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Memory-based digital filtering isconsidered inthe con­
textofhigh-speed (greater than 15 Mbaud) radio sys­
tems, where it finds application as an accurate and rapid
approach to synthesizing band-limited data signals for
transmission over Nyquist channels. Following brief
comments regarding the basic circuit architecture, feasi­
bility models for 16- and 64-QAM 9Q-Mb/s operation are
experimentally evaluated. Performance isfound to be
consistent with digital radio objectives and superior to
sophisticated analog designs.
Introduction

High-capacity digital radio systems rely onband-limiting filters
that afford minimal intersymbol interference (lSI) while making
efficient use ofthe available transmission spectrum. The mostcommon
approach to this challenge is to makeuse oflumped-element analog
filters. This technology requireslengthy development intervals that
often entail sophisticated analytic andempirical design methods. More­
over, these analog filters are costly in that theyrequire individual fac­
torytuningduringmanufacture. Whereanalog finite-impulse-response
(FIR) filters incursimilar limitations, digital FIR filters with multipliers
trade offinherentreproducibility andease ofrealizability against
increased expense andpower consumption, especially forhigh-speed
[greaterthan 15Mbaud (megabaud)] operation. Older binary transver­
sal filters (BTFS), with resistive registernetworks, sharemany ofthe
limitations oflumped-element FIR filters; newer BTFs or direct­
addressing FIR filters relyon discrete summers andcanbe awkward to
fabricate forhigh-level modulation.

The architecture used here is that ofa memory-based filter,
wherein addressesdefined from the binary bitstream at the transmitter
are used to lookup precomputed summed outputs that correspond to
symbol weighting ofa characteristic truncated impulse function. This
method has been applied to the design ofvoiceband modems. Since the
symbols ofan M-ary signal are themselves defined bythe binary stream
at the transmitter, the sametechnique is well suited to contemporary
multilevel quadrature amplitude modulation (QAM) radio systems. 1,2



Fundamental Principle.
The memory-based digital filter is basedon a

time-domain representation for a transmitted datastream
madeup ofshapedM-ary pulses, namely

The scopeofthis workincludes a briefreview of
the conceptual basis and presentation ofan analytic spec­
tral model appropriate to digital radio. These are fol­
lowed by a moredetailed discussion ofissues,perfor­
mance attainments, and design considerations relevant
to the attainment ofcomplementary spectraformega­
baud radio transmission. The transmitter filter is comple­
mentary in the sense that, forthe presentapplications,
the transmitter filter matches, in amplitude andphase, a
receiver filter, so as to provide an overall baseband chan­
nel that is nearly Nyquist, Le., free ofintersymbol distor­
tion. Approximately halfthe baseband Nyquist spectral
shaping appears at the transmitter; the other halfis at
the receiver. It should be notedthat, thoughthe present
focus is on transferfunctions band-limited to less than
the baudfrequency!b, the technique has been described
for arbitrary spectral shapingofM-ary signals. 3

The remainder ofthis paperis divided intotwo
sections. The firstbriefly presents the fundamental prin­
ciples. The seconddiscusses performance attainments,
notably theoretical and measured spectra, theoretical
and measured digital eyes,andmeasured probability-of­
error data. The error rate dataare presentedin the for­
matsofbit error rate (BER) versus signal-to-noise ratio
(SIN) forsingle-rail filtering and ofequipment signature
curvesforQAM operation. The performance dataofthe
secondsection is further divided intotwo subsections,
corresponding to 4- and 8-level signals appropriate to 16
and 64QAM, respectively. Asweshow, the numberof
discrete amplitude levels in the transmitted datastream
intimately affects the filter implementation and perfor­
mance capability.

cc

s(t) = L 0np(t - nT)
n=-oo

(1)

Panel 1. Acronyms in This Paper

ARF analog receiver filter
ATF analog transmitter filter
HER bit error rate
BTF binary transversal filters
CPU central processing unit
DIA digital-to-analog
DF digital filter
FCC Federal Communications Commission
FIR finite impulse response
IF intermediate frequency
lSI intersymbol interference
GPOP General-Purpose Optimization Program
LPF low-pass filter
PEC peakdigital eyeclosure
QAM quadrature amplitude modulation
RF radio frequency
ROM read-only memory
SIP serial-to-parallel
SR shiftregister

whereeachtransmitted symbol an describes oneofM
discrete amplitude levels, p(t) is the impulse response of
a spectral shaping function PU); andT is the interval
between the transmission ofsuccessive datasymbols.
For digital radio systems, PU) isband-limited to
f s liT and implies an infinite impulse response.
Nevertheless, it is often the casethatp(t) decays
quickly, a situation that applies to the raised-eosine, half­
Nyquist transferfunctions important to this study. Furth­
ermore, the band-limited nature ofthe transmitted sig­
nal, inconjunction with the Nyquist sampling require­
ment, indicates that bothp(t) ands(t) are uniquely
characterized by T/2-spaced samples ofthe transmitted
datastream.

