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Mixed Signal Electronic Circuits
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OVERSAMPLING DIGITAL TO ANALOG CONVERTERS

1. Architectures Types — consideration
2. DWA , DEM - calibration architectures.
3. Examples
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Some over view of lect. 10 and Cascade current source..

TAU 0510.7720.01/2021 2 Lect 06



Cascade Il-what is the Rout ?
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Remember CMOS Tr. Is nothing but a current source (is sat). — most of the time..
So understanding its basic is key.. Rout=Vx/Ix ( small signal)
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Step 3 — Build small signal or predict the Rout..

Vout
= Idsl Y rds2 Y 8m2Tds17ds2 + 8mbs2Vds17ds2 = 8m2Vds1Vds2

Tout = i,y
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summary SD basics...from lect, 10

Oversampling - TELAVIV
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We will need digital filter..
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summary SD basics...from lect, 10
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Concept of over sampling DACs
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DAC noise is Thermal Noises from DAC reference and circuit elements — It limits the Dynamic range
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ADDED Lecture.. For 10) UNUERSITY

Over Sampling DACs
Error Feedback — Noise Shapers
DAC Consideration Example
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Noise Shaping: 1st Order

OPTIMUM TRANSCEIVER SEARCH

OPTIOIN A

[
Dugital input ] | analog output
——  15bit DAC -
EAQ[%”?EZB W L }\ possible sharp
T ] . filter needed
Sampling i

1 MHz

OPTION B

Digital input

maximum BW
=500 kHz

13-bit DAC

Sampling

25 MH=

analog output

-

“without a noise-shaper “

OPTION C

noise shaper

Digital mput
,—...

maximum BW
=500 kHz

4th order -

1-bit DAC\ﬂ»

Sampling
25 MHz

5th order output
—
analog filter

“one bit =
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OPTION D

Digital input
[ .

maximum BW
=500 kHz

Sampling
25 MHz

noise shaper

Ind order —

6-bit DAC S o

output
._-..

31d order
analog filter

“optimum’™
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From Fig. 23a, the output Y(z) is derived. The term T(z) at node (1) is
given by:

Ty =exnZ '+ Xz (5.14)

Where: e(z) are the truncated bits and X(z) is the input signal. T(z) can also
be written as:

T(Z) = Y(Z) . 2 €(2) (5.15)

By subtracting Eq. (5.14) from (5.15) and combining the e(z) terms, T(z) is
eliminated

Yoy =Xz — (A —z"Nep (516

The truncating error is shaped by the function 1-z-'. This function is referred
to as the Noise Transfer Function (NTF(z)). From Eq. (5.16), it is the
coefficient of —e(z). hence

NTFy =1—271 (5:17)
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Figure 23: Furst order Single bat NS: (a) principle (b) practical design
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An Example of 15t Order NS

TELAVIV
To demonstrate the effectiveness of this method, let us use an example with 3-bit input and 1 HIIS AT

bit truncation (n=2). The input is assumed to be the binary number 101 (integer 5, m=3). Using
Fig. 24, the output sequence, Y, 1s computed for each clock period as follows:

101,101.101.101 g (B) 2 msbs
clock I 2 '

X 3 : FB;: DAC
1 Isb "’
Ts — ™

every clock pulse. data in location (C) shift to location (A.)

Figure 24: “DC” 101 mput to a first order, 2-bit NS

X (mput) (A) (B) (C) (truncated) Y (output)
T1 101 000 101 001 100
T2 101 001 110 000 110
T3 101 000 101 001 100
T4 101 001 110 001 110

The final output is the average of all outputs, which are 100 and 110. For the sequence of
4,6,4.6, the average 1s the number “5.”
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Linearity of DACs Dynamic Weighted Averaging methods and DEMs
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DAC Calibration Techniques
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DEM Method
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DEM (Plassche 76, Galton 95) randomize the DAC bit by rotating
and filtering the elements/bit much faster then the input signal.
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Mismatches of Current Source
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(d}Point error Single point
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DEM - Continue
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U Power spectral density input is a sign wave

§4 © noDEM 54 with DEM
% £ |
8 2fo 5
; | 3fo 5
N f o],
&8 [+ 9 F

(a) frequency (b) requency
(a) No DEM (b) with DEM

1 Noise results from the DEM is less important as long
as it lies outside the BW of the data.

 The smoothing filter and the line after the DAC will
reduce these noise components
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DAC Model with Averaging

