.
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Figure 4-8 Simulation result of the proposed bit-stream rectifier

Low Pass Filter

Figure 4-9 includes a sinc filter and a LPF. The sinc filter filters the input signal
roughly. The main purpose is to down the clock frequency. The sinc filter is a simple
circuit, and it operates at high frequency. The LPF is a complex circuit, and it operates
at low frequency. Thus, the power consumption of this architecture is lower than the

architecture of only a low pass filter.

2.56 MHz + 256 10 kHz
o—| Sinc Filter . LPF |—o
Vin VOUt

Figure 4-9 The architecture of low pass filter
The transfer function of the sinc filter is represented as

11-z7N

: (4.2)
N j_z-1

where N is the decimation ratio. Let Z =el®T —¢l27 1 /s , (4.2) is rewritten as

sin(zN i)
1 fs
—¢
sin(7r f—s)

it
f (4.3)

When N is256, fg is2.56 MHz,and f is233 Hz which is the 3dB bandwidth

of the LPF, the gain at 233Hz will be obtained as
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1 sin(7256 A)
20l0g(; 225260000 ) =—0.0077(dB) (4.4)
56 . 3
sin(x ——)
2560000

It shows that the sinc filter decays a little gain at the 3dB bandwidth. The effect is
ignored. The z-domain model of the sinc filter is shown in Figure 4-10. It also shows
the bit numbers of the paths. The bit numbers of the input is one, and the bit numbers

of the output is eight because that Vef is designed as 8 bit. When a value one is

imported only, the output will obtain the maximum value of 0.5.

Max : 0.5
(- XXXXXXXX )o
9 bit ¢ 236 8 bit 8 bit
i
vaa e v + > ! #—0
= 256y
out
7l 47

Figure 4-10 Z-domain model of the sinc filter

From Section 4.2, The Z-domain transfer function of the LPF is derived as (4.5)

by Foreward Euler and the sampling frequency is10 kHz.

1400 0.147 !
H
s+1400 1—0.862_1

(4.5)

To design it as a circuit, the parameters need to be quantized. The quantization result
is shown in Figure 4-11 where A is a binary value of (0.001001),. The quantization
method is like to Canonic Sign Digit (CSD). It has the minimum number of non-zero
digits. So a number of adders are decreased. Figure 4-11 also shows the paths with bit

numbers and maximum value.

Max : 0.5 Max : 3.57 Max : 0.5
(XXXXXXXX )2 (XX XXXXXXXX ), (- XXXXXXXX )
8 bit 10 bit 8 bit

+ // A 7 o
+
Vin Vout
10 bit
z-La-A

Figure 4-11 Z-domain model of the LPF

The comparison of the non-quantization LPF and the quantization LPF is shown in
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Figure 4-12 where the continuous line and the star line represent spectrums of the
non-quantization LPF and the quantization LPF, respectively. Test signals at the
frequencies of 19.53Hz, 195.3Hz, and 1953Hz are imported. It shows that they match

well.

(dB) 1953Hz 1953 Hz .
1953 Hz

20k

-

BT * ¥ FEEEF 4

-B0 s

Ells K

-120

(Hz)

Figure 4-12 Non-quantization LPF versus quantization LPF

Integrator and value mapping
From Section 4.2, the Z-domain transfer functions of the integrators are derived

as (4.6) and (4.7) by Foreward Euler and the sampling frequency of 10 kHz.

-1
22 N 0.00222 (4.6)

s 1-z7!

180 001827

S 1-Z
From (4.6) and (4.7), A and B, shown in Figure 4-1, are 0.0022 and 0.018,

(4.7)

respectively. In terms of value mapping block, the maximum and minimum output
values of the integrators are 0.1468 and -0.05, respectively. The value 0.1468 maps to
the value 111111 at the DAC input. The value -0.05 maps to the value 000000 at the
DAC input. So the mapping equation between the integrator output and the DAC
input is derived as

(X +0.05) x 63 = (x+0.05)x320 =y, (4.8)

(0.05+0.1468)

where X is the integrator output value and Yy is the DAC input value. This equation

needs to cost some adders.
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When A and B are multiplied by 1.25, a new mapping equation is given by

(X+0.05x1.25)x 63 =x+2Hx28=y @9
(0.05x1.25+0.1468x1.25)

It needs only two adders to realize it. So the VM area will be decreased. The

Z-domain models of the integrators and the VM are shown in Figure 4-13 where S

is the selection signal of MUX, Vj, is the input signal of the integrators, and Vgt

is the output signal of the VM.

