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High Speed Basics




Typical HS ADC datasheet plot

ADS5423 80MSPS 14bit ADC

SPECTRAL PERFORMANCE
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What is:
-SNR?
-SINAD?
-SFDR?
-THD?
-ENOB?
-dBc?
-dBFS?
-Nyquist
-Aliasing
-Undersampling
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Dataconverter Parameters

SNR - Signal-to-Noise Ratio

Ratio between the power measured in a single tone and the rms sum of the noise
(minus harmonics)

SNR=6.02N+1.76dB (N: number of bits)

THD — Total Harmonic Distortion

Ratio between the power measured in a single tone and the sum of the power in
harmonics

SFDR — Spurious Free Dynamic Range
Ratio between the power measured in a single tone and the highest spur

SINAD - Signal-to-Noise Ratio and Distortion

is the ratio between the power measured in a single tone and the rms sum of the noise
and the distortion (SINAD = THD + SNR)

ENOB — Effective Number of Bits

is an overall measure of how perfect the ADC is. SINAD tells us how perfect the ADC is,
so ENOB is calculated from SINAD

ENOB = (SINAD — 1.76dB)/6.02
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dB/dBm /dBFS/dBc

 How to get from a linear number to the logarithmic value:
a:10-logm(%jd8

2

— Itis only a ratio between POWER, not VOLTAGES!!!

— Used to express differences in power: an amplifier has a gain of 12dB.
This doesn't tell you anything about its maximum output power

« dBm gives you an absolute power level, referenced to 1mW

P w
P=10-lo 1 1dBm=10-log,,| —— [dBm =30dBm
glo(lmW J glo(lmw J

« dBFS (Full Scale) is the drive level of a data converter with respect
to its full scale.

« dBc (carrier) is the level compared to another power level. Often
used in data converter and clocking datasheets

« Know the difference between dBm, dBc and dBFS!

dBc

Reference: Rohde & Schwarz Application Note 1IMA98:
dB or not dB? Everything you ever wanted to know about decibels but were N .

afraid tO aSk. - Frequency (Hz)
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Nyquist - Zones

* When talking about High Speed Dataconverter, often the term ‘NYQUIST ZONE' is used

« One Nyquist zone has a bandwidth of half the data converters sampling frequency
— 1St Nyquist zone: DC — 1/2 Fs
— 2nd Nyquist zone: 1/2 Fs— 1 Fs
— 3" Nyquist zone: 1 Fs — 3/2 Fs
— 4% Nyquist zone: 3/2Fs— 2 Fs
— And soon...

| | | | | |
<€—1° Nyquist—P€—2"" Nyquist—»€—3" Nyquist—p€—4" Nyquist—»€—-5" Nyquist—»€—6" Nyquist—»
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Frequency

1/2 fs 1fs 3/2 fs 2 fs 5/2 fs 3fs
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What is Aliasing?

 Aliasing - two different sinusoids signals result in the same digital
samples:
— If F, is the Sampling Frequency (clock rate)
— a high frequency F,.4, = 10/9 * F,
— and a low frequency at F,.=1/9*F,=F, - F;
— Both look like 1/9 * F, to the ADC

— Thus one might say,

+ “the frequency at F,, is aliased down, or under-sampled, to be at frequency F
at the ADC digital outputs in the spectral domain”

* Or better yet, “the ADC can't tell the difference”

example: Wikipedia.org
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Practical Aliasing Example - Undersampling

A

I I I I
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ADC Example

Given:
e Fs=190MSPS

e Fin=220MHz + 2" + 3 harmonic

Question:

« How does the Baseband plot including 2" and 3 harmonics look like?
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Can all ADCs Undersample?

Pipeline ADCs are usually designed to have Input
Bandwidth that exceeds the intended operating range or
‘Performance Bandwidth’

Analog Input Bandwidth is the analog input frequency at
which the power of the fundamental is reduced by 3dB with
respect to the low-frequency value

ADS5400 (12bit, 1Gsps), with a 2.1GHz Analog Input
Bandwidth, can sample input frequencies up to 2GHz
(carrier, not BW) at 1000MSPS

There are ADCs that cannot under-sample, which are
sometimes called Nyquist Converters, and are usually high
precision and a little slower

i3 TExAs
INSTRUMENTS

www.ti.com

ADS5400 | 12-Bit, 1-GSPS An

Check for

FEATURES

* 1-GSPS Sample Rate
» 12-Bit Resolution

2.1 GHz Input Bandwidth
SFDR=%6¢ T
* SNR =57.6 dBFS at 1.2 GHz
* Ultra-Low Latency, 7-8.5ns

* Analog Inputs Robust to >10-Vpp Differential
AC Signal

* Interleave Friendly: Internal Adjustments for
Gain, Phase, and Offset

1.5 - 2 Vpp Differential Input Voltage,
Programmable
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HS ADC FFT Plot

Why do we have only a FFT plot to
40MHz?

