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Pertformance of ADC architecture
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3.1 Quantization noise and noise
shaping



Quantization noise

A

Total probability of errors = 1

Occurrence frequency f, 4

Digital output

‘ N Y 77777,

N g 0.5V, g 0.5V, g
nalog input Quantization error (V)

N-bit quantization =) ¥, =" -1)-V,q

. o 1 0.5V, V
Noise level V. :\/ V2F (VNIV. = |—— 24y, — LLsB
Q_RMS J‘—oo o /v V)V, \/VLSB I—O.SVLSB 0“"o 23
Maximum Signal level v \/ J’ v2dv, = Vo _ (27 =1V
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SNR of quantized signal

ax_ (ZEVLSBJ 3 N 2
SNR(dB) =10log—; =101log ~—=10log— (2" —1)
V<o rus (Vﬁj 2

~6.02N+1.76 (dB)



Oversampling

Oversampling ratio OSR = /s J; = Sampling rate
2-fy  f;=Maximum signal frequency

fs

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

The minimum sampling frequency 2f, called Nyquist rate.

fs = 2f, (Nyquist rate)

/ OSR =2

Spectrum of the signal

/i 1o 2fs

Frequency 6

Amplitude




Quantization noise by
oversampling

Assuming that the quantization error generates the white noise,

2
5 ( VLSB j
2
Noise power spectrum density pp S, = Vo rus _\ 243 _ Viss
fS fS 12fS

f vV Vie 1
. . — PSD d — __LSB 2 —_LSB -
Noise power level in band % _rus _[_ / SD,df /. Jo 12 OSR
. . V2 RMS [ﬂFVLng
SNR in band width  SNR(dB) =10log—-= =10log~~——- OSR
O _RMS %

= IOIOg%(ZN ~1)*> +101log OSR
= 6.02N +1.76 +10log OSR  (dB)



Noise reduction by over sampling

N = Ibit
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Delta-sigma modulator

+Vo(z) /Clocked comparator
+
Vin(Z) 4’@7 H(Z) ;F Vout(z)

1

7

Voue (z) = H(2){Vin(2) — Z_lvout(z)} + VQ (2)

H(z)
Vou ) =TT " TR o
For example, H(z) = — (BET Integral‘)/TranSfer function of noise

Vout(2) = Vin(2) + A —z7H" V(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 (Logic level ='L")

The same symbol as a single-end OPA is \' o
sometimes used for a comparator, but Olllt_/ Ideal characteristic
the circuitry is different from each other. VDD('H')
+
Vin >
Vout >
Vin —1— B
\/inJr ~ Vin
VSS('L")
\/inJr
- _||_ Vout
Vin
10
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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 Error of 1-bit delta-sigma modulation
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Noise reduction by noise shaping

S 35
q? 3
€% M=1
£ 0.5
’ 0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1 L
f/fs ¢ fs
M=1 I0-zYH=]|1-e/¥Ts|=|2sin(m>)
fs
2
~1N2| — —jwTs|? — |9 f
M =2 |1—=2z"%) = |1 — e7/@Ts|” = |2sin(m <)
fs
fo /.2
. max _RMS
SNR(dB) = ff F =7 df
op - | 2sin(m 4
Q_RMS ( fs

M

= 6.02N + 1.76 — ZOlog( ) + (20M + 10)logOSR

VZM + 1
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SNR vs. OSR

SNR-OSR

2nd order

1st order
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Effective number of bits (ENOB)

For 1-bit quantization (=Comparator),

Simple quantization Noise shaping (N = 1bit)
M
6.02ZENOB + 1.76 = 6.02 + 1.76 — 2010g< I 1) + (20M + 10)logOSR