8 Bit

. 1.25x AH#»|1 ]
8 Bit _, 15Bit 6 Bit
9 Bit MU X—+4—» Z +’_@—256+°
Vi 11 Bit Y/
In 1.25x B#4»p * out
)4

Figure 4-13 Z-domain model of integrators and VM

4.4 Variable Gain Amplifier

Variable Gain Amplifier

In an AGC loop, to maintain its settling time independent of the input signal
levels, an exponential gain control characteristic is required. Unlike the exponential
characteristic of the bipolar transistors, which is very suitable for dB-linear AGC,
CMOS transistors follow a square-law characteristic in strong inversion. Although the
transistors present exponential characteristic in weak inversion, their area is large at
large current. Thus, some of the reported CMOS dB-linear VGAs are based on a
pseudo-exponential function [13] given by

(

1+ X

- X)” ~e?™ (X <1) (4.10)

The approximation errors of this pseudo- exponential function to ideal one is within

5% only when |x|<0.32.
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Figure 4-14 Variable gain amplifier

There are two types of VGA, which are current-mode and voltage-mode VGAs.
The current mode VGAs are presented in [15] and [16]. But they are hard to be used
in reality due to need a current to voltage converter and a voltage to current converter.
The offset voltage in the current mode VGAS is also a seriously problem. Figure 4-14
is a voltage-mode VGA circuit [14] where V. is a gain control signal. The VGA is
used in this design due to be designed casily in low voltage. This architecture has a
fully-differential output and a single-end input

Using (4.10) to approximate the exponential function, the gain equation for the
VGA in Figure 4-14 is derived as

w W

_ #pCox()31D3 |3 (Ibias + ctrl)
Gain = 9m3 _ L _ |_L
B B wW W

9ms ﬂpCox(T)S IDs (T)S(lbias —letrl )

~me® (x|<<1), (4.11)

where X is represented as
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Ve Imil, Gmi
odotrl — "20mi3 2 Ve 9mil (4.12)
Ibias Ip1 Vgs1 =Vtnp  9Im13
2

Common Mode Feedback

There are two types of common-mode feedback (CMFB) [1]. One is a continuous
circuit, and another is a switched-capacitor circuit shown in Figure 4-15. In a low
voltage environment, the latter is chosen. Because it does not affects the swing of a
amplifier and is designed easily in low voltage. In terms of the power consumption, it
consumes only the dynamic power and so this circuit has a lower power consumption.
The equivalent equation of the switched-capacitor CMFB is derived as

_ Vot +Vo-

Vb +Vbias —Vrefa (4.13)

It shows that the CMFB output generates a common mode voltage. It is fed back to
the amplifier. Thus, the output common mode voltage of the amplifier will be

controlled by this voltage.

P ()
T My T My
Vref 'J T Qe o Vo
M 2::C1a M5 __C2a
Vias o— | | v o\,
My L 10 | Mg L C2b
Vet o—-vl_r—oj_r—o—o Vo_

Figure 4-15 Common mode feedback

Output Buffer and Bias Circuit

The driving ability of the VGA is not enough. One main reason is that the VGA
drives a next stage circuit by the variations of the drain-to-source voltage of MOSs.
To obtain a better driving ability, Figure 4-16 is used. This circuit will decrease the
gate voltage of M3 when the output charges a load capacitor. It will increase the

gate voltage of transistor M3 when the output discharges the capacitor. So it has a

higher power efficiency.
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j— VDD

M3

}Ovout

Vbiasn e—— M

Figure 4-16 Output buffer for the VGA

The bias circuit [3] is shown in Figure 4-17. The resistor is designed between
Vpp and the drain of PMOSM,4. PMOS Myavoids such body effect that this
circuit is designed easily in low voltage. The bias circuit has two stable conditions.
One is the bias circuit in work state, and another is the all transistors of the bias circuit
in off state. So a start-up circuit must be designed. When the power supply is on
initially, Mg3 will be on. The gate voltage of Mgy is given by Vpp. After transistor
Mgy is conducted, the bias circuit is revived. Then the gate of Mg, obtains a
operational voltage such that the drain of Mgy obtains a low voltage. Finally, Mg is
in off state. So the start-up circuit does not affect the bias circuit at the bias circuit in
work state. The channel resistance of Mgy must be designed large.

