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First single-chip signal processor 
simplifies analog design problems 

'I 

This ÜJ the firs t of (l, wumber Df artieles deali ll{/ tá til. real­
time signal processillg. Future (l rtieles /Ci ll cOI 'er applica­
tions and developmell t sys tems jr)r si ll {/ Ie-chip proceslwrs. 

Asingle-chip processor, In tel's 2920, is bringing 
digital advantages into th e hitherto analog world 

of signal processing. Ins tead of designing typical 
signal-processing applications Iike filters, Iimiters, 
oscillators , modulators and demodulators with con­
ventional analog components like op amps , transis­
tors, precision resistors, capacitors and diodes, de­
signers can construct IC sampled-data systems that 
perform the sam e functions. 

There are several advantages to going digital. In 
general, a sampled-data system enables th e circuit 
designer to look at analog functions in a new way. 
For example, he can design a filter with three poles 
at one fr equency and expect th e poles to coincide 
exactly in a production version. In conventional analog 
circuits, discrete component tolerances usually pro­
hibit this. 

In addition, a digital sampled-data system is more 
economical to develop than a custom ana log integrated 
ci rcuit because it negates the risks and commitments 
associated with special-purpose componen ts. The 
digital solution also gives the user f1exibility for 
making modifications and design improver.\Cnts, and 
adding extra featu res simply by changing the pro­
gram o 

Finally, a digital solu tion avoids several problcms 
plaguing analog systems: 

• Component matching, which is eliminated because 
the performance from device to device is identical 
(digital processing is stable, pred ictable and re­
peatable) 

• Variable circuit performance from one production 
lot to another 

• Performance degradat ion over time due to circuit 
interaction ar naise. 

Robert E. Holm, Manager 01 Applica tions Engineering, 
Intel Corp .. 3065 Bowers Ave .. Santa Clara. CA 9 5051. 
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1. The 2920 contaln. ali the component. necessary to 
construct a sampled-data system: a/d, d/a and sample_ 
and-hold circuits get analog samples into and out of the 
d igita l-processor port ion, while externa i antialias ing 
fi lters remove unwanted harmonics trom the input. A 
reconstru ction filter smooths the outgo;ng analog sample. 

A sampled-data system is any system in which 
discrete samples of an analog signal are processed 
instead of a continuous analog signal. There are both 
analog and digital sampled-data systems. Any 
sampled data system using a ~P is a digital sampled­
data system beca use it uses numbers to represent an 
event in time. 

Major elements comprising a sampled-data system 
that uses a digital-s ignal processor are shown in Fig . . 
l. An incoming analog signal enters an antialiasing 
filter and is sampled by a sample-and-hold circuit. Th. 
acquired ' sample is then changed in the a/ d converter 
to a digital signal and sent to the processor, wher. 

~ 
some programmed function is carried out-for exam­

I pie, a program that real izes an audio-frequency spec. 
o trum analyzcr. 

From the processo r, the processed sample moves to 
a digital-to-analog converter, where it is converted 
back to an ana log signal. The s ignal sample then moves 
to another sample-and-hold circu it, then to are. 
construction filter . Here the sam ple is smoothed to 
recover a continuous, analog output signal. 

Enter the 2920 

The 2920 single-chip signal processo r nat only can 
perform ali the functions contained within the dotted 
lines in Fig. 1, it also can multiplex input and output 
Iines, giving it the potential of realizing several 
circuits or one circuit with multiple inputs and out. 
pu ts. A fun ctional block diagram of the 2920 is shown 
in Fig. 2. 

A program within the EPROM controls ali fune· 
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2. Twenty 4·blt wlde Inslruclions in EPROM memory 
execute sequentially- and wlthout branches-to move a 
digili2ed sample trom the a/do through the DAR register 

tions. A total of 192 24-bit instructions can be held. 
The 24 bits are split into the format shown in the 
following table, each field withi n the format control­
ling a subsystem of the 2920. 

L - 7-
ALU A ' 8 

instruction address add ress 
(3 bits) (6 bits) (6 bits) 

Sh ilt 
code 

(4 bits) 

Analog 
instruction 

(5 bits) 

Ali processing subsystems are implemented using a 
combination of analol( and diRital ins tructions to input 
and output signals a nd/ or data, a nd to realize lhe 
respective processing functions . 