Harmonics are multiples of the
fundamental. Why is e.g. the 2™
harmonic located at a lower
frequency than the fundamental?

ENOB = (74.2 —
1.76)/6.02=12.03bits

— Butitis a 14bit ADC...?7?7

ADS5423 80MSPS 14bit ADC

SPECTRAL PERFORMANCE

f3 = 80 MSPS
_og | fin =30 MHz
SMR = 74.3 dBcC
SINAD = 74.2 dBc
-40 |- SFDR = 83 dBc
THD = 89 dBc

Amplitude - dBFS

-100 |+ 1 ? y

0 5 10 15 20 25 30 35 40

-120

f — Frequency - MHz
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High Speed ADCs




Test Setup #1

Clock Source

Low Jitter
Signal Generators

Signal Source

=~

o ..
. L T

4
Fia

- 2
Q Qo
.
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Test #1 — FFT Plot

Fclk=125Msps
Fin=65MHz
Non coherent sampling

No reference connection

Unit

6,33 dBFs
6,33 dBFs
6.52 dBc
6.52 dBe
71.07 dEFs
0.76 bits

3ITZ3 Codes
61770 Codes
3268424 Codes
3268424 Codes

65,00 MHz
-2.56 dBFs

86,15 dBe
69,53 dBe
§6.55 dBe
76,05 dBe
6.52 dBc

"16384 | points
125.000  MSPS
7.630 kHz
62,500 MHz
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DOFT
0.5
0.4
03
0.z
0.1
DLWWWW
0 10 20 30 40

What is Leakage?

sinewave - 1.2 period + 1 repetition

1
4llew o] o
n o) o
I : N 4
0att ......... mi .......... u
D ' ol g

DFT

05

bl ]
0.4
0.3
0.z
01 1

. TMT
0 10 20 30 40

Non-integer number of periods within a FFT
window causes discontinuity

How can | avoid leakage?
— Use coherent frequencies
— Use Windowing

Coherent Frequencies make sure, no
discontinuities occurs. Or said in another way, the
input signal frequency falls exactly on a FFT bin

— Ideal when using CW signals

Windowing eliminates the discontinuity

— Ideal when using bandpass signals (coherent
frequency is not possible)
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Coherent Sampling

To avoid leakage in ADC testing, use coherent sampling or Windowing!
M = number of signal cycles, periods (integer & odd,
— better a prime number)

f

fsample N N = FFT size (integer)

signal

Example:
Fsignal = 170MHz, Fsample = 110MHz, FFT size = 8192

fsignal N = 170MHz

M = =
f 110MHz

-8192=12660.36

sample

With M=12661 (integer and odd), we get for Fsignal:

f M f —%L-llOMHZ =170.008544922MHz

signal — N sample —

What'’s the coherent frequency in our example?
» Signal: 65MHz

« Sample: 125Msps

« 16k FFT
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Test Setup #2 — Coherent Sampling

Coherent
sampling

Clock Source

Signal Source

Low Jitter

",iﬂ-‘n fm :.
) g
Signal Generators .

d @
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Test #2 — FFT Plot

J l_ ¥Yalue Unit
Y

64.01 dBFs
64,00 dBFs
68,29 dBc
65,29 dBe
Q92,71 dEFs
10,34 bits

3535 Codes
617583 Codes
3268383 Codes
3268383 Codes

65.01 MHz
-1.03 dBFs

9773 dBe
102,79 dBe
110,55 dBe
93.47 dBe
68,29 dBc

"16384 | points
125.000  MSPS
7.630 kHz
62,500 MHz

Fclk=125Msps
Fin=65.0100708MHz (16k FFT)
Coherent sampling

No reference connection
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Matching of Generators

Do we really get out of the generators
— 125.000000000MHz (HP8644B)
— 65.0100708008MHz (SMA100A)

* Do both have the same time base (reference)?