The observations ofsuitable impulse windowing
andappropriate sampling are the basisformemory­
baseddigital filtering. The architecture depicted in Fig­
ure 1 illustrates the caseofa 4-level signal, forwhich the
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Figure 1. Functional
description of the
memory-based digital
filter, corresponding
to a 4-level signal
with characteristic
pulse spanning 2.5 T
and requiring a three­
symbol address. The
filter processes the
high-speed binary
bltstream input to
form an analog
output.

High-speed
binary bitstream

Clock (2/7)

+2

Upper
ROM

Lower
ROM

Analog output

impulse response is truncated to spantwo symbols. Each
transmitted symbol requirestwo bits (A, B) embedded
in the high-speed binarystream

.. ·A_ l B_1 A o Bo Al B l ...

The serial-to-parallel (SIP) converter transfers the
binary data to two parallel rails, with binary data
···A_IAoA l ···and···B_IBoB l ···.Usinga
T-clocked (synchronous) tapped delay linemadeup of
shiftregisters (SRs) , the symbol-rate datais passedin
parallel to address each oftwo read-only memories
(ROMS). This memory paircanbe viewed as providing the
two outputs requiredwithin each symbol period, as stipu­
latedby the Nyquist sampling condition. Observe that
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Figure 1also includes a digital-to-analog (D/A) converter
and low-pass filter (LPF). The DIA converter operatesat
the 2/Trate and introduces [sin(7tjT/2) l!(7tjT/2)
spectral shaping, denoted here as G(f) andcommonly
referredto as an aperture effect. An LPF is provided to
minimize aliasing by removing the periodic portion ofthe
outputspectrum.

Memory Requirements. Filter memory require­
mentsare closely tiedto the transmitter pulse length
and the numberoflevels in the M-ary signal. If the trun­
catedpulse requires] T/2-spaced samples, the address
lengthfor eachROM in Figure 1 is [(lOg2M) U/2)1bits
and there are 2 exp [(lOg2M) U/2)1addressable
memory locations. It is also apparent that, ina filter of
this type, memory demands canquickly become
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Figure 2. Baseband
communication sys­
tem. Spectral com­
ponents of the digital
filter, an external
low-pass filter, and a
receiver filter. The
external LPF Is usu­
ally analog.

prodigious. However, it has been notedthat addresses
canbe segmented intosmaller units, resulting in"partial
sum"ROMs with intermediate adders.' For example, an
address madeup of27bits and dictating oneROM with
134,217,728 memory locations is equivalent to three ROMs,
each with 512 addressable locations, andtwo intermediate
adders.In practice, care must be takento balance address
segmentation with the numberofROM and summerunits,
sincetheydirectly affect circuit complexity.

Spectral Matching. Asapplied in this work, the
transmittertransferfunction is spectrally matched to the
receiver, with the objective ofachieving a raised-eosine
Nyquist channel, N (f, a), with a roll-off factor a. Con­
sidering the baseband communication systemoutlined in
Figure 2,wehave

P(f)G(f)L(f)R(f) =N(f,a) (2)

whereP(f) is the transferfunction stored in digital
memory, momentarily assuming that the impulse func­
tionis not truncated; G(f) characterizes the aperture
effect; andL (f) andR (f) denotetransferfunctions of
the low-pass and receiver filters, respectively. The actual
pulse function used to define the stored memory con­
tents,p' (t), is derived by truncating p(t), which is itself
obtained from equation (2) aftersolving forP(f) and
performing an inverse Fouriertransform.

Oneapproach to assessing the extentto which
the transmitter and receiver are accurately matched after
truncating p(t) top' (t) is to firstnotethat the net chan­
nel impulse response w(t) is given by

w(t) H W(f) = p'(f)G(f)L(f)R(f) (3)

