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Performance of ADC architecture
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4.1 Quantization noise and noise
shaping



Quantization noise
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SNR of quantized signal
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Oversampling

Oversampling ratio OSR = s f; = Sampling rate
2-f,  f,=Maximum signal frequency

fs

Sampling theorem (Nyquist-Shannon's theorem): f, < >

The minimum sampling frequency 2f, called Nyquist rate.

Spectrum of the signal _
fs = 2f, (Nyquist rate)

N

Jo 2f, 4f,

Frequency 6

»

Amplitude




Quantization noise by
oversampling

Assuming that the quantization error generates the white noise,
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Noise reduction by over sampling
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N = 1bit

Time history

01sfF 7

01 -

Time hizstory
015 ' ' '
01+
8 U< g 005 -
i ﬂ :
09 -005 |
L -01 | -0 b
-015 | 1 1 1 1 1 - -
g =20 1] 20 40 60 a0 100 019
. — Time {zecs)
=
CG Fower Spectral Density
. 5 06 F T T T T
~— 05+
= o PSD,
= Nyquist rat ing“
b uist rate sampling |
S . y yq pling |
5 'ID '|5 = 2D 25 SD 35 4D 45 ED
Frequency tads/zec)
+—>

f,

OSR =1

1
-20

| 1 | |
i 20 40 &0 a0 100
Time (secs)

Power Spectral Density

0g -

06 -

Q
Ver samphng

.lt N
35 40

b

45 B0
Fq y(rl:lf’ )

OSR =8



Delta-sigma modulator

+Vo(z)  Clocked comparator
-

Vin(2) ;?7 H(z) I Vou(?)
1

7

Vout (z) = H(z){V;p(2) — Z_lvout(z)} + VQ (2)
H(z)
1+ 2z 1H(2)

Vin(2) +

Vour(2) = Vo (z)

1+ 2z 1H(2)

1 : ]
For example, H(z) = = (BET Integral}}ramfer function of noise

Vout (2) = Vin(2) + 1 — 27 )M Vp(z) (Order M = 1)
Zero @ f=0 ’



Function of analog comparator

e If(V,,">V. ), thenV_,= VDD (Logic level ="'H')
e If(V,"<V. ) thenV_,=VSS (Logiclevel="L"

The same symbol as a single-end OPA 1s \ o
sometimes used for a comparator, but " Ideal characteristic
the circuitry 1s different from each other. VDD ('H")
+
Vin >
Vout >
Vin- ~
Vin+ ~ Vin
VSS('L")
Vin+
V- - Vout

m
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Two types of voltage comparator

* Detection of timing when the voltage
difference becomes OV (No clock signal 1s
required.)

* Voltage comparison at a certain time (Clock
signal 1s required.)

— Here we will use the latter.
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Time domain characteristic of
delta-sigma modulator

32 bit binary

Comparator
(OSR =24)

1-bit delta-sigma modulation

= Pulse-density modulation
(OSR =24)
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Noise shaping by delta-sigma
modulation

Error of comparator

Time hiztory
T

Error of 1-bit delta-sigma modulation
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Noise reduction by noise shaping
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SNR vs. OSR

SNR-OSR
160 T

140 2nd order

120

1st order

10° 10° 10’ 10°

Oversampling Ratio s



Effective number of bits (ENOB)

For 1-bit quantization (=Comparator),

Simple quantization Noise shaping (N = 1bit)
M
6.02ENOB + 1.76 = 6.02 + 1.76 — 20 log( ) + (20M + 10)logOSR
V2M + 1

1 M
ENOB =1+ ——1(20M + 10)logOSR — 2010
6.02 {( iog g( oM+ 1)}
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ENOB (bit)

ENOB vs. OSR

2nd order N-OSR
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4.2 Oversampling DAC
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Principle of oversampling DAC

Signal processing Time domain  Frequency domain
Digital signal i Tg=1tx
. > > 0 A A
‘ G RN h G
I 1 1 1 1 > t I I > f
nterpolator f, fn 21y
Interpolated points _
: R JOSR=2
: : e _o |ll !
Delta-si S ' —>
clta-siema —i = TJOSR 52 fs = 26y
modulator .
Pulse-density Noise
. > % modulatlon h H A/,f—~\
Continuous time LPF —>
Contmuous fs/2 fs
. R Mg signal h /AC response of LPF
Analog signal fs/2 fs
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Advantage of oversampling DAC