- Both have to have the same reference!!!
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10 MHz locked

Test Setup #3 — Sync Generators

Coherent
sampling

Clock Source

Low Jitter
Signal Generators

Signal Source
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Test #3 - FFT plot

J l_ ¥Yalue Unit
Y

74,87 dBFs
FZ.68 dBFs
75.08 dBc
75.08 dBe
§2.25 dEFs
12,12 bits

4071 Codes
61298 Codes
3268361 Codes
3268361 Codes

98.90

105,76  dBc
CEE R 'i"l]]||l|'f CRE R e oL . Ly S U A TR ER LR R LI Lt BT 1'||""'--"f i 105,14 dBe
92,32 dBc
80.05 dBc

65.01 IMHz

-1.15 dBFS

|
® o

"16384 | points
125.000  MSPS
7.630 kHz
62,500 MHz

* Fclk=125Msps
* Fin=65.0100708MHz (16k FFT)
* Coherent sampling

 With Reference connection
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10 MHz locked

Test Setup #4 — BP for Signal

Coherent

sampling

Low Jitter
Signal Generators

" —! BP filter

Signal Source

Clock Source

H

3' ADC E___yal__ I§o

@
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Test #4 — FFT Plot

__Jr" Yalue
Y

78,13
77.99
93.61
2361
93.07
12.66

3572
61795
3268375
326E3.75

65,01
-1.03

93,43
105,29
103,02
2361
3,61

" 16354
125,000
7.630
62,500

Fclk=125Msps
Fin=65.0100708MHz (16k FFT) — with BP
Coherent sampling

With reference connection

Unit

dBFS
dBFsS
dBe
dBc
dBFs
bits

Codes
Codes
Codes
Codes

MHz
dBF3

dBc
dBc
dBc
dBc
dBic

points
MSPS
kHz
MHz
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Test Setup #5 — BP for Signal and Clock

Coherent

sampling \

e BP filter
Clock Source

a_ff 15| BP filter

10 MHz locked

Signal Source

Low Jitter
Signal Generators

ard 'wa

oy Br (3o

E.
I
>

.’E‘.‘.& -
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Test #5 — Clock Jitter

« Ensure the jitter performance of the clock source
— What’s a very good source?

 What is the required Jitter performance in this example?
— Fclock=125Msps
— Fin=65MHz
— SNR=77dB (customers requirements)
— ADSb5483
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Calculation for Clock Jitter requirements

» Solve for the RMS jitter required of the system in order to get at least 70dB SNR at 100MHz F,

~

SNR =-20-log€r - f, -t

j.total _.
-SNR
10 20
jtotal — 272_—1: == tj,total =503fs

in

...now solve for required Clock Jitter with 150fs of internal ADC aperture jitter

2 42 2
t totat = Gianc + Yok

_ 32 2 _
ok = \/ t5 total = tjanc = ticlock = 480fs
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Test Setup #6 — Clock Jitter low enough

Coherent

sampling \

, — BP filter
Clock Source

| g 21— BP filter

10 MHz locked

Low Jitter Signal Source

Signal Generators

B
-
@

T B
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Test #6 — FFT Plot - Input is overdriven

Unit

dBF3
dBF3
dBc
dBe
dBFS
hits

a Codes
BE534 Codes
32766.75 Codes
3276675 Codes

65.01 MHz
0.58 dBFs

42,19 dBc
£9.50 dBc
49,21 dBe
33.27 dBe
29,50 dBe

"16354 points
125,000  M3PS
7.630 kHz
62,500  MHz

Avoid Input Clipping!
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Test #6 — Time Domain - Input is overdriven

¥alue Unit

a Codes
£5534 Codes
2479471 Codes
3276675 Codes
32953.50 Codes

(41050, 15] Codes
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Testing HS ADCs - Summary

In order to measure the ADC performance, the clocking and signal source must have low jitter.

Bandpass filters are used in both paths to reject the harmonics and also to reduce the noise.

The clocking and signal source must have the same reference in order to be able to use coherent frequencies.

Avoid signal clipping (-1dBFS)!