The peakchannel distortion, Dp, canthen be determined
by minimizing the intersymbol distortion function,

overthe range- T s 't ~ T, where't is the receiver timing
phaseand L' indicates that the summation excludes the
n = 0 term.This minimization was carried out usingcom­
puterprograms designed forthat purpose, and builds
on General-Purpose Optimization Program (GPoP) opti­
mization procedures.! The spectral matching approach
described above requiresthat the designer identify a roll­
offfactor and appropriate rangefor impulse truncation that
meetdesign objectives. For the two designs described
below, the roll-off wasclose to that ofthe receiver filter,
and the impulse wastruncated to spanseveral (4 to 8) sym­
bolperiods. Moreover, whatempiricism the design
method requiresis expedited by the fact thatP' (f) can
be changed within hours,with entiretransmitter filter
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with ~sb = liT - (1 + a) / (2T) = (1- a)j(2T). For
the present case, this stopband, sometimes referred to as
a guard band, extendsfrom 16.4 to 22.6 MHz. The guard
bandis sufficiently wide that distortion causedby the
LPF's amplitude and delay shapenear cutoff, partially
compensated by spectral matching, only slightly extends
intothe half-Nyquist shapebelow (1 + a)j(2T). We
havetheoretically found- that, if the LPF is removed com­
pletely, peak distortion is increased byless than 0.0037,

pass sectionsprovide delay equalization. Asingle valley­
typeamplitude equalizer section correctsforamplitude
distortion introduced by the delay equalizers. The
receiver filter transferfunctions (amplitude and phase)
weremeasuredon an automatic measurement system.

LPF design considerations. Unlike the receiver filter,
the LPF wasspecifically designed forthis application. A
satisfactory LPF designmustmeettransmitter emission
and adjacent channeldiscrimination requirements while
simultaneously minimally affecting the transmitted
basebandspectrum. The philosophy behindthis last con­
dition is that an LPF that hardly perturbsthe transmitted
baseband power spectral density should not significantly
affect (for better or worse) the digital peakeyeclosure.
This condition assures that a relatively looseand unso­
phisticated LPF designwill notdegrade systemperfor­
mance. To do otherwise-that is, to makethe perfor­
mance ofthe digital filter critically dependent on a com­
plexanalog LPF-would negatethe basic motivation for
this technological approach: to obviate the needfor com­
plicated analog transmitterfilters, with their attendant
difficulties.

Sucha simple LPF canbe used inconjunction
with half-Nyquist spectral shaping; this is accomplished
byplacing the LPF cutoffj, within the half-Nyquist stop­
band/sb• Frombasicequations forN(f,a), this is easily
shown to be

104

designscompleted in days. The designofpreciseanalog
filters fordigital radiohas easily requiredmonthsofeffort
by technical staffwith years ofspecial experience. More
specific designissues are discussed later in this paper.

Wecomment in passingthat methodsother than
the spectralmatching technique described above, which
includes simple truncation ofan infinite impulse response,
are possible. For example, Reference 6 describesanalytic
meansto derive finite impulse responses, which, when
convolved, provide optimal performance overband­
limited channels.

Performance Attainments
The previous section reviewed fundamental prin­

ciples ofmemory-based filtering as it applies to digital
radio. We note that the numberofdiscretesignal levels,
M, is an important parameterthat couldsignificantly
affect filter complexity and performance. This section is
consequently subdivided intotwo subsections, dealing
individually with filtering of4-level and 8-level signals for
16- and 64-QAM transmission, respectively.

Four-Level Spectral Shaping. The first example
addresses designissues and performance attainments of
a 4-level, 22.631-MHz (megahertz) memory-based filter
that spectrally matchestransmitterlow-pass and receiver
half-Nyquist filters. Paralleling the schematic channelof
Figure2,we describethe analog receiver and low-pass
filters, followed by comments relating to impulse trunca­
tionand spectral issues.The subsection concludes with
a discussion ofperformance characteristics.

Analog Receiver Filter. The analog receiver filter
(ARF) waspreviously designed fora 6-GHz (gigahertz),
9Q-Mb/s (megabits per second) QAM digital radio system
(theAT&T DR6 digital microwave radiosystem) employ­
ingraised-cosine Nyquist filtering with 45-percent roll-off
and a 22.63-Mbaud symbol rate.? The approximate half­
Nyquist (:: .yN (f, a) ) shapingat the receiver is realized
by usinga single, bump-type, amplitude equalizer sec­
tion; stopband requirements are achieved witha
seventh-degree, inverse-Chebyshev LPF; and three all-
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provided !!..fsb T ~ 0.25. This condition applies to raised­
cosine andhalf-Nyquist filtering with roll-offs less than
0.5. For roll-offs greater than that, the guard band is pro­
portionately smaller. Minimal performance degradation
associated with the LPFis still attainable, thoughit could
place greater demands on the filter design. Onthe other
hand, the larger roll-off corresponds to a wider baseband
spectrum and,therefore, a more"compact" impulse
response. For the sameamount ofmemory, this usually
translates intoreducedpeakdistortion and permits a
corresponding relaxation ofLPFperformance.

