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diagram of a single channel 
fCCeivef 

Todoy, tnore 
widespread 
commercial 
communications 
systems depend 
on cost effective 
implementations 
of these receivers. 
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Advan<.-es in both anaiog to digital C.'Onver­
sion (ADC) ;md VLSI technologies have 
opened the dtx1r for the use of DSP 
tcdmiques over an expanding r-cUlge of 
high sample rate applk:a..'ions. Foremost 
among these i.~ the use of standard off the 
shelf DSF IC's as digital replac;ernents for 
the analog intermediate frequency (IF) 
pro<:essing ~<~ge in v.~deband receiv-ers. 
Using this approaL:h. the designer can take 
».~<tmtage of operational stability over time 
and temperature offered by digital teclmol­
ogy, while realizing perlonnanre and 
flexibility unmatched by Qlder l\TI.'llog 
I rnplemenlations . 

In re(.-ent years there has been increasing 
interest in the topic of wideband receivers. 
These are a receivers that can tune on u 
narrow band mdio signal that exists in a 
hmad spe<:trum or interest. The typiC'al 
system in this application may be capable 
of ~xtrac:ting a !>ign<d as narrow as a few 
kHz out of a sped rum that spans tens, 
hundreds, or even thousands of MHz. 

Bcstbond 
PlO(Jn~ 

Demot!ultnr:t 

~use of the prohihiliw: \.,·, ;, nf these 
re<:eivers in the past, th(:y \o\.~r<: confined to 
use by the military. g(r.-r·mrhtnt agencies. 
and bigh end comml~n ·ialuv.:r\.. Today 
however. more ·,\lide..;pn:ad c.-r,mmercial 
communications syst<" r•); w-<: di:l"'.mdent 
on <:ost effective impbm:ntcd:io~.s of 
receivers. CeUular tek:phor.~. mobile 
radio. and wireless LANs art hilt a few 
examples of potential appliwti<Jrl'i fo.r DSP. 

To better understand alt.f;ma.tive ~ideband 
receiver designs using DSP, first consider 
the structure of the sirt~lt: channel 
wideband receiver a~ dt!;\I.T• in Figure I. 
N ·implied by the nurm:. tht: single channel 
receiver is designed tCJ rc:-(;f:i\·t:: and decode 
infonnation within a sin!Qf: frtquem:y band 
at a time. For the purr.IC,~ts r)f this discus­
sion it will be assurm:d that :Jne frequency 
band corresponds tv '•flf: d:annel with no 
distinction between i.l frr:~!uency band and 
logical channels. \\'}#, infQrmation is to 
be re<.-eived from a dJff,:n:nt channel. the 
re<:ei,•er must be tunt:cl t•1 the ne-..v 
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dnmnel. This da.s.s of system includes 
many commereial radio;; ~md ceUular 
telephones. Fm1her. the single channel 
receiver is the c.:ommon denominator in 

other wideband receivers like channelizers 
and zoom spectrum analyzers that V~ill be 
discussed later. 

TI\e single. channel receiver is a101Qst 

without exception a superheterodyne 
receiver \.\lith two IF stages as shO'M'l in 
Figure 1. Tile R F signal :is roceived at the 
antenna and passes through a band pass 
filter, which attenuates interference from 
neighboring bands. l11e pass band of this 
filter must be \Vide enough to pass the 
entire frequency band that is to be exam­
ined at any one time, but the cutoff 
frequency must be balanced against the 
frequent.')' of the first IF. In some cases the 
front end filter may have the capability to 
have tunable notch ftlters switched in. 
These eliminate known strong sources of 
interference within the band. This allows 
the user to utilize the fuU capabilities of 
the system in examining \~leak signals that 
$'e near the frequency of a strong signal 

The filtered signal is mixed with the first 
L<>cal OsciUator (LO) in the first lF mbrer. 

In most cases, the synthesizer generates a 
!iine wave that serves as a coarse frequency 
tuner. The frequency of the LO is nor­
mally greater than that of the signal being 
received, so that the image frequencies fall 
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near the base band and alxive the LO 
frequetK)'. The higher freque11cy co•npo­
nent is filtered out by the- image reje<:tion 
filter. The inevitable imbahu1ce in the 
mixer and mismatching between tlw mixer 
and the surrounding com1XJnents cause 
the LO frequency to be tnixed with itself 
so that there is also a spurious signal at 
twice the LO frequency that must be 
attenuated by the ~mage rejection filter. 
The differeoce bel\.veen the LO and the 
highest frequency of intt::>rest governs not 
only the width (and thus the complexity) of 
the image rejection filter. but also the 
width of the input filter .. This is because 
input signals that are at the sum of the LO 
and the frequency of interest will also get 
mixed down to the base b.Uld. 