N Unit elements

X[n]

1 (location 1}
IBit DAC}———
I -BiDAC] °
Digital : 3 3 Y[n]
Encoder 1-Bit DAC (location 3;.)_

Scrambler

1-Bit DAC "(location N)

7.5. DEM Algorithms

Several DEM techniques have been proposed, e.g., the so-called Barrel-shift, data weighted
averaging (DW A) algorithms, and random averaging. For a brief explanation, imagine the unit
elements are arranged on a circle. The algorithms mentioned above use a pointer on the chain
of unit clements to identify the starting point for the sequence of elements that have to be
selected. The algorithms differ in the way the pointer addresses during the next conversion
interval.

The barrel-shift simply increases the pointer address by one until the end of the unit element
chain is reached and the pointer is reset to the first. In contrast, the DWA algorithm calculates
the new pointer address depending on the value of the current data to be converted by increasing
the address by exactly the number of selected units. The address is calculated by a modulo-N
operation that takes care of the case when the pointer address exceeds the maximum N.

Furthermore, assuming ideal unit elements, the  unit-clements for a given digital input signal
are chosen and the output will always be the same. This shows that the scrambler within the dig-
ital encoder does not have an effect on the input signal component but modulates the DAC noise
component of Y[n].
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DEM Example

. . 4 Unit elements with one unit mismatched U;ﬁbggsl%v
Error in second unit N
of 50% data code | Rotate 1.5 Ahewbon 3) current

filter ﬂutpu[

7 (fast) : (location 3';: N
(slow) = ' ' | : .
e T

DAC

for digital code 00, the output remains zero, for digital input code 01 , the output is:
Idac = (1+1.5+1+1)/4= 4.5/4,

for digital input code 10, two adjacent currents are selected and rotated along the array, and
the output is given as

Jdae = ((1+1.5) + (L5+1) +(1+1) + (1+1 ) Y4 =9/4,

Finally, for digital input code 11 , three current units are selected, and rotated, and the output
is given as
Idac = ((1+1.5+1) + (1.5+1+14) + (1+1+1) + (1+1+1.5) ) /4= 13.5/4

As illustrated, the values 4.5, 9, and 13.5 are linear multiples of the input code. Therefore, non-
linearities are cancelled via the rotations and the filtering action. The Barrel-shift algorithm
does not depend on the type of mismatch as long as there is enough time for the Barrel-shift
algorithm to go around the DAC elements completely. Also, because the DAC errors are
repeated every N samples, the noise power using the barrel-shift algorithm is concentrated
around a frequency given as

Jas (1.1)

I
=15

where f; is the sampling frequency. Consequently, the number of bits of a DAC using the Bar-
rel-shift algorithm must be as small as possible given the maximum sampling frequency.

TAU 0510.7720.01/2021 16 Lect 06
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1st Order DWA Algorithm

. . TeLAVIV
In this algorithm, the rotation jump is correlated with the input data. If the input is 5, then the UNIVERSITY

next jump is by 5, and five current sources are selected. In addition, if the input is 7, then the
next jump location will also be 7.

As an example, DWA is applied to a 2-bit DAC having N = 4. If we let the current elements

I+el, I+e2, [+e3, and [+e4 be the DAC current units at locations 1,2,3, and 4, where el-e4 are
the DAC current mismatch errors, and we define el+e2+e3+ed=es , then for the input 01, the
output remains the same as the barrel-shijt case, and is given as

idae = Htelt “’j redted _ |[%"i), cancellation cycle=4.

For input data: 10 Jdae = (211 el ¥ e2) ; (A teited) . 2[‘”;”) , cancellation

cycle=2, and for input data 11 (locations: 123, 412, 341, and 234 are grouped):

(3] + el +e2+e3)+{3f+e4+g]+32}+(3;+e3+e4+¢-1)+(3;r.ez+g}+e4] - 3(4;+ﬂ]
4 4

cancellation cycle=4 which results in the worst case cancellation cycle.

The advantage of the DWA algorithm is that averaging occurs more frequently. For every input
which is an integer multiple of the total number of current sources, the averaging cycle is
reduced. As example, for input code of 10, cancellation cycle is 4/2=2.