T VDD

R

Figure 4-17 Bias circuit

Simulation Results
The gain versus the control voltage of the VGA is shown in Figure 4-18. It shows

that the relationship between the control voltage and the gain is exponential. The
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tuning range of the gain is 33.5dB. The range of the control voltage is 0.197V. From
(2.3) and Figure 4-17, o is calculated as 19.58 and so Kygp 1s 19.58V,.

1 Gain(dB)
N s
: \

E -10 ] /( \\

i TN (VE=01647, Gain=25dB)

\

\

(Vc=0.4

15, Gain=

-8.5dB)

-

Ve V)

T
200m 300m

40

hm

500m
Outer Result (lin) (0:ve)

a0

m 700m ac

Figure 4-18 Gain versus control voltage

In order to have the enough the intelligibility of speech signals, the THD of

sound signals must be less than 5%. The THD versus the sound pressure level (SPL)

is shown in Figure 4-19. The THD is less than 4.1% when the SPL is less than 115dB.

5 T

THD (%)
4l i
3 \
2F 4
1F i

. . . . . . . SPLI(dB)
. B5 70 758 80 B85 a0 95 100 105 110 115

Figure 4-19 THD versus SPL

The microphone Specifications are shown in Table 4-1. When the output voltage

1s 63mV, the SNR will be 74dB. It represents to have 12-bit resolution. Thus, a test

sinusoid wave of 63mV is imported to the VGA input. In this condition, the VGA gain

is 4dB because this input signal will be amplified as 100mV, witch is the maximum

amplitude of the VGA. In order to obtain a SNR of 74dB for the VGA, the minimum

noise power requited is calculated as follow.
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5 63mV
SNR =74dB = 1010g(vi2) = 2010g(vi) = V,=89(UV) (4.14)
Vi n

Where V52 is the signal power and Vn2 is the noise power. So the total equivalent

input noise power of the VGA must be less than (8.9uV)2 . In Figure 4-20, the total

input noise power of the VGA from 250Hz to 20 kHz is calculated as

Vinn(rms) =\/

where By (f) is the PSD of the input noise power. It shows that the input noise

J-20k

voltage of 5.42uV is less than8.9uV .

2208 Jfy

st \\ Noise (Vz/H7

120f o \
160f
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:
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Figure 4-20 Noise power versus input frequency at gain 4dB

When the control voltage is changed, the input noise power of the VGA will be
changed. The minimum noise power occurs at the maximum gain which has the

maximum input . In this condition, a small signal is imported. In Figure 4-21, the

noise RMS voltage is calculated as (4.16) when the gain is maximum.

20k
\/ Izson P (F)df =3.75uV . (4.16)

The maximum RMS voltage is calculated as 88mV below the THD of 4.1% . So the
dynamic range of the VGA is derived as

2 2
V 88m
DR = 101og(%) = 1010g((—)2) =87 dB, 4.17)
in,min (3'75u)

2

. 1s the maximum
in,min

where V52’maX is the maximum input signal power and V.

input noise power.
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Figure 4-21 Noise power versus input frequency at gain 25dB

4.5 Digital to Analog Converter
The proposed recurring DAC

The 1-dB change of SPL is difficult to distinguish for people. In this thesis, a
6-bit DAC is designed. The VGA has the gain range of 33.5dB. The gain change per
bit of the DAC is calculated as (4.18). It is less than 1dB and so it is enough.

