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Abstract—A direct-sequence spread-spectrum packet radio is described
which has versatile signal processing and local control capabilities
designed to support the functions required of a robust mobile communi-
cations network. Noteworthy capabilities include 11 selectable data rates
with accurate range measurements in a fading multipath channel. The
radio employs a hybrid analog/digital signal processor and nonrepeating
spreading codes for suppression of intersymbol interference and jam-
ming. It incorporates two sets of monolithic surface-acoustic-wave
convolvers as programmable matched fifters with time-bandwidth prod-
ucts of 64 and 2000. The analog matched filters are coupled with binary
postprocessing for the functions of detection, RAKE demodulation, and
ranging measurements over a wide multipath spread. The data rate can be
selected, in response to varying channel conditions, from 1.45 Mbits/s
down to 44 bits/s with an almost ideal tradeoff in signal processing gain
from 18 dB up to 61 dB prior to multipath combining.

I. INTRODUCTION

HE need for high performance and flexibility in digital

communications has caused considerable interest in packet
radio networks [1]-[4]. Packet radio usually implies a data
network (although it is sometimes applied to digitized voice)
which uses multiple repeater sites shared among the users to
forward information between two points in the network. Each
message is parsed into packets of data which are individually
routed through the network and recombined at the destination.
The flexible resource sharing obtained with packet switching,
combined with versatile computer control of radios for
networking, makes packet radio well suited to communication
between large numbers of computers.

Ground-to-ground radio communications is often severely
hampered by multipath. Narrow-band communications are
typically subject to multipath fades of 20-30 dB in an urban
environment. Often these losses are compensated by increas-
ing the transmit power, which can exacerbate interference in a
network environment. Alternatively, direct-sequence spread-
spectrum communications provide an inherent frequency
diversity which makes it highly resistant to multipath. Addi-
tionally, the correlation peaks that result from the demodula-
tion of the spread-spectrum signal at the receiver are readily
detected allowing the multipath channel to be estimated and
diversity combined to improve reception [5]. Direct-sequence
spread spectrum overcomes the problems of communicating
over widely varying multipath channels.

This paper describes the development of a demonstration
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packet radio which exploits advanced signal processi
technology for high performance mobile network communic
tions. The network must withstand multipath and interferen
and maintain privacy. In this paper, the discussion regardii
anti-multipath processing will be highlighted. More deta
regarding the operational protocols and network requiremer
are presented in [6].

The signal processing is based on surface-acoustic-wa
(SAW) convolvers used as 100-MHz-bandwidth programm
ble matched filters for demodulating the pseudonoise (P]
spread-spectrum waveform [7], [8], [9]. SAW convolve
exhibit a number of noteworthy attributes, among which a
the combination of large processing bandwidth and lar
interaction time. These characteristics allow completely asy
chronous-matched filter operation, thus alleviating the oft
encountered problem of PN code acquisition time.

Another advantage is the programmability which allows t
reference to be changed constantly at the full signal ban
width. Thus, each data bit can have a new PN code. Amo
the advantages of having a continuously changing PN code
the multipath resistance when using high data rates. Data rat
on the order of 1 Mbit/s and higher can suffer frc
intersymbol interference in typical broadcast environments.
this situation, the multipath generated from each bit exten
into one or more successive data bits. The changing codes w
decorrelate the intersymbol muitipath between successive d:
bits.

Because of the requirements imposed by changing netwc
situations, it is desirable to provide a means for trading d:
rate for processing gain. Thus, in an environment with seve
interference, the communication link could be restored
employing a lower data rate to achieve the necessary incre:
in receiver processing gain. Two sets of SAW convolvers ¢
used in this radio, depending on data rate selection, providi
18 or 33 dB of processing gain. A hybrid correlator techniq
has been devised which combines convolvers functioning
matched filters with full bandwidth binary-quantized integ
tion [8] to further increase the processing gain when nec
sary. The total processor provides data rates from 1.45 Mbi
s to 44 bits/s, with a nearly ideal trade of data rate
processing gain from 18 dB to over 61 dB, thus allowing
‘‘graceful degradation’” in severe conditions. Although it
unrealistic to expect that the lowest data rates will support 1
overhead required to maintain a mobile network, it does all
for a realistic operation where a brief but essential mess:
must be communicated to a radio suffering severe chan
difficulties.

The variability of multipath profiles between mobile us
creates problems with data demodulation and with recei
signal arrival time measurements. Techniques have be
developed to sound out the multipath channel and perfo
RAKE demodulation of the data [10]. Precise measurement
time of arrival (TOA) and information on the time of transi
are required in the network to determine the signal transit ti
and the clock offset between radios. The transit time is
for interradio range measurements which allow the network
determine the relative location of each of the radio nod
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which must be constantly updated in a mobile network. In a
diffuse multipath environment, the TOA will generally be
incorrect because the line-of-sight propagation path will be
blocked. Both coherent and noncoherent integration tech-
niques have been developed for detecting leading multipath
components which are too weak to be simply detected at the
output of the matched filter. Detection of weak multipath
precursors provides significant improvement in range-mea-
surement accuracy. Anticipated multipath processing require-
ments are based in part on propagation measurements taken
early in the packet radio program at Stanford Research
Institute [11] and aspects of the architecture are based on
results obtained by Turin [5], [12]. The L band and RF link
parameters were taken from the DARPA experimental packet
radio program [1].