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

ENOB vs. OSR

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

Signal processing Time domain  Frequency domain
Digital signal i Ts=Uly
. > *> 0 T T T T T
- g : : e o ! | \VI | \\
1 1 1 1 > t > f
Interpolator f, v 21y
Interpolated points _
OSR =2
: R 10
. E i ? ? > I |l' I \\ > f
Delta-sigma — *~ TJOSR | fs/2 fs= 2ty
modulator p :
ulse-density Noise
’ o DA
. . > | | / | \\ >
Continuous time LPF >t s /2" s > f

v

Continuous
. Mg signal H/AC response of LPF
> ¢ L I > £

Analog signal fs/2 fs

19



Advantage of oversampling DAC

Signal processing of

Nyquist rate DAC Time domain Frequency domain
Digital signal r_, Ty = 1/f; h
. M I’ - ~\ I’ - ~\
o - : : ] [ ! W \
* > 1 1 1 1 > t I L} I LI f
Multi-bit DAC Discrete time fo £y 21y
0 - P analog signal l OSR =1
Smoothing filter S >t > f
. . fs  2fs
Continuous time ..
. s M signal HyRequired filter response
Analog signal A fs  2fs t

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

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

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

X, (s)= J‘:Zx(nTS)-{u(t—nTS)—u(t—(n—l—l)TS)}-e_“dt

=Y x(nTy)- [ {u(t—nTy) —u(t—(n+ DTS)} g

1-e

—snTg Z )1_8 ZX(I’ZT) z -n

\_Y_/\ _
—

Transfer function of step sampler ~ Impulse train .



Interpolator

Example: Linear interpolation

A Yik Yia1 Yi y—y Yy
i Ji-l M Nk

/i)‘rl ginal data(x,) T, KT, > 7
1-z7%
K

Y(2)(1-z7)=X(2)

LIl - ¢ ok
—_— — H(Z) _ Y(Z) _ i 1 z -
_ X(z) Kl1-z
K-1 interpolated data
Samphng rate COHVGTSiOH ﬂ Circuits implementation
(up conversion) Comb filters Integrators
f/K N bit | Nbit] 1\ N+L+log,K bit
(1 —Z )L+1 f—» ——> t
o~ KTs _ K x(t) ——{ A ey y(t)
K fs(in) = 2f, fs(out) = K »2f,
(1—z H+1 = (1 — z7K)L+1 1/K |« Clock

1/K divider 2



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

(N bits)

Vin(z) +’?

+Vo(2)

=

7-1

(1bit)
Vout(z)

Vout (2) = Vin(2) + (1 - Z_l)M VQ(Z)

/

1 bit signal

The figure shows the block diagram for the case of "M = 1".

!

N bits signal

Quantization noise
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Architecture of oversampling

DAC

Digital _;, Interpolator |—{ Delta-sigma modulator

L f/K /\

—»| LPF |~ Analog

(continudus time)

~

+ Vi(2)

1 bit

I —o111

N bits

0 - 1001 /

Clock f
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Higher order DSM

Multi-stage noise shaping (MASH)

Vnoise1 (Z)

-1 i X
Vin(z);@i lz 1 :|: 1(2) 271 ;’@7 Vout(z)
-z
) M ’ \

. ; ] Error removal
_Vnoise1(z) \

Vooeon(2) Error calcullation

J = l

’ - :F Xo(z) 1-z"

The order of the noise shaping
1s increased by repeating the

X\(2)=zV,(2)+ U=z W, (2) .
error calculation.
X2 (Z) - _Z_l Vnoisel (Z) + (1 o Z_l )Vnoise2 (Z) /
V(@) =2"' X (2)+ (=2 )X, (2) =2V, (D) + (1 =27V, 10 (2) 25



Example of oversampling DAC

Continuous time LPF Oversampling DAC IO buffers

SOI-CMOS 0.6um, 16bit, 2nd order DSM, OSR=128
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3.3 Delta-Sigma ADC

27



Principle of analog DSM

Continuous time Discrete time Pulse-density
analog signal analog signal modulation signal
V(2)
_I_
Vin(s) T+ Voul?)