The LPFused here is a fifth-order Chebyshev
filter designed for 0.025-dB (decibel) peak-to-peak pass­
band ripple. The high-frequency cutoff is selected to occur
at 18MHz; the filter has a single transmission zeroat 30
MHz, with a minimum stopband response of-43 dB
beyond that point. Measured datareveal that little ampli­
tude or phase shaping appears below the half-Nyquist
bandat 16.4 MHz. Filterdesign, fabrication, and

experimental characterization were completed in less
than a day.

Spectral Issues. The composite receiver andLPF
transferfunction L (f) R(f), with Q-Hz flat loss removed,
is presentedin Figure 3.Using this measured datawith
equation (2), weform the required synthesizer response,
P(f) G(f) = N(f,a)/[L(f) R(f)], that approaches a
full-Nyquist raised-cosine channel when cascaded with
the LPFandARF.

With the measured dataofFigure 3 andthe func­
tional form for G(f) statedearlier, p(t) is evaluated via
an inverse Fouriertransform. For this 4-level design,
p(t) wasapproximated by usingjust nine samples
between -2T s t $; 2.5T.Withp' (t) thus defined, P' (f),
the transferfunction storedin the synthesizer memory,
and then w(t) , the overall channel impulse response, are
computed. For this relatively coarseimpulse truncation,
equation (4) predicts a minimum distortion of0.0297 for
a = 0.42. (The roll-off factor may be viewed as an inde-
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Figure 4. Comparison of channel amplitude transfer func­
tions corresponding to Ip' ( f) G( f) L( f) R( f) Iand
N( f ,a = 0.42), the former predicated on fb = 22.631 MHz
and a pulse spanning 4.5 T.

pendentparameterthat, in conjunction with pulselength,
canbe used to minimize overall channel distortion. How­
ever, ex cannotbe selected in isolation, sinceit also
affects adjacent channel interference andthe ability to
meetemission maskcriteria.) The corresponding peak
digital eye closure (PEC) , defined by PEC M = Dr (M - 1),
is 8.9 percentfor 4-level signals. This theoretica PEC,
which doesnot include quantization effects associated
with the digital circuit realization, is competitive with
theoretical eyeclosuresattained usingadvanced analog
filter technology. The effect ofquantization noiseassoci­
atedwith the finite word lengthofthe ROM outputs is
accurately modeled as a peaksignal-to-quantization noise
ratio with binarycoding. FromReference 8,wehave

106

(SIN) dB = 4.8 + 6m (6)

Figure 5. Channel phase response corresponding to the
amplitude characteristic of Rgure 4.

wherem is the outputword length. With m = 8,SIN =

52.8 dBandwasconsidered negligible forthe 16-QAM
application.

For the truncated impulse response described
above, inconjunction with the measured data,
L(I) R (I), the expected end-to-end channel amplitude
transferfunction, IP' (I) G(I) L(I) R(I) I,wascom­
putedfor ex = 0.42. Asshown in Figure 4,comparison
with the ideal Nyquist response is quite good, consider­
ingthe relatively short lengthofthe pulse function pI (t).
The expected channel phase response is similarly
presentedin Figure5 andatteststo the relatively flat
phase response achievable. (The unusual phasecharac­
teristicbeyond approximately 14.4 MHz, due to nulls in
the corresponding amplitude shape, is oflittle conse­
quence, sincebeyond that point the overall amplitude
response is down over20dBfrom its Q-Hz level.)

Four-Leve' Shaping Perfonnance. The preceding
remarksprimarily dealwith theoretical performance
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Figure 6. Transmitted amplitude spectrum measured with
and without LPF. The LPF affects the baseband spectrum
only at high frequency, where the channel response is low
anyway.

measures.Turning attention to the experimental realiza­
tion,we used the truncated impulse response to compute
the signaloutputfor each of1024 unique addresses in
both the upper and lowerROMs. The signalswere first
scaledso that the maximum outputcouldbe represented
by an 8-bit word,and then individual outputswere
rounded to an 8-bit representationfor storage in the filter
memory.

Spectra. Usingan 8-bit D/A converter, we meas­
ured the transmittedamplitude spectrumwithand with­
out the LPF; the spectrum appears in Figure 6. Note that
the LPFdoes not begin to affect the baseband spectrum
until20MHz, where the amplitude response is down
over30dB. Consequently, the quality ofthe overall com­
munication channelwould probabily be insensitive to

Figure 7. Measured 4-level digital eyes. The eye openings
are highly symmetrical and their size agrees closely with
that predicted by theory.

manufacturing variations in the assembly ofthat com­
ponent. Secondly, the measuredresponse beyond
approximately 23MHz represents the periodic portion
ofthe spectrum. The spectralnullnear 45MHz is due
to the aperture effect, withthe first zero in IG(I) I =
I[sin (1tjT/2) l/(1tjT/2) Ioccurring at! = 2/T.