(a) Block diagram of the radio with the control interface on the left
and the data interface on the right. (b) Photograph of the radio hardware.
The L band RF unit is on the right. The other three units reside in the
chassis on the left.

The radio described combines a collection of unique
features which together provide robust, private communica-
tions in spite of multipath, interference, and jamming. The
number of controllable parameters and observable features is
quite large, and it should be kept in mind that the ability to take
advantage of all these features is beyond the state of the art of
current network protocols. Substantial work will be required
to understand how these radios can best to used to support
tactical packet radio networks.

II. RADIO ARCHITECTURE

Fig. 1(a) shows a block diagram of the radio, which consists
of an RF unit, a modem, an error control unit (ECU), and a
microcomputer. A photograph of the hardware is shown in
Fig. 1(b). The RF unit performs the required frequency
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translation and contains the AGC and transmit power control.
It is designed to operate between the allocated experimental
packet radio RF band centered at 1.8 GHz and the convolver
IF band centered at 300 MHz. The modem exploits the SAW-
based technology to provide multifunction spread-spectrum
signal processing. It performs the modulation and demodula-
tion between the baseband data from the ECU and the IF
waveform from the RF unit, respectively. There are several
data bit modulations used depending on data rate and channel
conditions as discussed in later sections and the IF modulation
used is minimum shift keying (MSK). The ECU performs
convolutional encoding and sequential decoding [13], cyclic
redundancy check, and data interleaving of baseband data
between the microcomputer and the modem. The microcom-
puter runs low-level network algorithms, packetizes the
messages, and sets up the local ratio activity, transferring data
packets to and from the ECU. This paper will primarily
discuss the design and operation of the modem.

During data transmission, a packet is sent from the
microcomputer to the ECU to be encoded. The encoded data
packet then goes to the modem where a data link level header
is attached and the entire packet is modulated into the IF band.
In the RF unit, the modulated packet is upconverted to the
carrier frequency and transmitted. During receive, the signal
enters the RF unit where it is downconverted to the IF band,
normalized by automatic gain control, and directed to the
modem. The modem synchronizes to the packet, determines
the packet parameters [6], and demodulates the IF signal into
baseband data bits which are sent to the ECU for decoding.
The data link header, which describes the modulation and
coding parameters of a packet, is stripped off in the modem so
the type of signal processing, error correction, and packet
length are known by the modem and ECU. From the ECU the
decoded data packet is sent to the microcomputer for network
level processing.

The time scale for radio control is divided into 10 ms
control time slots that allow the microcomputer to read the
radio status, change parameters, and generate activity in the
radio [14]. In addition, the network uses these time slots to
change spreading code seeds (PN start vector), control
contention, and align global time of day. The modem must
react to the control-time slot activity with much finer
resolution and consequently implement radio utilities, such as
transmit/receive prioritization, and perform packet communi-
cation. Interface logic allows bidirectional information flow
between the network-level microcomputer and the modem
signal-processing circuits. The modem may thus relay infor-
mation regarding channel characteristics such as number of
multipaths resolved for demodulation in a particular packet. In
this way the channel statistics may be correlated with network
level data such as the self-location information. Packets are
typically 1000 bits long but can vary from 256 bits to over
8000 bits depending on network conditions.

III. SIGNAL PROCESSING
Comparison of Matched Filtering and Correlation

There are two receiver processes that are used under
differing network conditions, creating two distinct operating
modes of the radio. In general, the process of matched filtering
the data bit provides a completely asynchronous method of
demodulating the received signal. The process of correlation
against an actively generated reference code [15] provides a
synchronous method of demodulation. While matched filtering
creates an output that is continuous in time representing all
time relationships of the reference and the signal, correlation
creates only one output sample, representing one value of the
time relationship between reference and signal. As a conse-
quence, a matched filter using convolvers requires simultane-
ous interaction with the entire reference waveform, whereas
the correlator does not. Lowering the data rate for greater
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signal-processing gain in a matched-filter receiver require:
longer interaction time which is limited by available techn
ogy. For example, a wide-band SAW devices have upper tin
bandwidth product limits of about 2000 because the interacti
time is typically limited to 20 us for 100 MHz devices [1
[17]. On the other hand, higher processing gain in f
correlator is readily accomplished by integrating over a long
period of time [18].

A single correlator requires an accurate prior estimate of 1
arrival time of the signal for rapid acquisition. Alternatively
bank of correlators running simultaneously can be operatc
each with a relative time shift of the waveforms increment
by the inverse of the bandwidth. Thus, a less accurat
estimated arrival time may be accommodated by framing 1
expected time window with the correlator bank. For inif
detection, this correlator bank requires a total search ti
which equals the uncertainty in receiver timing multiplied
the processing gain, divided by the number of paral
correlators in the bank of detectors. In the matched filter,
the other hand, initial detection of a signal of unknown arri
time is immediate once the signal passes completely throu
the filter. Thus, the matched filter exhibits no code acquisiti
problem.