Signal processing of

Nyquist rate DAC Time domain Frequency domain
Digital signal « Tg = 1/f;
ri A A
o - : : ] { 1 v \
¢ > 1 1 1 1 > t | v | LI f
Multi-bit DAC Discrete time fo i 26y
X R 1 analogsignal | l OSR = 1|
¥ N AN
Smoothing filter E— >t > £
. . fs 2fs
A Continuous time ,
. R /% signal :_\"yRequired filter response
Analog signal o s ofs |

Nypuist rate DAC requires the 1deal LPF for smoothing.
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Appendix: Frequency response

of sample and hold circuit
Sample and hold of the signal x(%)

x, ()= Zx(nT) fu(t—nTy)—u(t—(n+1)T,)}
Step sampler
L @

X, (s)= I:Zx(nTS)-{u(t—nTS)—u(t—(n+1)TS)}-e_”dt

— Z:)C(I’ITS)-J‘OOO {u(t—nTS)—u(t_(n+1)T )L ot

e YTy

l_e_STS —snT. Z l_e —n
= Zx(nTS)-e S > Zx(nT) z

J
Y Y

Transfer function of step sampler Impulse train .



Interpolator

Example: Linear interpolation

s Yik Yii1 Yi

/ﬁ)‘riginal data(x;)

K-1 interpolated data

Sampling rate conversion

Y(z)(1-z")=X(2)

Yi—=Via X — X g

T K-T
S S >Z
1—-z7%

_Y(2) _LI—Z_K
X(z) K1-z"

H(z)

Circuits implementation

(up conversion) Comb filters Integrators
fo/K N bit a1 Nbite | N+L-log,K bit
o~ KTs _ K x(t) ——d-2 )" ’(1_ le —— y(1)

fs(in) = 21,

fs/K

' fs(out) = K+2f,
Clock

1/K [«

(1 _ Z_l)L+1—> (1 _ Z—K)L+1

1/K divider 7



Pulse-density modulation by
delta-sigma modulator (DSM)

(N bits)

+Vo(2)

Vin(z) ;—‘Cfi

&

7"

1

(1bit)
Vout(z)

Vout (2) = Vin(2) + (1 - Z_l)M Vo (2)

/

1 bit signal

!

N bits signal

Quantization noise
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Architecture of oversampling

DAC

Digital i Interpolator |—s Delta-sigma modulator

L fy/K /\

—»| LPF |—> Analog

(continuous time)

_______________________________________________________________________________

~

+ Vy(2)

1 bit

I —o111

N bits

0 — 1001 /

Clock 1
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Higher order DSM

Multi-stage noise shaping (MASH)

Vnoise1 (Z)

l

-1 X
Vn(z);@i 1Z _ _ll_ 1(2) = 44;@7 Vou(2)
—Z
— + A \
/N
. ; ) Error removal
_Vnoise1(z) \

Vosieon(2) Error calcullation
+ : i
Z- l_ XZ(Z) 1 -1
1—z7! — —Z

The order of the noise shaping
is increased by repeating the

X,\(2) =27V, (2)+ (1= 27, (2) .
error calculation.
X2 (Z) — _Z_l Vnoisel (Z) + (1 o Z_l )Vnoise2 (Z) /
Vout(z) — Z_IXI(Z) + (1_2_1)X2(Z) - Z_zl/in(z) + (1_2_1)2VnoiseZ(Z) 25



Example of oversampling DAC

Continuous time

X

Oversampling DAC 10 bufters
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(c) Kanazawa University

SOI-CMOS 0.6um, 16bit, 2nd order DSM, OSR=128
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4.3 Delta-Sigma ADC
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Principle of analog DSM

Continuous time Discrete time Pulse-density
analog signal analog signal modulation signal
+V(2)
_|_
. 1 N
Vln(s) = Z'l _, Vout(z)
1-bit B
DAC

Vout(z2) = Vin(2) + (1 - Z_l)M Vo (2)

T T

Pulse-density Continuous time  Quantization noise

modulated signal analog signal
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DAI with reference imput