These channelspectra maybe considered of
secondaryinterest only; the immediate concernis to pro­
videa raised-cosine channelthat is predominantly free of
lSI.As noted elsewhere, twoofthe more relevant meas­
ures ofchannelquality are actually peakdigital eye clo­
sure and probability-of-error data. These measures are
discussed in detailbelow.

Digital eye closureand BERversus S/N. Four-level
digital eyes, shownin Figure7,were measuredby using
a 45-Mb/spseudorandom data source.The pronounced
symmetryofthe eye openings attests to a linearchannel
phase characteristic, as anticipated fromthe theoretical
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measure ofintersymbol interference is HER. Performance
wasassessedusingtwo filters driven from independent
45-Mb/s datasources. The two baseband digital data
streamswere modulated to form a 16-QAM signal with a
70-MHz intermediate frequency (IF). After Gaussian
noise wasinjected intothe IF signal, the QAM signal was
demodulated to baseband, filtered bythe analog receiver
filter, anddelivered to a HER test set.The modulatorI
demodulator pairare standard designs used in the AT&T
OR6 radio system. Measured HERs as a function ofSIN
appearin Figure 8,which includes theoretical perfor­
mance accompanied by experimental dataforbotha OF­
LPF-ARF configuration incorporating a digital filter (OF)
and the traditional ATF-ARF combination incorporating an
analog transmitter filter (ATF). The virtually identical per­
formance attained with these filter arrangements (the
two experimental curves lieon top ofeachother) is not
unexpected, given the individual theoretical PEe perfor­
mance measures of8.9and 10.7 percent, respectively.
Additionally, the datapresented in Figure 8 should be
considered in the following context: the analog filters in
the ATF-ARF arrangement are extremely precise andwere
developed aftermonths ofintense development; in con­
trast, the OF andLPF wereboth designed inseveral days.
The digital transmitter filter offers the furtherattributes
ofinherentreproducibility anda manufacturing cost that
is competitive with the analog designs.

Equipment signature curves. Asnoted in the intro­
duction, equipment signature curves are an especially
important performance measure forQAM digital radio
applications. The equipment signatures are obtained by
stressinga radio systemwith a two-ray multipath fade,
modeled afteroneused in the widely cited work of
Rummler.? The equipment signature corresponds to a
10-3 HER locusas the fade-notch depthandfade-notch
position (relative to the carrier) arevaried acrossthe
channel band. These signatures do notinclude noise, but
do include degradations associated with modulationl
demodulation andcarrierandtiming recovery. Measured
equipment signatures, accurate to ±0.25 dB, are

26

DF-LPF-ARF combination
and analog filter pair

20 22 24
Signal-to-noise ratio

18

10-5 r------,r--~---------...,

dataofFigure 5.Additionally, the visible eyeopenings in
Figure 7 are approximately 10.7 percentand showgood
agreement with a theoretical value of8.9percentcom­
putedfrom equation (4).

Measured digital eyes afford only a qualitative
measure ofdigital systemperformance. Amoresensitive

Figure 8. Measured BER versus S/N for both ATF-ARF (ana­
log filter pair) and DF-LPF-ARF configurations, with theoreti­
cal (Ideal performance) data shown for comparison. The
ATF-ARF curve Is virtually Identical to the DF-LPF-ARF curve;
the two appear superimposed in this plot.
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presented in Figure9 and reveal no significant difference
between the DF-LPF-ARF andATF-ARF arrangements. This
observation shouldagain be interpreted in lightofprevi­
ous comments as to relative designeffort, development
time, and reproducibility ofthe alternative transmitter
filter approaches.

Nonlinear RF spectral spreading. The LPF servesthe
important functions oflimiting the basebandtransmitter
spectrumwhile simultaneously preserving the nominally
half-Nyquist shape. In digital radio, the transmitted RF
signal exhibits the effect ofspectralspreading due to
nonlinearities introduced duringpoweramplification. To
keep the transmitted spectrumwithin FederalCommuni­
cations Commission (FCC) emission mask requirements
and assure minimal interference withother ("foreign")
radio systems, the basebandspectrummust be carefully
band-limited.

Measured 1-watt RFpowerspectral densities
[l0-kHz bandwidth, 0-dB normalization at a 6.0045-GHz

carrierfrequency, -47-dB noise floor] for the DF-LPF
arrangement appears in Figure 10with the FCC emission
maskrequirement. 10 The measurements indicate that the
digital filtering schememeets the emission maskrequire­
mentat allfrequencies above andbelow the carrier.