The radio described here uses a receiver which functions
the matched-filter model when that provides sufficient pr«
essing gain; otherwise, it uses a parallel-correlator mode.
circumvent the correlator code acquisition problem wt
using the very high-processing gain mode for initial detect:
the timing uncertainty is reduced by prescheduling the arri
of packets. This prescheduled receive is treated as a spec
case in the local control by the microcomputer. Af
synchronizing to the earliest detectable multipath with
matched filter (as described in a later section), the multip
echos that are used for RAKE demodulation appear at
output delayed in time. Alternatively, once detection I
occurred for the correlator, the reference waveform and
correlator bank are retimed to align the correlator bank w
the multipath processing window. Sequential readout of
correlator directly provides the multipath samples over a de
spread similar to that of the matched filter.

The correlator is also used in a special packet format wh
the modem asynchronously detects with the matched filt
synchronizes, and then the data portion is further process
with the correlator. As well as data demodulation, the m
accurate range measurements are performed in this way.

The Hybrid Processor

A simplified block diagram of the signal processing in
modem is shown in Fig. 2. It consist of a programma
analog matched filter, an analog-to-binary interface, anc
digital postprocessor. The matched filter uses two 22 us I
convolvers or four 1.4 us long convolvers, depending on d
rate, to provide continuous input time coverage by alternat
steering the time-reversed reference waveforms between e:
convolver. The multiple convolvers are required to implem
the specific data-bit demodulations used in each data rate
will be described in the analog processor section. 1
interface performs both coherent (/ and Q) and envel
detection creating several different 200 MHz bandwi
binary-quantized input streams which are directed to
digital processor which selects from among these foi
particular operating mode. The different modes are introdu
here and described in more detail later.

If there is sufficient input signal-to-noise ratio (SNR)
digital processor performs the initial detection process direc
on the output of the matched filter. Alternatively, if additio
processing gain is needed, the binary integrator is used
implement a correlator bank and initial detection is tl
performed at the integrator output, as indicated in Fig.
Similarly, with sufficient signal input, RAKE processing n
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The hybrid analog/digital signal processor is located in the modem.

The analog processing (left) feeds the digital processing (right) through the
analog-to-200 MHz binary interface. The block-labeled convolvers consist
of two 22 ps-long and four 1.4 us-long devices used in time-staggered
fashion in order to process continuous input time at the for DPSK and
orthogonal signaling with continuously changing, propagating reference

codes.

be performed directly on the matched filter output as in the
1.45 Mbit/s and the 90 kbit/s data rates,while the flower
input-SNR operation, binary integration will occur prior to
RAKE processing. When RAKE is performed at the 90 kbit/s
rate, the binary integrator is also used to perform background
processing for TOA.

There are actually two binary integrator channels. For the
extreme in receiver processing gain when conditions allow,
correlation is performed coherently with in-phase and quadra-
ture channels. Noncoherent processing at medium data rates
also makes use of both channels, as discussed later; however,
noncoherent processing at the lowest data rates uses only one
channel. When the TOA processing is performed in a
background mode to the 90 kbits/s data rate, only a single
integrator channel is used to look for the low-level precursor.
However, for the most accurate TOA processing, specialized
packets are transmitted without data and coherent integration
utilizing both channels are deployed to extract the precursor.
These various modes of operation tend to complement each
other. For example, when the single channel of the binary
integrator performs background TOA for the 90 kbits/s data
rate, part of the circuitry for the other channel is free to store
the multipath profile used for the RAKE demodulation. In this
manner, the wide range of operation is accomplished with
surprisingly compact equipment.

The output of the analog matched filter is approximately the
impulse response of the communication channel, since the
multipath signals will occur as delayed convolution peaks. The
input time resolution of the output multipath profile is 10.8 ns,
corresponding to the reciprocal of the spreading bandwidth of
the waveform. The binary RAKE processor [8], [9] nonco-
herently combines the multipath energy, within a processing
window, to form a data decision. The accumulation of
multipath energy can provide significant signal-processing
gain. Although binary-digital RAKE is not as effective as
maximal ratio combining, almost any process that adapts to the
channel performs substantially better than a nonadaptive
system [cf. 5, p. 347, Fig. 26]. The RAKE circuit described
here is readily implemented in conjunction with the SAW
convolvers.

The binary integrator accumulates many successive
matched filter outputs on a sample-bin-by-sample-bin basis to
extend the maximum 33 dB processing gain provided by the
convolver. By selecting the number of matched filter outputs

used in a binary integration, the modem uses a data bit with
selectable duration, and thus energy, so as to attempt to
optimize the tradeoff of throughput versus processing gain for
varying channel characteristics. The hardware limit in this
implementation is 1000 iterations, providing 30 dB of addi-
tional processing gain.