Vout (2) = Vin(2) + 1 — 2z~ 1™ VQ(Z)

! T

Pulse-density Continuous ttme  Quantization noise

modulated signal analog signal
28



DAI with reference mput

Vinl(z) -C1 ‘Z'l/2 i + Cz(-ll— Z'l) — Vout(Z)
' Cl 1 1
VinZ(Z) C1 I/out(Z) - C2 1_ -1 {Z 21/1'111(2)_1/1';12(2)}
%
4)2 CM (I)l Iclz
(l)l Cl (I)Z
Vin1 © 1 — |
Vi, © I Imb Vout
b2 C1 b2
d1 b
A& Marge
Iy
—

Viul o L ¢ h .
Vi oo ; N —oV,,,  2-Input DAI
n2 (1)2 (I) | r 29
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Architecture of delta-sigma ADC

+V(2)

. + -1
Vm(s) -Cl- Z-l/2 + Cl(l - Z_l) ;,j VOut(Z)
+
1-bit N
¢l DAC \

z” L v N
V(@) = | 2 V(@) o (2) |+ 7,(2) o0

_i — 7! Aéivout(z)
V(D) =2 2 V(@) +U=2) V(2 N y

Transfer function of comparator
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Full differential 1mplementat10n

Analog input :]]

e

..

gra—

3 _I_V
9 Cl b1 N 1 X
I IS
) A b + ‘> jj
1 2 -
Cl o H o
¢2 Cl

a’; Vref/ 2

VOUt

Pulse-density
modulation
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Conversion to binary signal

Xo) AF X X () X, pr(t) Xq(t)
—» ?irll:;ahasmg > DSM » Decimation |—{ Down sampling —»

Decimation Filter

Multi-bit
ST | ‘ |

ARSI =tXLPFT.|||\H\||...||

ds
>t >t

X, ft_\ X, 4 Noise X, pet X 4
A VAR A RN A TRTaY

fo

Shelving Aliasing
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Structure of decimation filter

Averaging Noise filter at 2f, Compensation at f;
f 4f,(=8f)) 2f(=4f,) [SinC f(=21)
Xii(z) = SinCL* IR *Halfband FIR C?mpensator ——X_(2)

SinC IIR 186th FIR



Design of SinC-*! filter

Xout (Z)

. Ly
Averaging of M data 7, —EZO: "o

MX, (z)= {Zz 11X, (2)= (z'+z 24tz )X 2)+d-z" )X (2)

=Mz 1X0ut(Z)+(1_Z )Xin(z)
1 1-z7"

T =
M 1=z

1 I—Z_M L+1
SinCH*! Filter Hy,. = ML { -z }

1 _ .1
(1_2—1)L+1 (1-z M)L AL

Accumulation Differentiation Constant
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Implementation of SinCM*! Filter

Accumulation

Differentiation

A

—

+
— —(+
+

Down sampling

_+_

i%__

7-M

+ __~

fs'M

7-M

l Sampling rate conversion
(down conversion)

_|_
——(+
_I_

7-1

T

fs

i%__

7-1

T

fs

7-1

T

fs/M
SinC filter = CIC (Cascaded Integration-Comb) filter

7-1

fs/'M

T
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Order of SinCL*! Filter

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

With 1st-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 ~ Nyyr = Nstagelog, (OSR)

N, must be larger than ENOB.
4 . . _ ENOB )
With 1st-order noise shaping Nstage > log, (OSR) ~15>L
2
: : : ENOB
With 2nd-order noise shapin N > ~25>1
pe stage = 1og,(OSR)

\ where L is a order of the noise shapingj%




Application example of cap sense
(touch panel)

| @“S—ﬂj%(% -
!

ref Cm
| |
I

+VQ
Decimation
—+_ Filter [ ouT

w 17
/ 1-bit

¢

Vref/o \DAC
3
3 C
V (z)y=z %V _.(z 8
out( ) ref( )C n

m

When f=0Hzand z=1 (DC), Cg = v w——(C

1/0

+(1—Z_1)'VQ(Z)
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3.4 Band-pass Delta-Sigma ADC
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Transfer function of band-pass DSM