There are inst ructi ons for analoR input and output: 
IN(K) and OUTIK1, respectivel)' (see 'rable). A sequence 
of INIK) instructions followed by the sign conversion 
and amplitude-conversion instructions CVTS and 
CVT(K) performs the in put a/ d conversion. A sim pie 
sequence of OUTIK) instructions is ali that is needed 
to Olltput a 9-bit amplitude on channel K. Other analog 
instructions include EOP, which resets the program 
counter to zero after executing three more instruc­
tions; NOP, which is simply a no-operation; and CNDS 
or CNDIK), conditional operators that select and test 
a bin in th e DAR (a register used to interface the 
analog and digital sections of the 2920) for th e condi­
tional ADD or LbA instruction'S, or define the destina­
tion of the carry bit for the conditional SUB instruction. 

The ALU arithmetic instructions, ADD. SUB and LDA, 
perform add ition , subtraction and data t ransfer. 
When conditioned, they can perform multiplication or 

ELECTII.ON[( D l'~ H, ' 20. Sq'l l cmhcr ~ 7 . 19 79 

into the scratch-pad memory for processing. From there. 
the sample moves back Ihrough the DAR and out via lhe 
d/a converter to the oulput sample·and·hold. 

division by variable'or data-dependent (conditional) 
switching. 

Other digital instructions include ABS, for absolute 
value; ABA, for absolute value and add; and LI M, for 
ideal limit. 

To maintain a constant sample rate, programs in 
the EPROM are executed sequentially, with no condi­
t ional branches, The sample rate is determined by the 
length of the program and instruction-cycle time-
400 ns at a maximum clock rate of 10 MHz. A full 
192-instruction program runn ing at 10 MHz wi ll yield 
a 13-kHz sample rate, which can process a signal 
bandwidth of approximately 4 kHz (or, at most, 6.5 
kHz with a rectangular filter) . Shorter programs will 
have proportionately higher sample rates, 

During system operation, for example, an analog 
input s ignal under program control is sampled and 
held, theri converted to a digital word with up to nine 
bits of linear conversion (one s ign bit and eight 
amplitude bits). 

Bits formed by the successive-approximation a/ d 
conversion are stored in the DAR. During this con­
vers ion, the DAR accumulates the digital word unt il 
convers ion is complete. This word is then loaded into 
a scratch-pad RAM location for fur ther processing. 
When outputti ng a value, the nine most significant 
bits of aRAM location are loaded into th e DAR, which 
drives the d/a converter, The converter's output can 
be routed to any of eight analog outputs by the Oll tput 
demultiplexer and the sampl e-and-holds. 
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2920 instruction set and op codes 
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Digitai Inltructlons 

ADD 
SUB 
LDA 
XOR 
AND 
ABS 
ABA 
LIM 
ADD CND()1 

SUB CND() I 3' 

LDA CND()1 

ABA CND()O 
XOR CND()O 

Analog Instructlonl 

IN(K) 
OUT(K) 
CVTS 
CVT(K) 
EOP' 
NOP 
CND(K) 
CNDS 

(A X 2 N) + B 
8 - (A X 2 N) 

(A X 2 N) + o 
(A X 2 N) ® B 
(A x 2 N) • B 

I 
(A X 2 N) I 
(A X 2 N ) I + B 

Sign (A) _ ± F.S. 
(A X 2 N) + B 
8 
B (A X 2 N) 

8 + (A X 2 N) 

(A x 2 N) 
B 
(A X 2 N) + B 
(A X 2 N) ® B 

Operatlons 

_B 
_B 
_B 
-B 
_B 
_B 
_B 
_B' 
_B 
_8 
_B & CY_DAR(K) 
_B & CY_DAR(K) 

-B 
_B 
_B 
_B 

Signal sample Irom input cha nnel K 
D/a to output cha nnel K 
Determine s ign bit 
Perform a/d on bit K 
Reset program counter to zero 
No operation 
Select bit K for conditional instructions 
Select sign bit for conditional instructions 