The analog preprocessing and binary postprocessing make it
possible to overcome the limitations encountered when using
either technology along. Analog signal processing components
can handle very wide bandwidths, although they provide only
modest processing gain, e.g., 33 dB, and dynamic range, e. g.,
45 dB [20]. Convolvers with 100 MHz bandwidth perform the
equivalent of 10'' digital arithmetic operations per second
[21]. Digital processors, on the other hand, support large
processing gains and dynamic ranges, but require excessive
power for wide-band applications. By comparison, a 1982
technology analog-analog convolver implemented with digital
design techniques operating at 40 Msamples/s with 4096 point
FFT’s [22] has been sized at 5600 W and 6000 chips. Single-
chip analog-binary convolvers are available [23] with 20 MHz
bandwidth and only 64 point capability. The overall digital
capabilities are thus far below SAW convolver designs.

Fig. 3 shows the influence of analog processing used prior
to binary processing when implementing a hybrid correlator.
The binary integrator used along is particularly susceptible to
non-Gaussian interference as can be seen in the left side of the
curve when there is no analog preprocessing. However, any
interference presented to the convolver input has Gaussian-like
statistics at the convolver output because of the PN reference
waveform, resulting in the near-Gaussian performance at the
right side of the curve. Thus, in addition to, and more
fundamental than the bandwidth advantage, analog prepro-
cessing overcomes the problem of using a stand-alone binary
integrator in a non-Gaussian channel [19]. (Multilevel digital
quantization will recover some of this loss; however, it offers
a serious hardware penalty [24].) The conclusion is that at
least the first 20-30 dB of correlation gain should be done in
analog before entering the binary-digital postprocessor.

Analog Processor

A diagram of the monolithic SAW elastic convolver [8], [9]
is shown in Fig. 4(a). The input signal and time-reversed
reference waveform are counterpropagated along a wave-
guided region of a piezoelectric delay line. The resulting
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Fig. 4. (a) Simplified side view of a SAW convolver. The horn-shaped
waveguide creates an acoustic-beam compression resulting in sufficient
power level to drive the piezoelectric crystal into nonlinearity. (b)
Simplified diagram of a DPSK convolver.

nonlinear acoustic-wave interaction creates an instantaneous
product of the waveforms which is summed along a metal
collecting plate to provide the convolution output. The
processing gain of the convolver is the product of the
interaction time of the convolver and bandwidth, referred to as
the time-bandwidth product. The finest resolution output of the
full-bandwidth PN code generator is referred to as a chip. The
time-bandwidth product is also the number of chips per data
bit, called the bandwidth-spreading factor. The waveform
processed in the convolver is a 2048-chip section of a long m
sequence generated at 92.5 Mchips/s, then MSK modulated
onto a 300 MHz carrier [25]. The output is a function of the
relative delay of the two waveforms, and since the two
waveforms are counterpropagating the relative velocity is
increased by a factor of two, resulting in a center frequency
and bandwidth doubling at the convolver output. For the 92.5
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Mchips/s input rate, the output digital-signal-processing ¢
cuits must therefore be clocked at 185 MHz.

Data modulation on the PN-coded waveform is impl
mented with differential phase transitions. Two concatenat
convolvers formed with a segmented waveguide on o
crystal, as shown in Fig. 4(b), are used to directly demodula
a differential phase shift keyed (DPSK) signal [8], {19], [2¢€
The outputs of each 11 us convolver segment are combin
coherently in an RF hybrid. When data creates a pha
transition between two consecutive bits, the convolution pe:
appears at the difference port of the hybrid and only noi
comes out of the sum port. If no phase transition is present, t
output comes out of the sum port.

The spreading code is composed of serially aligned sectio
of a much longer sequence which is generated using a 3-by
start vector (PN seed). A new start vector is delivered to t
modem from the microcomputer over the command interfa
each 10 ms. At present the 92.5 MHz code generator is bas
in ECL technology; however, most of these circuits will so«
be replaced by a highly parallel NMOS chip which has be
fabricated at the DARPA MOSIS silicon foundry [27]. T
MSK modulation is generated by offset PSK modulation
weighted quadrature channels [28]. For the nominal 90 kbits
data rate of the radio, 1024 chips of the PN sequence a
transmitted per data bit. Two data bits worth of energy a
used in each DPSK demodulation. The 1.45 Mbit/s high de
rate is implemented using shorter convolvers with 64 chif
per-bit binary orthogonal keying for almost 18 dB of sign:
processing gain [29]. An RF switching matrix allows t
multiplexing required for the input MSK waveforms and f
the convolver outputs.