In traditional analog systems, the signal 
would be mixed and Altered by a band 
pass filter to produce a base band output. 
The bandwidth of tl1e b,U\d pHSs filter 
detennines the narrow band width of the 
base band signal. At this point the sam­
pUng frequency of the output :signal is 
assumed to be low enough to use a skrn' 
and inexpensive analog-to-digital converter 
(AOC), if a digital output 1s desired for 
subsequent processing. There are a 
number of limitations inherent in this 
approach. One of the problems is the 
physical limit on the spurious free dynamic 
tange of the LO's. Tnis problem is espe-
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figure 3: lop revel blo<k diagram 
of the Horris HSP45 t 16 Kat. The 
Horris HSP45116 is composed of 
o MumericoUy Controlled 
Osdlla1or {NCO) foUowed by o 
Complex Muhi~ier/Atcumulator 
(00.(). The NCO is thll digital 
equivalent of on onolog VCO: the 
input is digital doto thot controls 
the frequency and t~e phase of 
the sinusoidal output The output 
is a pair of digital data sf rooms 
tho1 repl'esent the correspond'mg 
sine oruf rosine fooctioos. The 
CMA( is the digital equivalent of 
a poif of onolog mixers. 

_, 

R 

dally pronounced in the se<.'Ond LO. Other 
problems oo:ur HI the fr.md pass filter after 
the se<.'(md IF mixer. To change the output 
b<lfld width of the receiver the b-.md pass 
filter must be rephi<.-ed. One filter is 
rC<JUircd for C<\<;h <lesircd output band 
width . Also, sinee these are analog filters, 
they are severely limited in shape factor 
and ma.\imum attenuation. This in tum 
limits the receivers capability to block {)ut 
adj<tcent channel.~. ln high perfonnance 
systems, these limits <:an be overcome by 
taking adv;.\ntage of the <:apabilities of 
digital signal processing ( DS P) as close to 
the antenna as possible. In most practical 
implementations, this means in the second 
IF processing chain. 

With the advancement of ADC technology 
and the evolution of high perfonnance 
DSP Circuitry, the analog second lF 
processor functions can be replaced with 
the digital processing chain shovm in 
Figure .3. Using this approach, the output 
of the ADC drives <1 dim. ·tat mixer which 

(;(' jwOO 
modulates the data stream with e to 
shift the frequency band of interest to DC. 
This frequency tr.ml'lat;ion decomposes the 
digital IF into a complex sample stream 
composed of in-phase and quadrature 
terms. The advantage of this technique is 
that the complex s-c~mples can pteseNe the 
magnitude and pha~e infbm1ation of the 
equivalent real signal using one half the 
sample rate. 111Us, the quadrature compo­
nents can then be low pass ftltered. and 
decimated. to the minimum sample rate 
required to represent the signal of interest 
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A:> a result of the filtering opernlion, the 
wideband data stream is red.u.ced from to's 
of mega s-amples per second (MSPS) to as 
little as n fe\l\1 kilo samples per soc'Ond 
(KSPS). The reduced data rate allows a 
vmiety of baseband processing functions to 
be perfonned by a standard DSP proces­
sor. In the past, implementation of a digital 
IF processor w~ limited by the amount of 
discrete hard.w.u-e required to perform the 
filtering, signal synthesis. and baseband 
pnx:essing functions. Today. this task is 
simplified by a high dynamic range 
digital down converter available in a 
three c.:hip set. 

Digital lF processing begins immediately 
after the second IF section. The sample 
and hold (S/H) and analog to digital t.'On­
verter (ADC) sample the signal and con­
vert it into a quantized 5lgnal. They are 
often t'Oflsidered one function, and indeed 
are integrated in a hybrid circuit or mono­
lithic lC. This is one of the most difficult 
parts of the re<:eiver drouit to specify. 
since the parameters of this function 
perturbate the design of the rest of the 
system. 