33.5 dB
oz 0.53(m) 3 (4.18)

There are three ways [2] of current, voltage, and charge in designing a DAC.
Using a current based architecture, it is hard to be designed in low power because the
low reference current is difficult to be realized. In voltage based architecture, it has
large area in low power design due to be designed by resistors. In order to design a
low-area low-power DAC, a charging based architecture is used. It uses capacitors to
design circuit and so it consumes mainly dynamic power. To decrease area, a
recurring DAC is designed.

The charging based recurring DAC is shown in Figure 4-22 where ¢ is a
reset signal, ¢, is a charging load signal, and S;, §;, and S,are the selection
signals of the multiplexer. Figure 4-23(a) is a multiplexer which selects input bits at
different phases. Figure 4-23(b) is a timing diagram. The timing diagram has eight
phases. In from one to six phases, the DAC calculates the output value according to
the input sequence codes. In seven and eight phases, the result value of the DAC is
charged to load capacitor.
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Figure 4-23 (a) Multiplexer and (b) timing diagram for recurring DAC

The total charge in capacitors C; and C, during ¢ =1 is represented as
Vo(n-1DCy + VrefpboutCy - (4.19)

The total charge in C; and C, during ¢, =1 isrepresented as
Vo(N)Cy + Vo (N)C; . (4.20)
(4.19) and (4.20) have the same charge due to the law of conservation of charge, and

it is obtained as
Vo(n-DCa + VrefpboutCp = Vo (MCo + Vo (MCy . (4.21)

Simplifying (4.21), it is rewritten as
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Cy C
Vo(n)=Vy(n-1 + VrefpPout ———-
O( ) 0( )C1+C2 refpout C1+C2

The ratio of Cjand Cyis 1 : 1. From (4.22), (4.23) and (4.24) are obtained by
bout =1 and bgyt =0, respectively.

(4.22)

1 1
bout =1 :Vo(n) = EVo(n-l)JFEVrefp (4.23)

oyt =0 :Vo(n) = %Vo(n-l) (4.24)

Using (4.23) and (4.24), the relationship between the input codes and V, 1is derived
as follows.
m= Ci , k= C2
Cl + C2 Cl + C2

(4.25)
Vo = (mbs + mKby + mkbs +mk>by +mk by +mk>bg) xViefy

bs by by by b Dby
B T S B AL R AV 426
4 T8 "6 T30 Tog) Vrefo (4.26)

Current mirror OTA

In terms of low voltage design, two-stage OTA and current-mirror OTA will be
chosen due to have less cascode MOSs. The two-stage OTA needs a compensation
capacitor and so a current must charge or discharge it. Therefore, the current-mirror
OTA has smaller power consumption than the two-stage OTA[11]. The current-mirror
OTA is shown in Figure 4.24. Equations of the gain, the bandwidth, the out swing,

and the slew rate of the current-mirror OTA are derived as follows.

Gain = gyy»(rog || rog) (4.27)
Bandwidth = IM2 (4.28)
CL
Output Swing =Vpp —Vops —Vopo (4.29)
Slew rate=DL (4.30)
CL
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Figure 4-24 Current-mirror OTA

In this thesis, a load capacitor of 0.4p is used as load. The performances of the

current-mirror OTA are listed in Table 4-4.

Table 4-4 Performances of the current-mirror OTA

Gain 54 dB
Bandwidth 1.8MHz
Power 0.936uW

Capacitor mismatch

Capacitor matching is very important in switched-capacitor circuits. In reality, a
large unit capacitor has a better ability of capacitor matching. If a too large unit
capacitor is designed, it will waste the power consumption. So the requirements of the
capacitor-matching ability of switched-capacitor circuits must be known. The
mismatch effect is obtained by (4.25) and (4.26). When the mismatch error of the ratio
of C,/Cy is 1%, the INL and DNL effects of the proposed DAC are shown in Figure
4-25. The INL versus the C,/Cy mismatch error is shown in Figure 4.26(a). The
DNL versus the C,/C; mismatch error is shown in Figure 4.26(b). If the mismatch
error is more than 3.5%, it will occur non-monotonic. Thus, the capacitor mismatch
error must be less than 3.5%. This requirement is achieved easily in CMOS

processing technologies today.
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Figure 4-25 (a) INL and (b) DNL effect at 1% mismatch error
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Figure 4-26 (a) INL and (b) DNL effect of capacitor mismatch