An interesting feature is the lobesin the skirtsof
the RFtransmitted spectrum. The lobesare due to trun­
cation ofthe impulse response and are analogous to the
Gibbs phenomenon in Fourierseries. While these lobes
evidently meet the emission mask, theycould adversely
affect the interference environment forother6-GHz radio
systems, particularly if the carrierfrequencies havea
wide (15- to 30-MHz) offset. The influence ofthe trans­
mitted RFspectrumon other digital and analog radio sys­
tems has been determined bycomputing the necessary
carrier-to-interference (e/l) objectives foroperation with
the DR6 radiosystem. (That is, the foreign system carrier
power, relative to the DR6 interfering power level, neces­
sary for satisfactory foreign systemoperation, has been

AT&T TECHNICAL JOVRNAL. SEPTEMBER/OCfOBER 1990



Figure 10. Measured 1-watt RF transmitted power spectral
densities for the ATF and DF-LPF filter arrangements.

Those measures-which include theoretical and meas­
ured power spectral densities, digital eye closure, HER­
versus-SIN data, equipment signature curves, andRF
spectral measures-attest to attainments at leastas good
as those achieved with advanced analog filter technol­
ogy, especially whenthe short development interval and
inherentreproducibility are considered.

The digital filter andLPF design is expedited by
usinga series ofcomputer programs developed for this
application. The programs firstautomatically measure
and then mergethe ARF andcandidate LPF transferfunc­
tions. For independent values ofa, pulse functions p' (t)
are then derived by:
1. Removing linearphasefrom L(I) R(I), equivalent to

a shiftin the timedomain
2. Normalizing that transferfunction to 0 dB at 0 Hz
3. Introducing varying amounts oftruncation.
Foreach pulse thus obtained, the PEC M is theoretically
computed. With a bounded by0.35 ~ a s 0.5, the pro­
cess is completed injust several minutes ofcentral pro­
cessingunit (cpu) time.

Eight-Lev.1 Spectral Shaping. The preceding sec­
tionsfocused on design considerations andperformance
attainments associated with spectral shaping transmitted
4-level signals. Because digital radio systems are migrat­
ingtoward higher levels ofQAM, andbecause successful
designs forthat situation illustrate approaches not
exploited in the preceding example, weoffer now an
example ofan 8-level filter, a morerigorous test ofthis
filter approach. The greater challenge arisesfrom the
use ofa longerpulse function storedin memory and
longerdigital words for signal representation. The neces­
sityfora longerpulse follows from the observation that
peakdigital eyeclosure scaleslinearly with M, while
memory requirements forthe longersampled pulse
growexponentially.

Analog receiver filter. Unlike the ARF used in the 4­
level case,the receiver filter for the 8-level system was
specifically designed forthis example. The raisedcosine
roll-off is approximately 45percent, the symbol rate is
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computed. The lower the ell objective, the less suscepti­
ble a systemis to interference from a DR6 system.) The
ell objectives fora variety ofradio systems, assuming
0.5- and 1-watt DR6 operation, appearinTableI. For each
radio system, the tablegives the ell objective as a func­
tion ofcarrier separation forbothATF andDF-LPF filtering.
The datashowthat the ell ratiosare generally equivalent,
particularly forcarrier separations of0 to 22.5 MHz. For a
3D-MHz separation, the DF-LPF option tends to establish
ell objectives that are slightly morestringentthan those
for theATF. For 1-watt DR6 operation, whereell ratiosfor
DR6 with ATF are available only for systems in theTH
series, the use ofDF-LPF doesnot degrade the relative
interference environment.

Fou....Lev.1 Spectral Shaping: Summary. Performance
measures for the 4-level, 22.631-MHz memory-based
digital filter were summarized in the paragraphs above.
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Table I. C/IObjectlves, dB, for Operation with the AT&T DR6 Radio System for ATF (or DF-LPF)