Noi$e Sourees 

The noise specifications for SIH's and 
ADC's are u~ually categorized by two 

parameten;: signal to noise nilio (SNR~ and 
spurious free dynamic range (SFDR). 
Sources of noise in this cireuit .are random 
events in the transmission channel, 
imperfections in the analog electronics 
such as thermal noise, crosstalk and 
variations in the power supply. and 
inaccuracies in the SIH and ADC, such as 
aperture jitter, differentbl nonlinearity and 
quantization error. The SNR can be 
improved by the downstream narrow band 
filtering, assuming additive white Gaussian 
noise (AWGN). Wideba.nd noise is spread 
e11'enly throughout the frequency band; 
since only a small part of the ovemll input 
spectrum will be passed. through to the 
microprocessor, most of this noise is 
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filtered out and the user reaps the beneflt 
of an improved signal to noise ruti.o. 

Among the <-'(.mtributors to the spurious 
noise are slew mte limitations in the i:l.tlalog 
electronics, intet,rntl nonlinearity in the S/ 
Hand AID. Also, in thecaseofdigital 
down conver$iOn, another oontributing 
factor is quanliz:.tl:ion errors in the lookup 
tables for the sine and cosine. These cun 
represent a more serious problem, sin(:e 

spurs that fall in the b:md of interest 
cannot be rernoved by narrowband 
filtering. In addition. the frequencies of 
the individual spurs vmy when the panun· 
eters of the receiver are modified. such il5 

when it is tuned to a new frequenc.:y. 
Vmious methods 1-mve been proposed to 
circumvent this problem, with the solution 
depending on the requirements of the 
system. For spectnun analyzers, the "brute 
force" approach is often necessary. In the 
approach, the performance of the system 
is specified by its worst ca.~e spur. Alterna­
tively, noise may be added to the signal to 
randomi.:7.e these spurs so that narrow band 
filtering v.~U remo~-e them Ill 

11te high speed S/Hs and ADC's that are 
now commercially available have sample 
rates in the l to lO MSPS range, \vith 
SNR's up to 90 dB and SFDlrs above 70 
dB. Faster sample rates are possible at 
reduced dynamic range. At 20 MSPS. 
SFDR's above 60 dB are possible. while 
converters in the 300 to 500 MSPS · 
category have dynamic ranges on the 
order of 30 to 40 dB. The higher end of 
this level of performance is imple-

Figure 4: Top l&vel block diagram of the Horri~ HSP43210 DOF 
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mented on hybrid ttnd hoard level 
solutions, which eany prohibitive costs 
for many applications. fortunately ror 
the wideoand syste m tlesigner. only one 
ADC is required. [lCr system. New 
monolithic solutions urC:l approaching 
hybrid performance with 3 MSPS, 75 dB 
produds currently available. 

To be u .. o;eful, this level of perfonnancc 
must tx~ matched by hi~h spetd digital 
electronic.:s, sinee currently available 
micropn..lCessors fall short of pr(.x:essing 
these signuls by one to two orders of 
magnih1de. The g<lp between the thgitized 
>Nidebancl signal <md tlw t'omputational 
power of a microprrx:essor is bridged by a 
digital down c:onverter which extra(:ts the 
narrow band signal of interest whil~ 
reducing the data rate to the I0-100 
KSPS range. 

The sample rate of tlw ADC is uso<illy 
2.5 times the highest frequen<--y compo­
nent in the wideband IF signal. While 
the Nyqu\st criteria dictates a minimum 
sample rate of twice tlw highest fre­
quency, practical implementations typi­
cally provide an oversampling margin to 

simplify the design of the anti-aliasing 
filter in front of the ADC. 

The output of the ADC feeds the digital 
down C.'<>nverter which tunes and ex~ 
tracts the narrowband signal of interest 
from the wideband dl\ta stream. The 
down converter then is comprised of the 
flSP4p 116 NumericallY Controlled Os­
cillator Modulator (NC0~1)U! and two 
HS:P43220 Digital Decimahng Filters 
(DDF"s)!:ll as shown in Figure 5. The 
NCOM takes the wideband input, digi· 
tized at rates u p to 3:3~1SPS, and trans­
lates the signal of interest to baseband 
by performing the digital equivalent of a 
VCO and quadratu re mi;xer. 

The quadrature components of the 
NCOM output are eat'h filtered by the 
DDF's which implement a low pass 
filter while reducing the complex sample 
rate to match the frequency content of 
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the extmcted signal. For example, if the 
IF processor is extracting a 4KHz wide 
voice grade ch,mnel out of a ·wideband 
input sampled at 33MSPS, the DDF 
could reduce the output ;;ample rate to 
approximately 5 c:omplex KSPS. With 
the sample rate thus redu<:ed. baseband 
processing like demodulation :mcl spectrnl 
analysis ~\II be perfonned by standard 
DSP processors. 