Using a convolver that is two data-bits long requires that
entire two bits of time reversed reference code fill t
convolver before it produces a useful output. Thus, the DP$
convolver can only produce an output every other data bit a
therefore acts as a two-bit long binary orthogonal demod
lator. To demodulate data at the full DPSK data rate, two 22
convolvers are used, with their references staggered by o
data bit. When processing delayed multipath signals, since t
codes are the same length as the convolver for data demodu
tion, code alignment occurs when part of the reference co
has past the convolver interaction region. Thus, a sm
amount of code is not used and the convolution in this ce
suffers an implementation loss called the filling-factor lo
placing a limit on the duration of multipath delay that can
effectively processed. This limitation does not artificia
hinder the practical performance of the receiver since lar
multipath spreads can be tolerated. The interference marg
(in dB) obtained in the presence of centerband interference
given by

[Ps/Pi]max: [Tan]dB_SNRmin_LA'+ [1- Td/Ts]dB

where P, and P; are the carrier signal power and t
interference power, respectively, 7 is the symbol durati
which is 11 us for the DPSK demodulator, B, is the no
equivalent bandwidth of the spread-spectrum signal, and SNR
is the minimum signal-to-noise ratio (in dB) for DP:
demodulation to produce a satisfactory bit error rate (e.g.,
dB SNR is approximately 1073 bit error rate uncoded). L; is 1
aggregate system implementation loss (typically 3 dB) due
filtering which includes the affect of the convolver bandwic
response. The expression (1 — T,/ Ty) is the filling factor l
incurred by a long multipath delay. 7 is the delay from {
path that was used to synchronize the codes (the fi
detectable path) and 75, as before, is the symbol duration
one half the convolver length. The maximum filling loss tha
path will incur (at the maximum processed multipath sprea
is 2.5 dB, and more typical spreads will incur a fraction o
dB. The actual SNR of each path must be computed
determining the RAKE processing gain.

Authorized licensed use limited to: Purdue University. Downloaded on January 12, 2010 at 12:17 from |IEEE Xplore. Restrictions apply.



FISCHER et al.: WIDE-BAND PACKET RADIO FOR MULTIPATH ENVIRONMENTS

RECEIVED
SIGNAL

OuTPUT

20 ns

RECEIVED
SIGNAL
(Multipath)

20ns

(b)

Fig. 5. (a) Convolver signal input (upper trace; only 200 ns of the 22 us-long
input is shown) without multipath and the consequent output (lower trace).
(b) Convolver signal input (upper trace) with a single, strong multipath, and
the consequent output (lower trace). The superposition of the second path
on the original creates substantial AM which is linearly decomposed at the
convolver output. Time scales are 20 ns/div.

For the 1.45 Mbit/s data rate, the convolvers are two data-
bits long to allow for loss-free multipath processing when
there is not as much processing gain available and conse-
quently, the filling factor loss is zero.

Fig. 5(a) shows the constant-amplitude MSK IF inputs to
the convolver and the resulting output. Fig. 5(b) shows the
same MSK waveform, combined with a single multipath
component, produced by delaying a fraction of the signal
power by approximately 30 m of cable. The AM seen in the
input waveform has clearly been resolved at the output.

Synchronization

The arrival time of a received packet is generally unknown
to the matched filter receiver, although the first codes of an
incoming packet are known. Since the reference is propagat-
ing, the preamble of the packet is recirculated to the convolver
until a detection occurs, indicating a synchronized code match
with the received waveform. Also, since the code propagates
through the convolver, a reference that is twice as long as the
convolver interaction region is used to obtain the full
processing gain over all arrival times of the signal, and to
achieve unambiguous detection timing. The synchronization
process is discussed in great detail in [8], [30], and particularly
[31]. Synchronization is simplified by using a preamble
without data transitions, thus the detection process is per-
formed on only the sum port of the convolver. The second
convolver, required for DPSK, is used coincidently for
synchronization with time-staggered codes to improve per-
formance. The preamble codes are time reversed on 44-us
segments, and staggered by 22 us. Thus, two full convolvers
are used for matched-filter detection with the minor sacrifice
of 22 pus of extra signal that must be transmitted. The
synchronization process is essentially immediate. After detec-
tion, the codes are made the same length as the convolver and
the receiver realigns its reference code generator to the
received signal, assuming the code timing of the earliest
detected output. The realignment occurs in microseconds and
synchronization is accomplished. The detection process is
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Fig. 6. Sum- and difference-port outputs from a DPSK convolver while
receiving a packet. The preamble, which includes the synchronization
outputs, occurs only in the sum port. The header and text appear in both
ports depending on the value of the data. The text shown is at 90 kbits/s and
it contains alternating sets of ones (difference-port output) and zeros (sum-
port output).

repeated to verify the reception so as to reduce the likelihood
of receiver blanking due to false alarms. The multipath
processing window begins looking for delayed detections
within a symbol starting from the first detected output.

A typical packet of convolver outputs (without multipath) is
shown in Fig. 6. The preamble occurs only in the sum port
(top oscilloscope trace) and the data-link header and text
appear in both ports. The data, at the 90 kbit/s rate as specified
in the header, comprises an alternating sequence of four zeros
and four ones, in this example.

Digital Processing

1) Detection and RAKE Demodulation: During the
preamble, which contains no data transitions, correlation
peaks appear at the sum port of the convolver, and both the
sum and the difference port will have equal power, uncorrela-
ted noise. Linear envelope detection and a low-pass filter on
the difference port thus provides a simple implementation of a
constant false alarm rate (CFAR) threshold (Fig. 7). The
excess sidelobes due to interpath interference, which is of
interest at low SNR where the CFAR becomes critical, is
balanced in each channel making the CFAR multipath resist-
ant. The CFAR circuit drives the analog input of a multiplying
D/A converter (MDAC) which generates the detection thresh-
old. The digital value in the MDAC scales the detection
threshold and is set by the microcomputer through the
interface and control logic.

