






WHEN IS WIDE BANDWIDTH NEEDED? 
Most of us are used to systems where the input frequency is 
restric1ed to less than one-half the sampling rare, i.e . , the Nyquist 
frequency. If that's the basic requirement for capturing completely 
all the information contained in the waveform, and the AD770's 
sampling-race spec is 200 MSPS, wi1h a Nyquist frequency of 100 
MHz, why is us.able bandwidth of 250 MHz (well beyond the 
Nyquist frequency) desirable? Wide analog bandwidth of the 
AD770 gi\•es three benefits: better sub-Nyquist performance, 
bcccer step response, and usefulness in intentionally aliased 
applications. 

S11b-Nyquis1 Perfonnance: The AD770's bandwidth is defined as 
the input frequency (sinusoidal waveform) at which the funda­
mental component in the reconstructed output has fallen by 3 dB 
(50% power) relative to its low-frequency value. At chis fre­
quency, the ampli1ude of a sine wa\'e is reduced by about 30%. 
Using a single-pole model for chis phenomenon, the maximum 
signal frequency for amplitude accuracy at the 8-bit level would be 
at least one-tenth of che - 3-dB frequency. That's why ic is desir­
able to have the - 3-dB point well beyond the Nyquist frequency, 
even if the input frequency never gees that high (e.g., when an 
amialiasing filler with steep rolloff is used). 

Step Response: High-speed converters are often used in conjunc­

tion with sample-hold (SHA) and multiplexer circuits, particu­

larly in instrument applications. This means that the ADC is 

presented with a sequence of voltage steps as the SHA conrinually 

acquires a new sample of che input and holds it for conversion, or 

as 1he MUX steps to a new channel. To keep the sample rate high, 

the ADC must quickly eaten up to each new input value. Thus the 

ADC must have a fast step response, which is equivalent co 

demanding a wide input bandwidth. 

Inten1io11a/ Aliasing: There are many instances where the familiar 

injunction against exceeding the Nyquisc frequency can be ig­

nored . Two common examples are: the sampling of fast, repetitive 
signals for oscilloscopic display on slower time bases and the 
digital detection of modulated high-frequency carriers. 

Sampling Oscilloscopes: The concept of a sampling voltmeter (and 
now oscilloscope) has been used for many years to capture signals 
with much higher frequencies chan the scope can directly display. 
In a typical sampling scheme (figure 7), the repetitive waveform 
of fundamental period, T, (frequency l/D is sampled every 
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Figure 6. FFT of output for a 95-MHz signal at 200 MSPS. 
-30-dB line at 10 MHz is alias of 2nd harmonic's mirror 
image. 
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T + :1T seconds. The sampled values, overlaid and displayed in 
sequence, and spaced by :lT, accurately depict rhe original signal. 
(This scheme is sequential, but random sampling order, followed 
by re-ordering, can also be used.) 

The sampling rare is only a fraction of rhe highest frequency of che 
signal (which is well beyond the Nyquist frequency), but the 
convener must be able 10 pass the signal without attenuating its 
high-frequency components. Otherwise, the signal 's magnitude 
and shape will be distorted. This approach is called 1mdmampling, 
i.e., sampling ar a rate below the Nyquist rate. 

When the sampling rate, l/1,, is less than that dictated by the 
Nyquisc theorem, the sampled signal's spectrum contains aliases, 
where spectral components greater than one-half che sampling rate 
create difference-frequency components that arc "folded" into 
lower-frequency areas. The aliases occur at (signal frequencies 
above /)2] minus (the sampling rare-and each of its multiples]. 
Information is los1 in the corrupted result. Thus the usual 
Nyquist rule is simply a warning that frequencies above half the 
sampling race may be confused (aliased) wi1h signals of lower 
frequency. 

At firs1 glance, sampling rheory thus seems to assume that the 
entire signal spectrum, from 0 Hz to the Nyquist frequency, is 
needed to recons1ruc1 the information of interest. However, this is 
not 1he case in many applications . A communications signal con­
tains information in a strictly limiced bandwidth (sidebands) 
around a high-frequency carrier. The carrier frequency is assigned 
based on spectrum allocations, propagation conditions, and 
factors that are unrelated to the information in the sidebands. 

A nai\•c reading of Nyquist's theorem migh1 imply that ::to kHz 
information sidebands around a 200-i\lHz carrier can only be 
recovered by sampling at >400 .020 MHz. However, synchronous 
unders.ampling makes it possible to recover these sidebands as 
baseband signals. This undersampling produces aliases and makes 
it possible, with appropriate ra1io of sampling rate co carrier, to 
select any spectral region, such as rhe band-limited sidebands of 
the carrier. For example, if a 200-MHz carrier is sampled at 200 
MHz (one-half the Nyquist race), the first alias will be at 0 (i.e., 
de); any sidebands associated with rhe carrier are returned to 
baseband. 