~I'he NCOM multiplies a 16 bit complex 
mput by samples of an internal LO which 
has the fonn f:'!"'". The resulting output is a 
<.~plex signal that has been spectrally 
sh1fted hy the internal LO. The LO has 
spectral purity of more than OOdB and can 
be tuned from -fs/2 to fs/2 with an ~.:cu­
racy of more than .007Hz. A phase offset 
to .01 degrees may be added to the LO for 
applications requiring coherent down 
conversion. A standard micro-processor 
interface provides a control mechanism 
that allov.'S modification of tO frequency · 
or phase in less than .lps . A top level 
block diagram on the NCOM is shown 
in Figure 7. 

The NCOM f1..1nctions as the digital 
equivalent of the second IF mixer. It has a 
number of advantages. These indude the 

~tal benefits of operational stability over 
time and temperature, the ability to 
change tuning frequency or adjt;st 
oseillator phase in less than a microsecond 
and the spectral purity of the LO. [n ' 
addition, the fine tuning resolution of the 
NCOM can compensate for coarse tuning 
steps In the first IF section which simpli­
fies the design of the receivers analog 
front end. 

The D OF consists of a cascade of two 
l~<lSS fitter stages. The first stage 
perionns coarse low pass filtering while 
providing programmable decimation to 
10M. The second stage consists of a 512 
tap Finite Impulse Response (FIR) litter 
which narrows and shapes the passband 
"vhi.le provi.drng additiQnal decimation of 
up to 16. Together, both stages yield a 
combined decimation of up to !6384 with 
stopband attenuation of up to t20dB. As 
with the NCOM. the DDF can be rapidly 
rec:onfigured via a st.a.ndatd microproces: 
sor interface. 

The flexibility and perfonmmoo of the 
DDF make it a desirable replacement for 
the analog filter(s} following the second IF 
mixer. In systems where the second IF 
filter stage c.:onsists of a bank of filters to 
support various operational modes. cost 
and board space can be ~ved be 
re<.:onfiguring a single ODF to implement 
the filter required by each operational 
mode. An added benefit is that the DDF 
typk.ally achieves ftlter shape factors of 
LSJ in contrast to the 3:1 and 4:1 shape 
factors typical of analog solutions. The 
shape factor improvement is often accom­
panied by stopband attenuation of more 
than 90dB versus the typical 50-70d B seen 
in analog approaches the FIR filter section 
of the DDF can be used to equalize the 
magnitude response of the analog front 
end by using a multiband fitter design 
package to generate a customized ~­
sponse for the Jt'lR. 

While precision .filtering is required in any 
high perfonnance digital receiver, the high 
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... the high order 
of decimation 
provided by 
the DDF greo#y 
simplifies practical 
implementations 
while improving 
channel selectivity. 
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order of dedma!:ion provided by the DDF 
simplifieJ> pr.•etical implementations while 
improving channel ~ek~tivity. 11te' ability 
of the DDF to reduc..'t.: the s;,unple mte 
from the lO's of MSPS required for 
widebaod tuning to the KSPS required to 
represent the 11<1rmw bund :.it.,rnnl of inter­
est nll(lws IK; ... <;eband pro<.,-essing to he 
performed by <1 DSP mkmpnx.:essor. As a 
result, the designer hm; the lm:ury of 
perfonning democllllation and signal 
analysis using :software <Ugori thms. 

The redu<.:tion of the sample mte to meet 
the Nyqvist ctitetia of the extnu::ted 
channel also increases channel SNR prior 
to baseband processing. This is boc1.1Use 
the noise outside the band of intere-.st, 
depending oo filter characteristics, may be 
attenuated by 96 dB or more by the 
DDF's anti-alias llltering. I fit is assumed 
that the noise p<.lwer has a unifom1 spectral 
distribution. <IS would be the case for 
quantization or thcnnal noise, the im­
provement in SN R, processing gain. is 
expressed as 

SUR improvement {d6)"' lO*!Og{BWi/BWo), 

where BWo is the output bAAd.vidth and 
BWi is the input bandwidth. For example, 
if a roollO MHz signal digitized at a 2.5.6 
MSPS is filtered to a bandwidth of 10 KHz 
and decimated by a factor of 2048 to yield 
an output data rate of 12.5 complex KSPS 
the corresponding improvement in SNfl 
would exceed 33dB. The dec.'Omposition of 
the real input signal into a complex data 
stream allows for an automatic 3dB 
processing gain because the double 
sided real input signal can be repre­
sented by a single sided using half of the 
input bandwidth. 