1. CNO( ) ao IM .Uher CNO(K) or CNOS 'eslini amplitude bits or lhe $Ign bit 01 lhe DAR. respectivoly. 
2. B 1$ seI to '1,111 sale (F.S.) ampli tude wlth lhe sam. sign as lhe " A" porl operando 
3. lhe preYIOU$ carry bit (CVp') iS I.Sled 10 determine lhe o~rahon . The preson! Cilrry bit (CY) is loaded into lhe Klh bitlocation 
01 lhe DAR. " Prnenl ca,ry (CY) 1$ SlInefilted Independen! 01 overllow. II wfll represen! lhe carry (CY) of OI calculated 28·bil 
(null." 
4 TI''Ie EOP Instruel lon mUI' occur ., an inst ruCllon number 4M wher. M is an Inteser, In addilion. lour InSlructions witl be 
•• eculed bel ore lhe prosram counter 1$ seI 10 zero. Le .. lhe EOP InSlruCllon should be lhe lourth Inslrucllon Irom lhe end 
01 lhe EPRQM pros'em. EOP wlil also enable o~erllow correcllon II II was dlssbled during a program passo 
S. For SUB CNDS operalion CY _ DAR(S). • 
6. Does nol affect DAR. In Ihis caH. CND IS use(! wllh XORlABA to enable/dlsabte lhe AlU o~erllow saluralion algorilhm. Use 
01 eUh., InslruCllon causes lhe "lU oulpul lo roll over ralher Ihan go 10 lull $Cale wllh sign bit preserved. An EOP inSlruClion 
""111 a liO enable lhe "lU overllow 51turatlon alSOfllhm. 

Sampling and reconstruction 

IFF DAR(K)=! 
IFF DAR(K)=O 
IFF CY p= ! 
IFF CY 

I FF DAR(K) =! 
IFF DAR(K)=O 

A digital signal processar rcquires the conversian 
or the input analog signal to a digital signal. Inherent 
in this conversion is the sampling of lhe continuous 
input signal. The method and rate or sampling the 
input signal affecta the inCorm.tion content oC the 
sampled signal so that some degree or distortion is 
incurred when the input signal is reconstructed into 
analog Corm from the digital data samples. 

analog value, This process is called "square-topped 
sampling" and can be realized using a sample-and­
hold circuit, Because the 2920 signal processor works 
with digitized samples, the square-t.opped sampling 
is the precess of interest here. 

The well-known sampling theorem that relates the 
minimum required sampling frequency to the signal 
bandwidth can be stated as follows: if a signal f(t), 
a real function af time, ia sampled instantaneously 
at regular intervals at a rate higher than twice the 
signal bandwidth that includes ali the significant 
information of the original signal, then the samples 
also contain this information. The signal bandwidth, 
as used abave, is the low-pass bandwidth for video 
signals and the rf bandwidth for signa ls modulated 
on a carrier (e.g., ir a 5()..dB dynamic range is needed, 
the low-pass bandwidth implied abave may be the 30-
dB bandwidth for bath input and output filters), 

To digitize each sample using the a/d converter, it 
is necessary that the sa mple pulse amplitude be 
conslanl during the conversiao lime lo allow a digilal 
word to be generated that representa the sampled 

Assuming an input spectrum FUw), the output 
spectrum for square-t.opped sampling is 

= .!:... sin (wd2) ~ F [ '( _ ) ] 
T wrl2 n =-ro J w nw. 

From this equatioD, note that the gain is a continuDUs 
function of frequency as defined by 

T sin (wr/2) 
T wT/2 ' 

where T is lhe sample pulse width, 
T is the sample period, and 
w is the frequency in rps. 

Time-and-Crequency-domain plots for the square­
topped sampled signals are shown in ~~ 
sho\Vs that the sampling process causes thegeneratian 
of additionai spedra and also acts as a low-pass filter 
with a sin xix (x=wT!2) amplitude response, If this 
filter responee is not sufficiently constant across the 
signal passband, some information content may be 
lost due to the frequ ency response rollofr. 
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'l'he amount of speetral overlap seen between the 
low-pass spectrum and the speetrum eentered about 
the sampling frequeney is referred to as aliasing noise. 
The effect af sample rate 00 aliasíng noise for a g iven 
input speetrum ean be c1early seen in Fig. 3 for three 
different sampling rates operating on a given input 
signal. Note that the amount af overlap increascs as 
the sampling frequeney is deereased for a fixed input 
bandwidth. In a similar manner, for a fixed sampling 
frequeney, the overlap eould be redueed by inereasing 
the filter rolloff before sampling (anti-aliasing filter). 