Vin(2)

Vin (Z)

Low-pass DSM

=1 JrVQ(Z)
ole
v
+ ~ +
l-z
1bit DAC
Band-pass DSM
pole —] +VQ(Z)
v
+ 5 +
l+z
Ibit DAC

Vout(Z)
out(Z)_Z V (Z)+(1 Z )Vnmse( )
H_/
pole — 1
Vout(Z)
-2
V.z)=z"V (z)+(1+z" )Vnmse( Z)
H_J

Zpole — i] 39



Noise shaping of band-pass DSM

Low-pass Band-pass
Vid @D =2 V()12 W (2) V(D=2 V(@D A427),,.(2)
Im Im

A A

oo~ ZGI‘OT o fs/4

T~

%" Re fs/ " Re
\ RIZAN

dc, fs, 2fs

dc, s, 2fs
2nd order bandpass

1st order bandpass\.fi\4

H_Low(z

HBP(z(w)) oA,

H_BP2(z(w))

f: 3fs/4

Noise reduction

Ist order lowpass ——

2.537x10°°, g
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z> operation with N-Path technique

Ts = 2Ts ‘iT—S“ !
Z—l _ e—sTS |:> Z—2 _ e—S.ZTS |:> :A: A: C: C:E
2 path technique N B | B | DI B
: : ¢ | v ! ¢ | v
o / PR Output
)
@ e I
" z B 0)
1+z S
Vin(2) Vou(z)  §12)_
. z 1 o o 0, | .
o2 1+z o2
f
&?

Sampling rate = T

41



4th order band-pass DSM

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

tV(2)
R Py R p |
G G
Vin(z) ——(+) L= + ~ + Vout(2)
1+z 1+z
+ +
Ibit DAC

(G1=05 oy ()= () ()Y, ()
G, =2 z=%j
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Exercise

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

Example solution:

V(D) = 0 (@) Y (2D (2D} (2)
+z +
GG,z Gz ? . 2y = GG,z
(1_(1+Z_2)2 1+Z_2) Vout( )—(1+Z )2 m( ) Vnozse( )
(1+z7)Y -GGz -G,z *(1+z7) GG,z
(1122) Vo (2) = (1277 Vi (2) 4V 55 (2)
Vo(z)= Glez“‘- L(2)+A+27) V.. (2)

142z +2* -GG,z -Gz -G,z ™
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Oversampling rate 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.

R = Js vV .(z)= 2_4Vm (z)+(1+z‘2)2VQ(z)
2-(2B) . —
Signal  Quantization noise

. Bandwidth
2B
\ |

fo/4 52 3fs4 s f

Power
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Recelver architecture

Y ina AGC

— AAF ADC [

Band-pass ADC Digital down-conversion

Conv

DSP |«

Decimation

| Error correction

Channel filter
Demodulation

Quantization noise

Signal

Carrier
{ % Data

4

A

Dec1mat10n
Unnecessary

JA/

ORr

&

N

Digital processing 45



Digital down-conversion

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

Iﬁ cos2r- f.-nTy)

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

T ,\ \ (Symbol)
Carrier or intermediate H H H H H H
_ 2bit Digital down D tion Filt
frequency 1.=1/4 Clock frequency f conversgion V ecimation Filter

cos(2x- f,-nT)=cos(2x ]:f n7) = 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 , — 1bit—2bit — Converted signal
modulation signal
2bit multiplier
1bit—2bit extension /1*1 = ](?0 o (())(}J({))
5 _
0 1D 0L(1).__00(0).__00(0)._
1 01(1) 11 01 111
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Example of band-pass DSM

CMOS 0.25um, o
OSR = 256, e
4th-order noise shaping, _

ENOB = 14bit

NEEREOREREREE

- e e e =
- ' T ] T I
I {
: - - - _ - — £ AT (TN A TR LW . - g | A - A - - i £

(c) Kanazawa University