The processing gain achieved, as expressed 
in SNR improvement. allows the user to 
trade off ADC requirements against the 
filtering and decimation capabilities of the 
DDF. For e.xarnple, the quantization noise 
introducecl by an 8 hit ADC is much 
greater than that for a l6 bit ADC, 
however, an 8 bit ADC may be adequate 
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for the application if enough SNR im­
provement c.m be rel\lized through sanlple 
rate rc<.lm:tion . lf spurious free dynamic: 
range is a key rt\(juirement. high resolution 
ADC's may he l'et'Illired sin{.e bandwidth 
reduction has no effect the in band spurs, 

The tuning and filtering e .tp;lbilities 
on(mxl the by the digital tuner chip set 
improve of existing receiver struc:tures 
while making new :-;tmcttm~ possible. 
Using a stnl(.'ture similar tu the one shown 
in Figure 2, :-.ignals within a l3MHzlF 
may be down(.'()nverted to haseb<md and 
flltered by the DDF's w extmct signals 
with b;wdwidths from LOO's of Hz. to a lew 
IOOKH7- The quadrature output of the 
digit-al tuner may feed n DSP capable of 
implementing various demodulation 
algorithms which include AM. FM. FSK. 
PSK etc. In addition to [>"''id.ing a 
platform which is capable ()f implementin~ 
any number of software b;t<;ed demodula­
tion types. the digital re<.·ei,·er sttudure 
also offers flexibilities like progr<Hnn1<1ble 
filtering. tuning, gain contml. <md activity 
detection to. 

The digital tuner chipset can simplify the 
implementation of channelized receivers 
while increasing channel se-lectivity. This 
structure ingests a large portion the of 
spectrum and tunes on se\'eral narrow 
frequency bands simultaneously. As shown 
in Figure 6, the channelized receiver is 
constructed with mul.tiple sets of similar 
hardware that tune to the center frequen­
cies of many channels of interest The 
channels may have varying bandwidths 
and may be post processed b~· dedicated 
hardware or time multiplexed fo.r post 
processing by the same hardware. Ex­
amples or this type of syste1~1 are 
tnmsmultiplexers and the ceU sites for 
cellular telephones. 

TI1e digital tuner stn.Jcture C'an also be 
used to simplify the implenwntation of a 
7..00m spectrum analyzer af; shown in 
Fig·ure 7. In this application. a large FIT is 
ust.>d to determine the frequency content 
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figure 6 tupper): Widebarnl 
<hcnnel!zed retelver. 

Figure 7 (lowef): loom Spedrum 
Analyzer 

of a signal in very fine frequency bands. 
The size of the FFT, and heoce the 
processing complexity, is detennined by 
the required frequency resolution of the 
FIT bins which is given by fs.,FIT Size), 
'rhus, by minimizing the sample rate, the 
siz.e of the FIT can be reduced v.thile 
preserving the same frequency resolution. 
The sample rate is minimized by using the 
NCOM and DDF to shift the band of 
interest to DC while reducing the sample 
rdte to meet the Nyquist criteria of the 
signal band. 

As an example, consider examining a 
25KHz signal band centered at 4MHz, to a 
bin spacing of approximately 1 KHz. This 
wou1d require the signal be digitized at 
approximately 10 MSPS. Assume that the 
FFT bas 8192 points (assuming a radix 2 
FFT) to yield an actual bin spacing of 1.22 
KHz and a resolution of approximately 6 
KHz. as a result of window spread. Using 
the digital tuner chi.p set. the band· of 
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interest can be shifted to DC while the 
data rnte Is decimated by a factor of 320 to 
yield and overa11 data rate of31.25 com­
pleit KSPS. The resulting FIT size 
required to achieve the 1KHz bin spacing 
can now be reduced to 32 points, thus 
signific-antly redUCing proCessor through­
put demand~. 

With the advent of lO's of MSPS ADCs 
and VLSI implementations of a digital 
tuner, a first step in pushing DSP 
toward the antenna has been taken. 
Further advancements in the respective 
technology areas guarantee higher 
sampling rates coupled with higher 
levels of integration for digital tuning 
and demodulation. The declining cost of 
technology i$ making DSP a desimble 
alternative for an expanding spectrum of 
communication problems. · 
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