Jitter, anothcr sourcc af noise in a digital system, 
resulta from variations in the sample frequeney. An 
ideal sampling process assumes that samples are 
taken at periodie intervals and that the amplitude of 
that sample is exaetly equal to the value of lhe signal 
at the time of the sample. If the sample times are 
nol exact1y known relative to ooe another because af 
jitter, ao uncertainty ariscs as to when lhe signal 
equals the value of the sample. Converscly, if the 
sample is assumed taken at lhe correct time, lhe 
sample voltage \ViII be ineorreet beeause of the jitler. 

In systems that apcratc in the lower frequeney 
ranges, 10 to 30 kHz-this is less of a prablem for 
tWQ reasons. First, lhe frequ ency is relatively low and 
typieally the 2920 aperates with a stable crystal­
eantralled c1ock, which ensures that the sample rat.e 
is relatively constant. In systems operating at highcr 
frequencies. however, jitter becomes ao increasingly 
signifieant eonsideration. 

Second, every digital systcrn eontains a quantiz ing 
errar, the differenee between the actual value af the 
input analag signal bcing canverted and what an a/ d 
converter produces as a digital representatian af the 
value af that input signal. 

Analag-ta-digital canversian af a s ignal implics that 
at specific times lhe signal is sampled and a digita l 
word is farmed that represents the amplitude af the 
signal at that time. As mentioned earlier , a minimum 
lass af infarmatian is possible with the praper selec­
tian af bandwidths and sampling frequency. The 
conversioo from a continuous signal to a digital signal 
requires that the s ignal voltage must be divided inta 
M finite intervals, which can be presented b)' an N­
bit digital ward, where M ~ 2'. 

The quantizing error ean be expressed in tcrms of 
lhe total mean-squared error valtage. With reference 
to Fig. 4, a signal valtage v(t) falls between the 
i /h and the (i + 1)/" leveis that define the i/h quant izing 
interval. The error signal ej is expressed as 

e; ~ V(t) - V;. 
where 
ej = error voltage between the exact and lh e i th 

quantized voltage leveis, 
V(t) ~ inpu t signal valtage, 
Vi = voltage of the i /h quantized interval. 

Assuming uniform quantization and a uni form 
distribution of the sigDal voltage, the resulting signal 
to quantization noise ralio is found to be 

. S/ Nq ~ M' - 1 
or represented as a IOKarit hm : 

S/N. ~ (6) (n) dB. n > 2, wherc 
S is the peak signal power, 
N

Q 
is the mean quantization noise, 

Reconstruction distortion due to 
sample pulse width 

- 20 log si n nBT 
Br (dB) nBT 

0.1 0. 14 
0.2 0 .58 
0.3 1.32 
0.4 2.40 
0.5 3.92 
0.6 5.96 
0.7 8.70 
0 .8 12.60 
0.9 19.3 
1.0 '" 

M is the number af quantizatian leveis = 20 
n is the number af bits in the amplitude wa;d. 

Thus, a 9-bit a/d will have a 54-dB maximum signal 
to quant ization noise ratio. 

Signal reeonstruetioo is the process that extraets 
the desired signal fram the periodic samples ai the 
autput of the sampled-data s)'stem. These samples 
may be the original samples at the autput af the 
sample-and-hald ar they may have been farmed aIter 
li near or digital processing. 

Thc basic assumptian here is that a signal that has 
been sampled and held for digital processing is naw 
to be canvcrted back to analag farm with minimum 
lass af infarmatian. The output af a sample-and-hald 
circuit or a d/ a converter has a frequeney s pectrum 
shown in Fig. 5a, where the sample width T is equal 
to the periad af the sampl e T. The amplitude-gain 
factar is abserved to have a naticeable rallaff within 
the s ignal bandwidth when the bandwidth approaches 
half the sampling frequene)' . This representa a distor­
tian af the input signal and, unless it is compensated 
for, it will cause some loss of information simil ar to 
that of a law-pass filter with an insufficient 
bandwidth. The table lisls the rallaff in dB as a 
functia n af the sample width T and the signal 
bandwidth B. 