It has been observed that the envelope decorrelation due to
multipath fading [5] occurs over a time scale substantially
greater than 10 ms for ground vehicle speeds. Thus, it is
possible to sample and store the multipath profile only once
per packet for nominal length packets at 1.45 Mbits/s and 90
kbits/s. During the packet preamble the output of the CFAR
detector is sampled and stored in shift registers whose clock
timing defines the processing window [Fig. 8(a)]. The
multipath profile is thus stored for the 90 kbit/s and the 1.45
Mbit/s data rates. The preamble always uses 90 Kkbit/s
signaling in the long convolver, thus acting to sound out the
channel for the high data rate with excess SNR and without the
burden of intersymbol interference to disturb the profile.

The digital RAKE uses a counter running at 185 MHz to
sample the full multipath resolution. The stored profile is
recirculated each data bit in order to enable the RAKE counter
to sample, while the running DPSK decision is applied to the
count up/count down input. Shown in Fig. 8(b) are the RAKE
circuit and digital waveforms for the data and the multipath.
Only when the profile indicates the presence of a path (a logic
one in the figure) is the DPSK input allowed to vote, thus
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eliminating the noise-only parts of the DPSK stream. The most
significant bit of the count yields the results of the majority
vote process providing the resulting data decision [8], [19].
This method of accumulating multipath is actually correlation
against the multipath profile.

Fig. 9 shows oscilloscope traces of the fully digital RAKE
working at 185 MHz with 10 dB SNR at the convolver output.
The top trace is the stored multipath profile being recirculated.
The second trace is the running DPSK decision provided by
the sum/difference comparator. The next four traces are the
least significant internal states of the RAKE counter with the
least significant on the top. The single sample within the first
multipath detection cases the counter to count down, then the
wider, second detection causes the counter to count further
down for four samples resulting in a strong data decision.

The calculated probability of error performance (P,) of the
RAKE circuit for different numbers (K) of equal energy
multipaths is shown in Fig. 10. The horizontal axis is the ratio
of total received energy in the data bit per path, to the noise
power density (E,/Np). No fading statistics are included in the
calculations; however, the gross effect of binary-digital

combining as a function of signal strength can be see
Increasing K from four equal paths to 16 equal paths, f
example, increases the total signal energy available by 6 d
while the curve improves by only 3-4 dB. Most of t
implementation loss is due to the detection process used for t
multipath channel sounding. For example, while 10 dB of E
N, may result in a typical P, of 107> for demodulation, t
detection part of the RAKE can only obtain a probability
detection (P,) of 20 percent for a probability of false alai
(Py,) of 10-4 [cf. 32, p. 300]. For a Gaussian channel, a sing
false detection in the multipath window of several hundr
samples results in a substantial increase in P, for the data b
Two curves are plotted for the K = 1case. These indicate t
effect of detection operating point on the demodulati
characteristics. These curves saturate in performance becau
of the Py,. Atlarge Ey/ Ny, the chance of an error due to a fal
detection of a path places a lower bound on the probability
error. It is only necessary to push this bound below the syste
operating requirements based on coding or other constrain
Although for a P;, = 10-3, the lower bound is higher than 1
the curve with P, = 107°, the P, for 1073 is better at the I
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Fig. 9. Scope traces of the operation of the fully digital RAKE circuits
clocked at 185 MHz. The top trace is the recirculated multipath profile. The
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samples that occur under the multipath which indicates the presence of
significant signal energy. The next four traces are the least significant bits
of the RAKE counter. All the counts are in the same direction (down)
indicating strong SNR on the active paths.
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Fig. 10. Calculations of the RAKE performance. K is the number of equal
energy paths. The horizontal axis is the ratio of signal energy per path to the
noise power density. The vertical axis is the probability of bit error.

E, /N, points where the error correction unit is usable, thus it
is a preferable operating point.

In a diffuse channel, false alarms have less impact than for a
single path and the lower bound occurs at very low P,. The
curves plotted for kK = 4 and k = 16 illustrate this. These two
curves have been calculated using the Py, that provides the best
performance. It is apparent that the Py, for best performance
must be selected according to the multipath channel character-
istics. The degree of diffuseness in the channel changes on a
slow enough time scale so that the network level microcompu-
ter can adjust the digital threshold in the CFAR circuit to set
the required Py, as a function of the number of detected paths.
The channel measurements taken by the modem, and those
shared with neighboring radios provide sufficient information
for network-level software to determine the proper threshold
setting.