N 1

Vin(2) -Cl-z'172 + CZ(-I -z1) Voul(z)
' Cl 1 .
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& Marge
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Architecture of delta-sigma ADC

Vin(s)

Vout (Z) —

Vou(2) =2 2V, (2)+(1-2")V,(2) L

+
-C1 e 7172 +
+

3

T [V (2)-V,, <z>j+ V,(2)

+V(2)
-1 v
Cl(1-7") 4 oul?)
YAETEN
¢l \ DAC \
H N
Vo(2)
— z! A’éivout(z)
J

Transfer function of comparator
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Full differential implementation

Analog input ://

e

03 TV
o Cl 1 N || X
| | _\_4_\
) 1 b T = > ;F
1 2 -
Cl o | o
2 Cl

CM
a/; Vref/ 2

Vout

Pulse-density
modulation
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Xin(t

Conversion to binary signal

AF

Xe(t)

—>

Anti-aliasing

Filter

»
»

DSM

de(t)

XLPF(t) XS(t)

Decimation

A
Xe 1.

A

-

de

A

.

/N01se X

\ 4

A 4

Down sampling —»

Decimation Filter

Multi-bit

NN X‘“Mmu 0 XLPFMHHHM.

;XSL | ‘ |

»
»
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N
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N
~
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~
~
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Shelving

AVAvEA WA
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Structure of decimation filter

Averaging

S
Xin(z) — SinCH11IR

Noise filter at 21,

41 (=81,) *

Halfband FIR

Compensation at f;

26(=41))

SinC IIR

SinC
Compensator

fu(=21,)

Xout(z)

186th-order FIR
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Design of SinCH*! filter

Xou(2)

: 1 &
Averaging of M data T, = HZOZ e

MY, ()= 71X, ()= 427 44 2 X, () + (-2, ()

= Mz'X,,(2)+(1-27) X, (2)
1 1-z7¥
M 1-z"

T, =

L+1 -1
L I

1 I—Z_M L+1
SinCY! Filter Hg, . = - { }

1 BN
1 (1—z 1) (I-27) IV

Accumulation Differentiation Constant
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Implementation of SinCY*! Filter

Accumulation Difterentiation

A

' ) ~

Down sampling

+ +
+ — —(+
+ +
-1 -1

7"

o

7"

+
%_ fs/M
M

Sampling rate conversion
(down conversion)

+ +
—O—7-30
+ +
-1 -1

+ %
7-1

Z V4

f f

fS fs

+ %
7-1

T

fs/M

T

fs/M

SinC filter = CIC (Cascaded Integration-Comb) filter
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Order of SinCL*! Filter

Without noise shaping SNR =6.02-ENOB + 1.76
With 1Ist-order noise shaping SNR = 6.02 4+ 1.76 — 5.17 4+ 30logOSR
With 2nd-order noise shaping  SNR = 6.02 + 1.76 — 12.9 + 50logOSR

With Ist-order noise shaping ENOB =1+ (—5.17 + 30logOSR)/6.02
With 2nd-order noise shaping ENOB =1+ (—12.9 + 50logOSR)/6.02

Number of bits of decimation filter ~ Njyyt = Ngtqgel0g2(OSR)
N, . must be larger than ENOB.

t
" ENOB )
With 1st-order noise shaping Nstage > log, (OSR) ~15>1L
2
With 2nd-order noise shaping Nstage > l El\éggR) ~25>1L
082

K where L is a order of the noise shapingj3
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Application example of cap sense
(touch panel)

Vref Cm
Cs ¢I Cn H\ +Vq V
/ p‘_ ~ - out | Decimation
o ] | | + . N\ OUT
b l‘bl r/ Filter
| / 1-bit
\ DAC | 1/0

3

3 G 1
Vour(2) = z 2 C. +C,, Vier + (1 -2z Wo(2)

Vout (2)
Vref + Vout(Z) m

When f=0Hzand z=1 (DC), Cs =
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4.4 Band-pass Delta-Sigma ADC
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Transfer function of band-pass DSM

Vin (Z)

Vin (Z)

Low-pass DSM

=1 +VQ(Z)
pole
—
1-7" +
1bit DAC
Band-pass DSM
pole _.] +VQ(Z)
i
1+2° =S
1bit DAC