Simulation Results

The INL and DNL simulation results of the proposed recurring DAC are shown
in Figure 4-27. It is simulated in the TT corner. The simulation results of the total
corners are listed in Table 4-5. The INL is less than 0.12LSB and the DNL is less than
0.05LSB.
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LSB
0.1

Figure 4-27 INL and DNL in TT corner

Table 4-5 Performances of the recurring DAC

Corner TT EEF SS SF FS
INL (LSB) 0.09 0.119 0:108 0.095 0.113
DNL(LSB) 0.044 0.048 0.033 0.033 0.03

4.6 Simulation Results and Layout

Figure 4-28 shows the simulation result of the proposed dual loop digital AGC at
the input frequency of 250 Hz. The input amplitude is between two amplitude levels
with a sudden 25 dB increase. The larger input amplitude is 100mV which represents
the 113dB SPL. The smaller input amplitude is 5.6mV which represents the 88dB SPL.
The AGC pulls the output voltage of the VGA to 100mV. If the input amplitude is
more than 100mV, the amplitude will be decreased. If the input amplitude is less than
100mV, the amplitude will be amplified. The voltage V; is a control voltage for the
VGA. The release time goes through the narrow loop bandwidth. The attack time goes
through the width loop bandwidth. When the signal changes suddenly form 100mV to
5.6mV, the release time is obtained as 53.2ms. When the signal changes suddenly
form 5.6mV to 100mV, the attack time is obtained as 3.4ms.
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Input Signal

VGA Output

N

Figure 4-28 Simulation result of the proposed AGC at the
input frequency of 250 Hz by Hsim

Figure 4-29 shows that the release time is 53.1ms and the attack time is 3.2ms at
the input frequency of 10 kHz. From the two simulation results, the attack times are
all less than Sms. The release times are all about 50ms. They reach the design

specifications. The power consumption of the AGC is 42.3uW.

Input Signal

VGA Output

\%¢

Figure 4-29 Simulation result of the proposed AGC at the
input frequency of 10k Hz by Hsim
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Figure 4-30 Layout of the proposed AGC system

The layout shown in Figure 4-30 is divided into the analog and digital parts. The
bottom of the layout is the digital blocks which includes a bit-stream rectifier, a sinc
filter, a LPF, integrators, and a value mapping block. The above part is the analog part
which contains a VGA, a third-order sigma-delta modulator, and a DAC. The rest area
of the layout is filled with PMOS capacitors which are used as decoupling capacitors.

The decoupling capacitors are connected to the power plane. The chip area is

0.6x0.68 mm*. The summary of the performances is listed in Table 4-6
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Table 4-6 The summary of the performance

Spec. Performance Value Unit
Supply Voltage 1 A%
Signal Bandwidth 250 ~ 10k Hz
Dynamic Range @ THD <4 .1% 87 dB
THD <4.1 %
Attack Time <5 ms
Release Time 53 ms
Sampling Frequency 2.56M Hz
S A Signal Bandwidth 20K Hz
Modulator SNDR 80 dB
DR 82 dB
Power 14 uW
Power Consumption 42.3 uW
Chip/core area 0.6x0.68/0.347x0.429 mm?2
Technology 0.18 um (TSMC)

4.7 Comparison

Table 4-7 shows the comparison of the sigma-delta modulators for audio
applications. The range of paper survey is below 0.25mW and above SNR of 60dB. It
is difficult to compare the power efficiencies. In general, the figure-of-merit
(FOM)[11] is a criterion for the power efficiency of sigma-delta modulators. The
FOM is defined as
4kT - fg - DR

P

FOM = , (5.1)

where k is Boltzmann’s constant, T is the absolute temperature, fg is the signal
bandwidth, and P is the power consumption. Although the signal bandwidth and the
power consumption are considered in FOM, the supply voltage is not taken into
account [29]. This thesis has more two times score than the best one. The area is not
included into FOM and it is difficult to compare due to different capacitor processes
(poly-to-poly, metal-to-metal, and so on) and structures. In general, the area is
dominated by the capacitors for switched-capacitor sigma-delta modulators. From

