
High Speed ADCs and DACs

TI Technology Days 2010



Agenda

• High Speed Basics

• Aliasing

• HS ADCs

– Coherent Sampling

– Signal and Clock generation

– Clocking HS ADCs

• HS DACs

– Inverse SINC Filter

– Interpolation

– NCO / IQ Mixer



High Speed Basics



Typical HS ADC datasheet plot

What is:

-SNR?

-SINAD?

-SFDR?

-THD?

-ENOB?

-dBc?

-dBFS?

-Nyquist

-Aliasing

-Undersampling

ADS5423 80MSPS 14bit ADC



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



• How to get from a linear number to the logarithmic value:

– It is 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

• 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!

dB / dBm / dBFS / dBc

dB
P

P
a

2

1
10log10

dBmdBm
mW

W
dBm

mW

P
P 30

1

1
log10

1
log10 10

1
10

Frequency (Hz)

dBc

1 Hz

Reference: Rohde & Schwarz Application Note 1MA98:

dB or not dB? Everything you ever wanted to know about decibels but were 

afraid to ask…



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

– 3rd Nyquist zone: 1 Fs – 3/2 Fs

– 4th Nyquist zone: 3/2 Fs – 2 Fs

– And so on…
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Aliasing



What is Aliasing?

• Aliasing - two different sinusoids signals result in the same digital 
samples:

– If Fs is the Sampling Frequency (clock rate)

– a high frequency Fred = 10/9 * Fs

– and a low frequency at  Fblue = 1/9 * Fs = Fred – Fs

– Both look like 1/9 * Fs to the ADC

– Thus one might say, 
• “the frequency at Fred is aliased down, or under-sampled, to be at frequency Fblue

at the ADC digital outputs in the spectral domain”

• Or better yet, “the ADC can‟t tell the difference”

example: Wikipedia.org



Practical Aliasing Example - Undersampling
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ADC Example

Given:

• Fs=190MSPS

• Fin=220MHz + 2nd + 3rd harmonic

Question:

• How does the Baseband plot including 2nd and 3rd harmonics look like?



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



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 2nd

harmonic located at a lower 

frequency than the fundamental?

• ENOB = (74.2 –

1.76)/6.02=12.03bits

– But it is a 14bit ADC…???

ADS5423 80MSPS 14bit ADC



High Speed ADCs



Test Setup #1
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Signal Source



Test #1 – FFT Plot

• Fclk=125Msps

• Fin=65MHz

• Non coherent sampling

• No reference connection



What is Leakage?

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

• How can I 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)



Coherent Sampling
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To avoid leakage in ADC testing, use coherent sampling or Windowing!

M = number of signal cycles, periods (integer & odd, 
better a prime number)

N = FFT size (integer)

Example:

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

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

MHzMHzf
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M
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What‟s the coherent frequency in our example?

• Signal: 65MHz

• Sample: 125Msps

• 16k FFT



Test Setup #2 – Coherent Sampling
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Test #2 – FFT Plot

• Fclk=125Msps

• Fin=65.0100708MHz (16k FFT)

• Coherent sampling

• No reference connection



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!!!



Test Setup #3 – Sync Generators
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Test #3 - FFT plot

• Fclk=125Msps

• Fin=65.0100708MHz (16k FFT)

• Coherent sampling

• With Reference connection



Test Setup #4 – BP for Signal

BP filter
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Test #4 – FFT Plot

• Fclk=125Msps

• Fin=65.0100708MHz (16k FFT) – with BP

• Coherent sampling

• With reference connection



Test Setup #5 – BP for Signal and Clock

BP filter
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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)

– ADS5483



Calculation for Clock Jitter requirements
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• Solve for the RMS jitter required of the system in order to get at least 70dB SNR at 100MHz Fin

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



Test Setup #6 – Clock Jitter low enough

BP filter

1
0
 M

H
z
 l
o
c
k
e
d

OR

ADC Eval Board

Low Jitter

Signal Generators

Clock Source

BP filter

Signal Source

Coherent 

sampling

2

ADCj,

2

j,totalCLOCK(MAX)j, ttt



Test #6 – FFT Plot - Input is overdriven

Avoid Input Clipping!



Test #6 – Time Domain - Input is overdriven



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)!
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High Speed DACs



DAC5688 – Dual 16bit/800Msps

Internal Clock Generation and

2x-16x PLL Clock Multiplier 
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DAC Output Spectrum

• Fs=200Msps

• Fin=0-80MHz

• SINC shape 
attenuates the signal 
at fs/2 by 4dB

• DAC images are 

located at
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Where does this SINC shape come from?

• Ideally, 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.



Introducing the Inverse SINC Filter / ISINC
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DAC Output Spectrum with ISINC filter

CLRWR

 A 

1 AP

* RBW  50 kHz

VBW  200 kHz

SWT  240 msRef  6 dBm Att  35 dB

Start 0 Hz Stop 600 MHz60 MHz/

-90

-80

-70

-60

-50

-40

-30

-20

-10

0

1

Marker 1 [T1 ]

           28.22 dBm

     0.000000000 Hz 

2

Delta 2 [T1 ]

          -44.78 dB 

    80.000000000 MHz

3

Marker 3 [T1 ]

          -63.90 dBm

   200.000000000 MHz

4

Delta 4 [T1 ]

          -88.76 dB 

   400.000000000 MHz

Date: 26.MAY.2008  10:48:15

• The inverse SINC 
filter (ISINC) can 
compensate for this 
behavior up to 40% of 
the sampling rate



Interpolation

• Interpolation = 1

• Fclk=122.88MHz

• Fdata=122.88MHz

• Interpolation = 2

• Fclk=245.76MHz

• Fdata=122.88MHz

• Interpolation = 4

• Fclk=491.52MHz

• Fdata=122.88MHz



DAC5688 interpolation x2
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DAC5688 interpolation x4
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DAC5688 interpolation x8
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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



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



Coarse Mixer

• DAC5682Z has a coarse mixer, e.g. 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.g. 

105MHz)?



Quadrature Modulator Correction

IQ amplitude and phase correction

• Ideal IQ signal chain

– Perfect matching of IQ path results in complete 
sideband rejection

• Realistic IQ signal chain 

– Non ideal matching results in imperfect sideband 
suppression (typically -40dBc)

• DAC registers allow some adjustment on I and Q to 
get better sideband suppression (typically -70dBc) LOUnwanted

Sideband

Wanted

Sideband

LOUnwanted

Sideband

Wanted

Sideband

Uncorrected Sideband, LO

QMC corrected Sideband



Digital DC Offset Correction

DC offset correction

• Ideal Signal Chain

– DC offset between I and Q is 0, resulting in 0 
DC content at LO carrier frequency (No LO 
feed through from DC)

• Realistic Signal Chain

– There is a small mismatch in the DC paths 
resulting in some LO feed through (typically -40 
dBm)

• DAC digital offset registers correct for DC 
mismatch resulting in reduced LO feed through 
(typically -70dBm or lower)

LOUnwanted

Sideband

Wanted

Sideband

LOUnwanted

Sideband

Wanted

Sideband

DC Corrected

LO Leakage minimized

Uncorrected Sideband, LO



DAC Example

Given:

• Input signal BW=50MHz

• Fout=2.1GHz

Questions:

• Fs = ?

• Interpolation = ? 

• NCO = ? 

• LO = ?

TRF3703

IQ Modulator

DAC 5688

Interpolator

NCO

LO

RF OUT

Data IN

external