Consider a carrier at frequency, / 0 , with sidebands (Figure 7a), 
where the sidebands are narrower than the Nyquist frequency, 
but / 0 is well beyond it . The goal of aid conversion is to recover 
the information in the digitized sidebands. Synchronously under­
sampling in phase with the original carrier mixes 1hc carrier and 
its sidebands down to baseband (hetcrodyning), Figure 7b, and 
digitizes the sidebands. In conirast to the simplis1ic view that 
undersampling crcaces useless aliases, the sideband signal is 
aliased down to baseband, and 1his alias is meaningful. 
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Figure 7. Sampling a high-frequency periodic waveform. 
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There are two requirements to make this scheme-mixing a high 

frequency directly down to baseband-work properly. First, the 

bandwidth of the ADC must be wide enough so that the carrier 

(and its sidebands) still hal'e sufficienc amplitude when the~· are 

sampled and convened. The AD770 meets this condition, with a 

-3-dB bandwidth at 250 MHz, and useful bandwidth up to 

approximately 400 MHz (although with fewer effective bits). 

Second, the sampling must be synchronized to the carrier. This 

may seem an unreasonable constraint, but in many applications it 

is achie1•able. Jn some systems, for example, the source and the 

receiver are at the same location, so the receiver can easily derive 

the exacc frequency and phase of the carrier. Ahernatively, the 

carrier can be recovered from the receil'ed signal with a phase­

locked loop and used to synchronize the ADC's clock. The 
synchronous sampling is equivalent to multiplication of a carrier­

plus-sidebands by a coherent local carrier, which is done in direct­

conversion receiver architectures. 

Figure 9 shows a demonstration system used to recover a ID-kHz 

triangular waveform that amplitude-modulates a 400-MHz carrier 

(total information bandwidth-first 4 positive and negative har­

monics: !, 3, 5, 7-is 140 kHz). The modulated carrier-which 

could come from the first IF-stage output in a multiple conversion 

supcrheterodyne system-is fed directly to the input of the 

AD770, set 10 a = 250 mV range, to minimize slew-induced dis­

tortion. A 200-MHz clock source for the converter is produced by 

a second generator, which is phase-locked to The carrier generator. 

The undersampling of the modulated carrier produces aliases, one 

of which is at baseband (400-MHz carrier - 2 x 200-MHz sam· 

piing me). 

Data bytes that result from the AD770 conversions represent the 

binary value of the modulaTing triangular wal'cform at each s.am· 
pied cime point. This is dramatically seen by using the aid 
convener digital outpuc to dri\•e an 8-bit DAC which reconstructs 

The original triangle, now demodulated and at baseband, as an 

analog wa\'eform. In effect, the carrier has been un<lersamplcd, 

but its modulating envelope-the IO kHz triangle-has been over­

sampled (sampled at greater than rhe Nyquist criterion requires) 

an<l folly recovered . 
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Figure 8. Detection. 
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Jn high-data-rate Telecommunications systems, the encoded (for 

error-resistance) digital signal bandwidth is fairly high, as much as 

20 MHz. Recovering the modulated data to perform the necessary 

decoding usually requires complex in-phase/quadrature demodu­

laTion circuitry. However, the wide bandwidth and high SNR of 

the AD770 (32 to 43 dB at 20 MHz; 33 to 40 <lB at 10 MHz, 

depending on amplitude) allows the convener to digitize the sig· 

nal directly after it is heterodyned down 10 baseband by conl'en-

1ional Techniques. A prion· knowledge of the coding scheme allows 

use of optimized algorithms to process the digitized daca, recreate 

the original unencodcd bit panern, and then perform operations 

such as echo cancellation or adaptive filtering. 

FLASH-CONVERTER DYNAMIC ERRORS 
Large flash-com·cner errors l'an arise from metastability a11d 
riming mismatches . \'?hl.'n docked at high speeds, a comparator has 
a \'ery short time to decide if the input voltage is abO\'e or below 
its reference l'Ohage. If the input is close 10 the reference, a 
comparator may be lll•'tasrable and fail to create a 1'alid logic le1·el 
within the alloned 1ime. When this invalid signal is passed to the 
decoding circuitry, the response is unpredictable and leads 10 

output errors. The AD770 latches are designed to maximize 
converter resolving power and reduce metastability .:rrors 10 a 
negligible kl'cl. 

Slew-rate-induced timing misma1clus in signal distribution, or com· 
parator speed differences, may cause one comparator to strobe at a 
slightly different time than irs neighbors. Some comparators, in 
effC\:t, arc looking at a differeni point on the input waveform 
when the clock signal initiates a conversion. This has no effect for 
a de input, but for rapidly changing inputs small timing errors can 
mean substantial voltage errors, as different portions of the cir· 
cuitry attempt to generate conflicting output codes. \'\1hen this 
happens in the vicinity of major carr~· points, such as mid-scale, 
output glitches oc.:ur (sometimes called " sparkle codes" because 
of their l'isual effect in output-inp\11 crossplots and digital 1·ideo). 

The AD770 has two defenses against slew-rate errors. An cxtcn­
si1·c error-correction scheme (patent pending) finds any compara­
tor with outpm differing from irs neighbors' and revises its deci­
sion, ensuring that a group of comparators must concur on the 
generation of the output code and thar a single comparator cannot 
act independently. A second defense, in the high-order decode, 
allows only one of the four 6-bir codes to reach the output 
(al'oiding ~imuhaneity dilemmas). If two groups generate differ· 
cnt information due to ex1rcmcly fast-slewing signals, this circuit 
arbitrates the conflict and 1hus a1-crts sparkle outputs. 
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Figure 9. Demonstration of amplitude modulation and sig­
nal recovery by synchronous undersampllng. 
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