Coherent
sampling

_ [s2 2
tj,CLOCK(MAX) = tj,total - tj,ADc

BP filter
Clock Source

BP filter

Signal Source

10 MHz locked

Low Jitter
Signal Generators

. ADC EvaIB

L kg
oard

cag,
i
oy

2 :

-
. gy
¢

o=
- @

T BF (3.ow
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High Speed DACs




CLK

CLK2
CLKR2C

CLKO_CL
LOCK_CLK1C

Inferpol

DB[15:0]

SYNC
TXENABLE

RESETB

DAC5688 — Dual 16bit/800Msps

Inverse SINC Filter

INSTRUMENTS

PI:LI‘IVDD LPF PLLGND PLLVDD DVDD
\ | |
1.2V — EXTIO
ff t Reference — EXTLO
| CLKOUT Internal Clock Generation and 2-&x Fdato S e
| 2x-16x PLL Clock Multiplier _1gias]
LOCK | A A
gain
Offset
FIR1 FIR2 FIR3 |
L " A\ 4
atfion K \ s X @ b DA IOUTAL
' H H — a ~ | ' :
- X2 I. ; sz ) bx2 3 S2| sin(x) : IOUTA2
eV B s L T [, W = -8 [ R P .
L 3 f =C
L £ < 2x - 8x Interpolation 2 ®5
20 e % § v
E (@] — B
©
— —— o g3 X IOUTB1
[ » . T \ & T 1 S . )—> 16-b DAC
: " : X2 0 : X2 1 ' sin
: < Pl P ' © ; nt9 A IOUTB2
B B
v/ )= IBAC
| / Ugjdated: 19-Oct-06 |
SDIO SDO SDENB SCLK IOVDD / GND
Virxer & NCO QMC
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DAC Output Spectrum

@ «* RBW 50 kHz Delta 2 [T1 ]
VBW 200 kHz —47.19 dB
Re £ 6 dBm Att 35 dB SWT 240 ms 80.000000000 MHz

arkqr 1 1
L 2d 21 aoa Fs=200Msps
0.0Cc 0gOoO00 H=zZ

/—\\ —t——+——  Fin=0-80MHz
ey — v SINC shape
I[{L / ' | attenuates the signal

|| at fs/2 by 4dB

==

[ i DAC images are
1 r located at
)

n- fDAC tm- fSIG

ttttt O Hz 60 MHz/ Stop 600 MHz
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- -

Where does this SINC shape come from?

|deally, DACs generate a constant value for a complete clock cycle.

Convolving this impulse response with the original sample sequence will create the
ideal DAC output

In other words, the DAC looks like a filter with this “impulse response”

Put an impulse into a DAC {0,0,0,...,1,0,0,0,...}, and you’ll get this output — a
rectangular signal with the width of 1 clock cycle.

S
2

L
\ 4
1
v

13 TEXAS
INSTRUMENTS




Introducing the Inverse SINC Filter / ISINC

1—e — Joteock
J(()

H(jo)=

frequency response of the
Zero-Order-Hold (ZOH)

Sln( clock )

clock

H@)|=t

a)tclock

2
after a bunch of trig

lookups, its looks like
sinx/x

FIR 4 Inverse Comected Spectrum

dB
h b L N S e =4 N W s o
T T T T I T T T -
|
A
|

fifDAC

L i 1 1 1 i 1 1 1
0 005 01 015 02 025 03 035 04 045 05

Sln(ﬂ:mgnal )
[

clock

signal) =

\H (2

f 7t

clock signal

f

clock

substituting 2*pi*fclock and
normalizing to fin/fclock
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DAC Output Spectrum with ISINC filter

* RBW 50

kHz

VBW 200 kH=z

I 1 .. < Theinverse SINC
Jooeoseqeee e B Ailter (ISINC) can
T e compensate for this
- N PR B behavior up to 40% of
iiiti ﬁ the sampling rate
/
] 1=
[ Il

60 MH=z/

Stop 600 MH=z
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Interpolation

* Interpolation =1
* Fclk=122.88MHz
« Fdata=122.88MHz
* Interpolation = 2
e Fclk=245.76MHz
« Fdata=122.88MHz
 Interpolation =4
* Fclk=491.52MHz
« Fdata=122.88MHz
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DAC5688 interpolation x2

20MHz

200MSPS; Data Rate = 100MSPS; Signal =

Sampling Rate

T

3

Marker

200 kHz

* RBW

dBm

.17

500 kHz
50 ms

VBW

.000000000 MH=Z

220

SWT

35 dB

Att

10 dBm

Re £

dBm

dBm

.24

I

T

1

.0o0000dooo muz |IEN

>

20

T

oo000do0oQo M

Q

L)