The k = 1, Py, = 10~° curve indicates an implementation
loss of 4 dB compared to ideal PSK at P, = 1073 (2.5 dB loss
compared to DPSK). Recognizing the adaptability of the
RAKE technique, this loss should be contrasted with the
typical 20-30 dB of loss that results from narrow-band
communications in multipath. Much of the RAKE loss is
recovered in diffuse channels such as the K = 16 case.
Although analog or multibit diversity combining would
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perform closer to ideal than the binary-quantized RAKE [5],
[33], the high bandwidth used here makes those techniques
prohibitive.

An improvement of the imbalance between the detection and
demodulation processes in the digital RAKE processor can be
achieved by using a higher processing gain for the detection of
the multipath profile. In the modem, the multipath profile is
actually obtained by the logical AND (incoherent binary
combining) of detection profiles of two consecutive data bits
resulting in approximately a 2 dB improvement in detectabil-
ity. This technique could be extended for further improvement
by combining over more data bits at the expense of a long
preamble to initialize the RAKE profile.

For RAKE processing in the 90 kbit/s mode, a 5.5 us input
time window, or a quarter bit in output time, is used. The 1.4
Mbit/s mode processing window is the entire bit length minus
40 ns to read out the data. Although the typical number of
resolved paths has been measured to be on the order of 10, the
wider processing window is necessary to handle the time span
of the spread [11]. If too many paths occur such that the
processing gain of the high data rate cannot suppress the
interpath interference, the 90 kbit/s data rate is used even
though the SNR could support the 1.4 Mbit/s rate.

2) Correlation: The operation of the binary integrator is
shown in Fig. 11. The multipath processing window of the
convolver is of high bandwidth and short duration, lending
itself to low bandwidth, long duration postprocessing. The
sample and binary-quantized output is stored in parallel shift
registers at high speed during the active output window and is
read out at a fraction of the speed into an accumulating
memory between windows [8], [19]. We show one of the two
binary integrator channels which comprise a fast in/slow out
(FISO) storage and an accumulating memory. The accumulat-
ing memory is a bank of shift registers that recirculate through
an arithmetic logic unit. An exclusive OR function is used to
remove data transitions and for chopper stabilization of the
integrator.

The binary quantization simplifies the integrator circuitry.
The FISO storage registers are four TTL chips fed by a few
ECL chips. The accumulating memory uses about 12 TTL
chips. In total, the two channels of binary integration including
clocking circuits occupy approximately 15 square inches and
most of that is reused for the other modes of the radio. As a
more compact alternative, a 5 um NMOS binary integrator
chip was made with the DARPA MOSIS [27] silicon foundry.

A variety of options are available with the binary integration
as determined by the microcomputer and received-packet
header. Coherent integration, noncoherent integration, and
double-threshold detection are three techniques described in
this paper.

For the coherent integration (Fig. 12), the RF waveform
from the convolver is heterodyned with in-phase and quadra-
ture carriers to obtain the bipolar baseband signals. These are
then compared to zero and integrated separately in the two
channels of the binary integrator. The results are squared and
summed, and then this magnitude-squared value is compared
to a threshold for detection. The detections are used for
preamble detection of a scheduled reception, and are stored
and updated as multipath for demodulation. Data may be
demodulated using this coherent integration by performing
DPSK between each integrated data bit. In this case, all the
matched filter outputs integrated into a bit have no phase
transitions, but an adjacent bit may have a 180° inversion on
the carrier phase on all convolver outputs. The signs of the
data-bit accumulations are compared on a sample-bin-by-
sample-bin basis. RAKE demodulation is performed using the
detection profile obtained from the sum-of-squares process.
For these lower data rates, the multipath must be updated each
data bit since the longest data bit could be over 20 ms (44 bits/
s).
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If there is excessive Doppler or clock offset, coherent
integration cannot be used and less efficient noncoherent
integration is employed as in Fig. 13. Noncoherent integration
uses the envelope-detected sum and difference port of the
convolver outputs compared to each other to create a binary
DPSK decision in each sample bin of the processing window.
The DPSK output is fed to one channel of the binary integrator
which accumulates the results to form a bipolar data decision.
The resulting outputs of the integrator are accumulated using
RAKE. The bipolar output of the integrator must be magni-
tude-detected to determine the multipath profile and the sign
bit provides the bipolar decision for each active path.

The binary integration results in a binomial distribution,

which for a large number of samples approximates a contit
ous Gaussian distribution. If the number of matched fil
outputs per data bit is small, for example, 16 or 32 instead
1000, it becomes impossible to set a meaningful detecti
threshold for multipath profiling or for initial detection. T
threshold has very few values to take on, all of which he
poor false alarm versus detection probability characteristi
By applying an analog threshold to the envelope-detect
signals, instead of comparing sum port to difference port, 1|
probability of occurrence entering the binary integrator

any sample in the binomial distribution is weighted in

analog fashion, thus allowing meaningful digital threshe
settings at the integrator output. Some number M, out of
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Incoherent correlation with double-threshold detection for BOK

data demodulation. The CFAR detection is cross coupled between the two

output ports.

accumulated analog detections, are chosen as a threshold. For
N > 8, it is best to let M = 1/2 N. This M of N detection
method has been used for some time in radar [34]. The analog
threshold is applied by cross-coupled CFAR circuits as in Fig.
14. The output from the sum port uses the CFAR threshold
from the difference port, and the output from the difference
port, which only occurs when there is noise in the sum port,
uses the sum port CFAR threshold. The data decisions at the
integrator output that feed the RAKE counter are still created
by integrating the sum-difference DPSK comparison in the
other binary integrator channel.