Carrier separation (MHz)
Foreign
system* 0 7.5 15 22.5 30

TM-600 54 (55) 54 (55) 49 (50) 20 (24) 20 (20)
TM-900 59 (60) 59 (59) 56 (56) 34 (35) 20 (20)
TM-1200 63 (63) 62 (62) 60 (59) 40 (45) 20 (21)
TM-1200 73 (73) 72 (72) 69 (69) 48 (49) 23 (30)
NW-1200 73 (73) 72 (72) 69 (69) 49 (50) 34 (30)
TH-l800 79 (79) 77 (77) 76 (76) 69 (69) 37 (42),42 (41)t
TH-1860 81 (74) 79 (79) 78 (78) 70 (70) 37 (42),42 (41)t
TH-2400 79 (79) 76 (77) 76 (77) 74 (75) 50 (51),50 (51)t
TH-18DV 79 (79) 77 (77) 76 (76) 69 (69) 37 (42)
TH-24DV 79 (79) 76 (77) 76 (77) 74 (75) 50 (51)
Video 64 (64) 64 (64) 57 (57) 42 36
Single sideband 64 (65) 64 (65) 64 (65) 64 (65) 46 (47)
DR~30 65 (65) 64 (63) 61 (60) 54 (53) 29 (29)
RDS 65 (65) 68 (68) 68 (67) 66 (66) 61 (62)
NEC1~QAM 65 (65) 65 (62) 61 (58) 56 (53) 45 (40)
Vidar 65 (67) 66 (64) 57 (59) 43 (43) 20 (22)

*These radio systems are more fully described inReference 11. tDR6 at 1 W.
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15.088 Mbaud, andthe analog designapproach is similar
to that described in the discussion ofthe ARF under
"Four-Level Spectral Shaping."

Low-passfilter. Fromthe section "LPF Design Con­
siderations," wenotethat the simple LPF requires
redesignfor eachapplication that uses a significantly dif­
ferenthalf-Nyquist stopband. To avoid excessive distor­
tion, the LPF cutoff'/e, is placed within the stopband,
which, for the presentbaud rate and 45percentroll-off, is
approximately 10.9 MHz «t; ~ 15.1 MHz. The LPF is
again a fifth-order Chebyshev designwith 0.025-dB
peak-to-peak ripple, the high-frequency cutoff is nowt; =

12MHz (observe that/, lieswithinlsb) , a single
transmission zerooccursat 19.3 MHz, and the minimum
stopband response is -42 dB.

Derivation of the digital filter pulse function. Asbefore,
LPF and receiver filter transferfunctions wereobtained

bydirectmeasurement, followed bycreation ofa com­
puter file that storedthe composite resultafter removing
flat lossat 0 Hz. Unlike the 4-level example, however, the
receiver filter wasdesigned specifically forthis case. In
particular, special effort was made to hold the phase as
linearas possible overthe frequency rangefor which
there wasa significant amplitude response (out to
approximately 9 MHz). Experience has shown that a
moresymmetric (even) transmitter pulse betterlends
itselfto truncation (i.e., tends toward smaller eye closure
foran equivalent pulse length) thanthosethatare not­
ably asymmetric.

The measured composite response, with equa­
tion (2), yields a filter transferfunction, P(f) G(f), that
provides a full-Nyquist channel. For ex =0.45, with P' (t)
defined by 18samples, the PEC foran 8-level signal was
computed as 15.0 percent (thecorresponding eye
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Werethe two-ROM architecture ofFigure 1again used,
eachROM would be addressed bya 27-bit word and
would require134,217,728 memory locations. Since
memory ofthat sizeis impractical with today's technol­
ogy, the addresswas segmented intothree 9-bit words,
and the partial-sum ROMs wereaugmented with two
intermediate adders.

In addition, precision wasenhanced by
representing the memory outputby 12bits and retaining
10bitsofaccuracy throughthe adders, which werefol­
lowed by lO-bit ND conversion. The 12-bit output from
each unitofa functional memory pair (thetwo outputs
within each symbol period) wasactually accomplished
by three ROMS, eachwith an 8-bit output. Two ROMs pro­
vided the 8 mostsignificant bitsfor two outputs; the 8-bit
outputfrom the third ROM wassplitinto two 4-bit words,
eachproviding the 4least significant bits in the desired
12-bit signal representation.

Eight-Leve. Shaping Perfonnance. Asbefore, the
truncated impulse response wasused to compute the
outputforeach ofthe unique addressesto the nineROMs
required in the filter (three sets ofpartial-sum ROMs,
each set madeup ofthree ROMs forthe expanded word
length). The signals werescaled so thatno symbol
sequence could causeoverflow in the composite adders
orD/A converter.

Spectra. The transmitted amplitude spectrum
wasmeasured with andwithout the LPF, andappears in
Figure 11. While notpresentedhere, a comparison ofthe
measured synthesizer output, without the LPF filter,
shows excellent agreementwith theoretical data (also,
see Reference 3). In addition, Figure 11 indicates that the
LPFprovides a transferfunction that eliminates the
periodic portion ofthe spectrum without significantly
affecting the baseband portion. In this case,the LPF first
exhibits a discernible effect near 13.5 MHz, where the
transmitted shapeis already down -40 dB.