I

L

Markqr

Markgqr

1

——PBO
r—pO
—90

800 MH=z

Stop

80 MHz/

Hz

0]

Start
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DAC5688 interpolation x4

Sampling Rate = 400MSPS; Data Rate = 100MSPS; Signal = 20MHz

@ * RBW 200 kHz Marker 2 [T1 ]
VBW 500 kHz -23.71 dBm

Re £ 10 dBm At t 35 dB SWT 50 ms 381 .282051282 MH=z
10 Markgr il [T1 1
1
v 4.82 dBm
Lo 210.00000JgO0O00 MH=z
Delta 3 [T1 ]
—24.87 am
—— RO
v 3
L5
——BO
r— RO
—-pO
——80
—90
Start O H=z 80 MH=z/ Stop 800 MH=z
-
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DAC5688 interpolation x8

20MHz

800MSPS; Data Rate = 100MSPS; Signal =

Sampling Rate

[T1

Marker 2

200 kHz=z

* RBW

dBm

1

.8

500 kH=z
50 ms

VBW

781 .282051282 MH=z

SWT

35 dB

Att

10 dBm

Re £

dBm

.84

v

T1

[

do.00000dooo0 muz [|IEN

Markqgr 1

——Fk O

——BO

r—pBoO

——fo

|

:

il |

{15

Il

Y

\,‘W ._._HLm,l |

|

I

800 MH=z

Stop

80 MHz/

Hz

o

Start
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Interpolation

Why not clock at 800Msps without interpolation?

* In that case the data rate needs to be also at the same speed

— CMOS outputs generate lots of noise and causes EMI at such high rates, due to fast edges and
high voltage swings.

— Many digital devices can’t operate that fast

Benefits of Interpolation

« The DAC can run at higher frequencies in order to get more distance between signal of
interest and the image - easier filtering

 Interface between DAC and digital device slower - less noise / EMI
» Due to oversampling SNR is improved because of processing gain

« With higher sampling rate, you can output the signal at a higher IF
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Mixer / NCO

The complex IQ mixer has 32 bit frequency register which can provide sub Hz
accuracy for the IF signal

Complex signal path allows inputs at baseband or IF. Further IF selection can be
achieved with the NCO mixer.

Flexible frequency planning

i2
i
¥

i ‘ 16
k7 32 | Accumulator| 32 18 - 18 ———® sin
Fraguanay P Hﬂ' L "';-Eﬁ‘- Look Up
Register | 7 e __-__.-' ¥ W ™ Table 16

CLK RESET) —— oS
iﬂi

_l'

MCO SYNC Phase

wia f
o sal{l:0) Register
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Coarse Mixer

« DAC5682Z has a coarse mixer, e.qg. fs/4
 Digital Input is 20MHz

* Fs/4 is activated, what is the output frequency
when the DAC is clocked with 491.52MHz
(~500MHz)?

« Can we get also with the coarse mixer
activated a frequency below 125MHz (e.q.
105MHz)?

{ij TEXAS
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Quadrature Modulator Correction

IQ amplitude and phase correction

 ldeal IQ signal chain
— Perfect matching of 1Q path results in complete

sideband rejection A
« Realistic IQ signal chain Uncorrected Sideband, LO
— Non ideal matching results in imperfect sideband
suppression (typically -40dBc) T T
« DAC registers allow some adjustment on | and Q to
get better sideband suppression (typically -70dBc) Unwanted Lo Wanted
A

QMC corrected Sideband

]

Unwanted LO Wanted
Sideband Sideband
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Digital DC Offset Correction

DC offset correction

 |deal Signal Chain
— DC offset between | and Q is 0, resulting in O

DC content at LO carrier frequency (No LO Uncorrected Sideband, LO 4
feed through from DC)
+ Realistic Signal Chain
— There is a small mismatch in the DC paths T
resulting in some LO feed through (typically -40 — —
dB m) Sideband Lo Sideband
« DAC digital offset registers correct for DC DC Corrected A
mismatch resulting in reduced LO feed through LO Leakage minimized
(typically -70dBm or lower)
T A
Unwanted LO Wanted
Sideband Sideband
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DAC Example

Given:
 Input signal BW=50MHz
 Fout=2.1GHz

Data IN
Questions:
external
_ Interpolator » TRF3703 — > RFOUT
* Interpolation = ? NCO IQ Modulator
« NCO="7? |
« LO=7?

LO
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