Table 4-7, the proposed sigma-delta modulator has best area performance.
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Table 4-7 The comparison of sigma-delta modulators for the audio applications

Year VDD DR BW Power Area Process | FOM
JSSC, | 1.0V | 88Db | 20kHz | 140uW | 0.18mm? | 90nm | 1493e-6
2004[11] CMOS
JSSC, | 1.5V | 80dB | 25kHz | 135uW ; 0.5um |306.8¢-6
2003[17] CMOS
JSSC, | 0.7v | 75dB | 8kHz | 80uW [0.082mm?| 0.18um | 52.4e-6
2002[18] CMOS
235/}%] 12V | 75dB | 3.4kHz | 38uW ; %13\28‘;’ 46.88¢-6
2(]))0?%6] 1.5V | 75dB | 25kHz | 230uW | 1.2 mm? glf/[lénsl 56.95¢-6
This work| 1.0V | 82dB | 20kHz | 14uW [0.045mm?| 0.18um |3749¢-6
CMOS

Table 4-8 shows the comparison of the AGCs for audio applications. The
comparison papers are all analog AGC architecture. Only this thesis is a digital AGC
architecture. So this thesis does not design integrators and low pass filters by off-chip
capacitors. And it is also programmable easily. In terms of power consumption, this
thesis has the additional sigma-delta modulator block which is different from the other
papers. In other words, the power consumption of this thesis needs to include
additionally the power consumption of the modulator. Table 4-8 shows that the power
consumption of this thesis is almost the same as the others. The area has best
performance than the other papers. The supply voltage 1.0V is lowest than the other
voltage-mode AGCs. [22] is a current-mode architecture. In reality, it lacks an analog
to current block and a current to analog block for voltage-mode applications. When
the THD is less than 4.1%, the DR of this thesis is 87dB. The DR of the other papers

is measured in different condition.
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Table 4-8 The comparison of AGC for the audio applications

Year VDD DR BW Power Area Process
JSSC,2006[21] | 2.8V 78dB 10kHz 36uW | 4.41mm2 1.5um
BiCMOS
IP-CDS,2005[22]| 1.0V 72dB |100-10kHz| 25uW | 0.16mm2 | 1.2um
CMOS
ISCAS,1998[23] | 3.0V 69dB (100-10kHz| 162uW - 1.2um
CMOS
This work 1.0V. | 87dB [250-10kHz| 42.3uW [0.148mm2| 0.18um
CMOS
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Chapter 5

Conclusions

5.1 Conclusions

This thesis presents the low-power low-voltage low-area dual-loop digital AGC
and sigma-delta modulator for audio front-end circuit. In terms of the sigma-delta
modulator, the single-loop third—order sigma delta modulator used in this thesis has a
low-power consumption due to less circuit components and matching requirements.
The inverter OTAs with swing improvement and the pure dynamic comparator are
used for the sigma-delta modulator. They all have higher power efficiency. The
low-voltage design techniques are also used and they solve the switch-driving
problem and enhance the gain of the inverter OTA. The CDS technique is used to
eliminate the offset voltage and attenuate the noise floor. It has a peak SNDR of 80 dB,
a DR of 80 dB at a sampling rate 2.56 MHz, a signal bandwidth of 20 kHz, and a
power consumption. of 14uW

Using this low-power sigma-delta modulator to design the digital AGC, it does
not go through decimator filter so can decrease area, power, and latency of the AGC
loop. The proposed AGC system is implemented at the supply voltage of 1V. It has a
DR of 87 dB, a SNR of 74Db, a power consumption of 42.3uW, and a signal
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bandwidth of 250 Hz-10 kHz.

5.2 Future works

The high performance architecture of sigma-delta modulator is fully-differential
signal due to have better common-mode noise immunity. So decreasing effect of
common-mode noise is an object in the future. In low voltage, the linear of a VGA is
hard to be designed well because the linear range of circuits is decreased. If it is
designed as high linear, the output dynamic range will be small. It causes that the
capacitor becomes large in the some SNR. So the power consumption becomes large.
How to design more linear circuit of a VGA in low voltage and low power is also very

important in the future.
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