To correct this s ituation, the reconstruction sampl­
ing pulse width should be made narraw relative to 
ane aver the signal bandwidth (lIB), ar a sin xIx 
carrcctian is needed in the output ril ter. Fig. 5b shaws 
the effect of resampling with a narrower pulse. 

As the sampling pulse width is made narrower, the 
amount of s ignal energy contained in the sampling 
pulses is rcduced by an amaunt prapartianal to the 
duty cyelo rlT. This gain reductian must becansidered 
when analyzing the relative effeels af fixed affsets, 
overshoot, ringing, and other spurious signals that 
degrade the desired signal. 

When the data samples have been established , they 
are passed th rough a reconstruction low-pass filter, 
whieh removes the high-frequency eampanents af the 
sampled signal (Fig. 50). The autput law-pass filter 
removes the high-frequency speclra caused by the 
autput sampling. It can alsa hel p shape the amplitude 
and phase respanse af the autput netwark. 
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850 

It's the Weston Trimmer Ihal trims your pro­
ductian costs without sacrificing pe rtor ­
mance! Weston's 850 combines the best of 
our well-known 830 and 840 trimmers to give 
you precise 22-turn adjustability and a higher 
(150 °C) maximum opera ting temperature in 
a lia " square trimmer Ihat delivers consis­
tent quality. Also available in other pin con­
figurations. 

Need 8 cost trimmer for your production 
budg et? Make Weston your chaiee! 
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During these analog operations, the digital part of 
the 2920 can be operating. For exam ple, during a 
9-bit a/d convers ion, a three-pole low-pass filter could 
be s imulated \Vith the digital circuitry. 

A subsection of the diagra m in Fig. 2 is a digital 
loop, which includes a two-port addressable RAM with 
40 \Vords, a binary shifter and the ALU. Under 
program control, two locations in RAM are simultane_ 
ously addressed from the 40 possible locations. The 
two 25-bit words are fetched with the data from the 
A address passing through a binary shifter . This 
shirter allows scaling from 2' (a 2-bi t shift left) to 2-" 
(a 13-bit right shift). The scaled-A value and the 
unscaled-B value are then propagated to the ALU. 

Programmed instructions direct the ALU tooperate 
on these values . The 25-bit result of that operation 
is loaded into the RAM's B address . The 2920 is fast 
enough for real-time processing because the analog 
operation, dual-memory fetch, binary shift, ALU 
execution, and write back to RAM ali take place in 
as few as 400 ns (depending on the clock rate, which 
can reach 10 MHz). 

So goes the inside of this sampled-data system. 
There are ex ternai components to consider as well 
before putting the processor into an application. 
Fig. 1 shows the input an tialias ing filter and the 
output reconstruction filter , both a necessary part of 
any general-purpose sampled-data system. The extent 
to which they are needed depends on th e application, 
the ci rcuitry on either side of the 2920, and the types 
of inpu t and output signals to be dealt with. For 
example, if the 2920 is to be used as a tone generator 
(for up to eight tones), an in put filter will not be 
necessary but a reconstruction filter for each output 
may be required. A dual-tone mul t ifrequency receiver 
(which detects two ou t of eight tones from a pushbut­
ton telephone) will require an input filter but no 
output filter si nce the outputs will be TTL-compatible 
with a two-out-of-eight code. For the DTMF receivers 
and many other applications, standard components 
such as the Intel 2912 PCM filter could be used to 
provide a single-chip input or output analog filter. 

Ir multiple analog inputs or outputs are used, 
externai filters may be needed on each one. And where 
the sampling rate is much greater th an the input 
signal bandwidth, single-op-amp, RC-active filter. 
may be adequate. When the signal bandwidth ap­
proaches '33% of the sampling frequency, a 50-dB 
dynamic range may require, for example, up to a fi ve­
pole filter at both th e input and output and as many 
as three op amps. In general, as the bandwidth 
approaches half the sampling frequency, the cor­
responding fi lter (at in pu t or output) increases in 
complexity ... 

How useful? 

Immed ia te design appl icat ion 
With in the next year 
Not appl icable 

Clrcle No. 
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