Vout(Z)
out(Z)_Z 1 (Z)+(1 Z )Vnozse( )
H_J
Zzero = 1
Vout(Z)
V. (z)= 77 V. (z2)+(1+2z" )Vnozse( Z)

H_J
ZZGT'O — i] 39



Noise shaping of band-pass DSM

Low-pass Band-pass
Vi) =2V, (2) + (=27, (2) Vi) =27V, (2)+ (1427, (2)
Im Im

A A

ZEro ZCT0 o-fs/4
\ Tp

T~

%" Re fs/2 " Re
\ NN

dc, fs, 21s

dc, fs, 2fs

4th order bandpass

2nd order bandpass\><

H_Low(z

HBP(z(w) o PA,

H_BP2X(z(w))

f: 3fs/4

Noise reduction

st order lowpass —— ]

2.537x10 %, ¢
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z> operation with N-Path technique

Ts = 2Ts L
Z—l _ e—sTS |:> Z—Z _ e—s.zTS |:> :A: A: C: C: E
2 path technique | STATS
P 1 |[B[BIDID
RR— Output
N b/
1 1K 91 —
H)Ko z . o o ¢ __ |
l1+z _
Vin(z)—— — Vou(z) O (2) |
5o o 0, -
922 1+z 622
f
(I)Z(Z)

Sampling rate = T
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4th order band-pass DSM

High-order band-pass ADC i1s often used for the
wireless communication systems.

Vo (2)
Vin(2) ;? lGiZ; t? IG_iZ; j: Vout(2)
+ + Ibit DAC
{g1f'20'5 — Vu(2)=-z V(Z)+Q+Z )V (2)
, =

Z—+]
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Exercise

Question:
Derive the transfer function of the block diagram
shown 1n the previous slide.

Example solution:

V@)= O 0 YD (2} Vi
+z7 1+
GG,z™* G,z 2 . , GG,z™* ,
(1_(1+Z_2)2 1+Z_2) V;ut( )_(1+Z )2 zn( ) Vnozse( )
(1+z7°)Y -GG,z -G,z (1+z7?) N GG,z
T V0= VD)4V
V. o(z)= GG,z -V, (2)+(1+z ?)? V pise (2)

1+2z7 +z = -GG,z -G,z -G,z"
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Oversampling ratio of band-pass ADC

The OSR of the band-pass DSM cannot be determined

by the carrier frequency, but should be calculated by the
bandwidth of the converted signal.

OSR = fS V .(z)= Z_4Vm (2)+{+ 2_2)2 Vo (2)

2-(2B :
(2B) Signal  Quantization noise

‘.Band“iifi//////i;7
4@’

fs/d  fs2 3fs4  fs f

Power
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Recerver architecture

' LNA AGC

Decimation

ADC [—

ot s

Band-pass ADC Digital down-conversion

Conv

DSP (<

Channel filter

Dedoding

| Error correction

Quantization noise

Signal

Carrier
[ % Data

AL

4

Demmatlon
\ Unnecessary

WRrp

b, [/

N

Digital processing 45



Digital down-conversion

When {, = 41_, the digital down conversion can be implemented by 2-bit logic.

I§ cos(2z- f.-nTy)

AVAV/\ > » BP-DSM | _.(%)—> DF —— Baseband signal

A

T .\ ‘\ (Symbol)
Carrier or intermediate NN
_ 2bit Digital down D tion Filt
frequency 1.=fy/4 Clock frequency f converfion ccimation Filter

cos(2z- f,-nTy)=cos(2mr = Js nT) = cos(n ) {1,0,—1,0}  2-bit-at-a-time

S
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Example of 2-bit multiplier

cos(n-2r)
Delta-sigma ./ pjir_,opit —— Converted signal
modulation signal
2bit multiplier
1bit—2bit extension 1141(1) 1(5;’0 o OO(}J({))
A ]
0 LD 0L(1).__00(0)__00(0).
1 01(1) 11(-1) o01()) 11(1)

47



Example of band-pass DSM

CMOS 0.25um, ﬂ

4th-order noise shaping,
ENOB = 14bit

NEEETRREREN

(c) Kanazawa University