Mathematical ana]ys:a shows that the error signal from a DWA DAC is first order shaped,

which is filtered by 1 z iGaItun Carbone95]. Other algorithms, like a second order DWA
perform a second order high-pass shaping.
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Random Algorithm

TELAVIV
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The signal index for this algorithm is selected randomly. All of the harmonic distortion com-
ponents have been translated into white noise that partially falls into the baseband, therefore,
reducing SNR. Simulation results show that this case does not produce optimum cancellation,
It is impossible to produce a pure random signal. Eventually, it will repeat itself with a fre-
quency that falls within the signal bandwidth.

d) New Hopping” algorithm - final implementation

The hopping” algorithm reported at ISSCC99 [Moyal et al. 99] is a modified Barrel-shift algo-
rithm developed to avoid the long cycle time. A jump of four was chosen, because the frequency
by which the errors are repeated can be increased by using larger shift steps (e.g., four instead
of one, during the calculation of the next pointer address).

TAU 0510.7720.01/2021 18 Lect 06



Modifies Averaging

USE A CONSTANT JUMP OF 1 ( 64 units ) UNUERSITY

DAC with Averaging

N

Filter — YVout
(DAC output’

1-Bit DAC

N=64 [L-BitDAC| | BY E{TM
Binary to 64

Thermometer code

Digital code input X110 ﬁ

N=1 1-Bit DAC >
N=2 1-Bit DAC
N=3 1-Bit DAC
1-Bit DAC
\ \7
it DAC Tump
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DAC - Differential Architecture — An Example
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DAC Bias
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Vdd
g d% 114
from Vref /Rt Iref N R N R
Iref™ T DAC source array = 64
| I | | [ I I |
L J1 L L, 4 L 14 L 1 L 1
S N
Vret
S Viss

Op B and op A outputs drive the DAC array

Source: M Moyal
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LSB Implementation

1 64 units

d Sign Input is for Current
direction

1 CK is to Latch the Data

O An Example:
fln=0 -> Vout=0

TELAVIV
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Jequvilert

ote murtent cell

I+

R
T
S :%ﬁ::::¥mn

Source: M Moyal
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DAC Layout

TELAVIV
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Hand layout to allow “*shielding™ of analog from digital

[out lines are in the nuddle

Digital on the outside
 Area: Core < 0.6 mm* ( total < 1)
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Measured Results

WITHOUT DYNAMIC
AVERAGING

2rd Harmonic at - 87dB

3nd Harmonic at - 78dB

5th Harmonic at - 87dB

Transmitter Harmonic

REF .0 DBM
10 DB/DIV

RBYY 30 HZ
VBW 100 HZ

ST 211 SEC

Transmitter Harmonic Cancellation

WITH DYNAMIC

TELAVIV
UNIVERSITY

REF .0 DBM

AVERAGING

2rd Harmonic at - 87dB

3nd Harmonic at - 93dB

5th Harmonic at - 100dB

110 DB/DIY

RBW 30 HZ

|VBW 100 HZ

ST 211 SEC
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DAC CALIBRAION TECHNIQUES
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Method |

CALIBRAATION TEL Hl}“lJ
) UNIUERSITY
LioGIC
c O N ¢ E P T 1
13- bit self calib dac N
I [ -
A
— 1

No 15

O Calibration can be done during normal operation

O Keep the rate slow out of band but not to slow to have the capacitor discharge
O Switches error can be a problem

TAU 0510.7720.01/2021
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Method Ii
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O Attractive way
U Routing and layout is important
O Discrete steps
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Method lli

MODIFIES AVERAGING
USE A CONSTANT JUMP OF 4 ( 64 units )

DAC With Averaging

1-Bit DAC

N=2

N=3
|

E

| V — @—- Filter — Yout

/ (DAC oufput)

Tump
1

N=64 BitbAcl—| By Four

I | d) New Hopping™ algorithm - final implementation
BA]@W tO 6 4 The hopping” algorithm reported at ZSSCC99 [Moyal et al. 99] is a modified Barrel-shift algo-
2 rithm ﬁcvc]oped to avoid the long cycle time. A jump of four was chosen, because the frequency
Th ermom CtCl‘ QQQQ\ by which the errors are repeated can be increased by using larger shift steps (e.g., four instead
of one, during the calculation of the next pointer address).

Digital ¢ode mput Xin [ |
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End of Lecture 06
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