Digital Eyes and BER versus S/N. Digital eyemeas­
urements appearin Figure 12. The dataofthis figure
apply to two cases: an analog transmitter and receiver
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closure fora 4-level signal would be 6.4 percent), a per­
formance measurecompetitive with that attained by
using sophisticated analog technology. The theoretical
end-to-end transferfunction, P' (f) G(f) L (f) R(f), was
computed andcompared with the ideal Nyquist function,
N(f, ex = 0.45); both the amplitude and phasecharac­
teristic attested to a spectral matchsuperiorto that
achieved in the 4-level example.

Memory size and digital word length. The prototype
filter wasconstructed by storingin memory signal values
basedon 18T/2-spaced samples ofthe impulse function.

Figure U. Transmitted amplitude spectrum measured (a)
with and (b) without LPF.
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Figure 12. Measured
8-level digital eyes:
those on the left
correspond to the DF­
LPF-ARF combination;
those on the right to
an analog filter pair.
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Memory-based digital filter with
analog low-pass and receiver filters

filter pair (early feasibility models for a 64-QAM 22.&­
Mbaud radio system12) and the DF-LPF complementing
the ARF previously described. The different performance
measuresare qualitatively evident, with the former case
corresponding to an eyeclosure of18.5 percentand the
lattercase, 11.7 percent. The measured 11.7 percent
value compares favorably with the theoretical 15.0

Analog transmitter and
receiver filters

percent, especially sincethe measured datadonot reveal
eyeclosure peaks.

BER-versus-SIN measurements were made by
techniques similar to thosedescribed under"Digital Eye
Closure andBER versus SIN' for4-level shaping. Fig­
ure 13compares theoretical (ideal) performance with
that measured usingthe DF-LPF-ARF configuration. The
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DF-LPF-ARF
combination

Conclusion
Memory-based digital filters are an efficacious

meansto shapetransmitted datasignals. After giving a
briefreview ofbasicprinciples, wehave documented the
performance attainments ofthis technology forthe
extremely important caseofcomplementary half-Nyquist
filtering in high-speed digital radio. In the firstexample,
4-level, 22.63l-Mbaud datawereconsidered. The impulse
response ofthe desiredspectrally shapedtransmitted
datawereaccurately described by impulse truncation
beyond 2.0T:5: t :5: 2.5T,andmemory requirements are
readily metusing lK x 8ROMs. The overall communica­
tionchannel's performance measures (digital eyes, peak
eyeclosures, BERs, andmultipath signatures) are com­
petitive with sophisticated analog filter pairs. The
memory-based digital filter offers the benefits ofreduced
size, less cost, inherentreproducibility, anda shortened
development interval.

The seconddesignexample is, in several
respects, moresignificant than the first. For the 8-level
case, the dualapproaches ofaddresssegmentation and

following measureswereassessed: theoretical and meas­
ured spectra, digital eyes,andBER-versus-SjN data. As
before, the transmitter filter exhibits capabilities compar­
able, if not superior, to that attained with advanced ana­
logmeans. Again, this digital approach offers inherent
manufacturing reproducibility andshorteneddevelop­
ment intervals, with the potential for less cost.

Just as digital radio systems have evolved to
higher modulation levels, it is plausible to expectIf-level
(25&-QAM) systems to become economically attractive to
service providers in the future. Where4-level and8-level
modulation required lo-bit (5samples, 2 bits/symbol)
and27-bit (9samples, 3 bits/symbol) addresses, respec­
tively, a If-level systemwill surelyrequiremore. Yetthe
resultsofthis section, coupled with declining costsand
power consumption ofdigital devices (memory, SIP and
DIA converters, SR), suggestthat this generalapproach is
viable forfutureradio systems.

3226 28 30
Signal-ta-noise ratio (dB)

10-8 L--__--L ....LL__--L.L--__--J

24

10-5 r-----r-,.------------,

Figure 13. Comparison of theoretical (ideal performance)
and measured DF-LPF-ARFdata for 8-level operation.

figure reveals that the experimental 8-level dataare quite
similar-relative to ideal performance-to that measured
forthe 4-level DF-LPF-ARF case.

Eight-Level Spectral Shaping: Summary. The
material above reviewed the design approach andperfor­
mance capabilities foran 8-level digital filter that makes
use ofpartial-sum memory unitsandexpanded output
word length. For this l5.088-Mbaud example, the
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wordlengthexpansion are important adjuncts wherepre­
cise filtering requiresstoredpulse functions that would
otherwise be impractical with today's digital technology.
The digital filter is again used to complement an analog
receiverfilter and provide a communication channel with
eye closuresandBERs comparable to those ofstate-of­
the-artanalog methods.
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