The implementation loss for RAKE demodulation with M of
N detection is illustrated in the calculated curves of Fig. 15.
As in Fig. 10, the horizontal axis is the E,/N, per equal-
energy multipath and no fading statistics are included. Shown
are a pair of curves for M of N = 8 of 16, and a pair for M of
N = 16 of 32. Each pair compares the cases of K = 4 and K
16 multipaths. As expected, increasing the number of
multipaths shifts the curves to the left, indicating an improve-
ment, since there is more total energy in the data bit.
However, as illustrated by the 8 of 16 case, a crossover can
occur. This is due to each curve having a different Py, which is
chosen for the best performance. Some shift in Py, is required
as a function of the values of M and N; although, this
dependency is not as great as the dependency on K. A
thorough discussion of the dependency of detection operating
point on M and N is given in [34]. The 16 of 32 curves have a
higher implementation loss because the input SNR is scaled
down accordingly for the longer data bits to keep the E,
constant. The binary quantization and the incoherent combin-
ing at low SNR accounts for this loss.

These losses are small compared to the increase in process-
ing gain. Combining only 32 samples coherently and with
analog values would provide 15 dB of additional processing

5 T
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3 16 OF 32 —~
. P =1 X103
1F K=16 1
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Py =1X 102
w
a
102} —
103 —
10«‘ - —
108 1
0 5 10 15 20
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Fig. 15. Calculated performance of incoherent correlation with double-
threshold detection using RAKE processing. The horizontal axis is the ratio
of signal energy per path to the noise power density. The vertical axis is the
probability of bit error.

gain over the 33 dB of the convolver. At an E,/Ny of 10 dB,
this corresponds to an SNR of — 38 dB at the convolver input.
The SNR at the convolver output, prior to the incoherent
combining would be — 5 dB, resulting in approximately a 3 dB
combining loss.

For each application of the hybrid correlator for demodula-
tion, the RAKE processing window at the output of the binary
integrator is 2.76 us of convolver input time representing 256
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parallel correlations. The binary-integrator RAKE runs at less
than 25 MHz due to the FISO buffering, although it is
otherwise like the higher rate RAKE circuits. Because initial
detection of a packet with the binary integrator is a correlation
process, a prior estimate must be made of where to place the
processing window; however, the correlation search time that
is normally encountered is reduced by the number of resolu-
tion elements in the window (256).

3) Time of Arrival Measurements: At the 90 kbit/s rate,
the TOA precursor search is performed noncoherently as a
nonintrusive background process (Fig. 16) [35], [36]. The
precursor processing time window just precedes the RAKE
processing window. The integration is done after the bit
demodulation so the data transitions may be removed using the
exclusive OR function [19], [37). The data value that is
imposed on the matched filter output frame must be removed
so the integration occurs on the energy of the precursor. The
binary integrator stores the sampled matched filter output
frame while the data bit is being demodulated. The data value
is then available when the stored samples are accumulated.
The precursor search has 3-m resolution due to the 100 MHz
convolver bandwidth. For a 1000 bit data packet, the
processing gain is 15-30 dB over the original 30 dB of the
matched filter. The result is that a window can be searched that
represents a half mile in propagation and therefore potential
improvement in registering the time of arrival. (Earlier half-
mile segments can also be searched by moving the multipath
window under network-level control.) The 15-30 dB range of
processing gain results from the noncoherent accumulation in
the integrator. As seen in Fig. 17, at low SNR, the
noncoherent processing gain is a strong function of the input
SNR. Coherent integration may instead be selected; however,
to avoid doubling the binary integrator hardware, no data may
be transmitted. Thus, a specialized packet type is used.

The 90 kbit/s data with the noncoherent integration for
precursor detection is illustrated in Fig. 18. The figure does
not show the limits in performance but rather illustrates the
operation. The top photograph shows the time-domain wave-
form of a received MSK signal contaminated with laboratory
generated noise with a small multipath precursor. The large
signal is of the order of — 10 dB SNR and the small precursor
is of the order of —30 dB SNR at the convolver input. The
second photograph shows the detectable main lobe which is
used for demodulation and the initial estimate of the time of
arrival of the signal. The precursor is barely visible and is
indicated by the arrow. The bottom trace is the binary-
quantized running data decision which has only noise when not
located under a multipath peak. The next figure is a consecu-
tive frame at the output of the matched filter. Where there is no
multipath present, the DPSK decision is seen to change
randomly. Under the large mainlobe, the data are clearly
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Fig. 17. Detectability of the multipath precursor for TOA as a function

input SNR for coherent and incoherent processing. Coherent processi
performs better, but would require a duplication of both binary integrat
channels in order to simultaneously process data.

stable as the signal dominates the noise. Under the precurso
the output is only somewhat stable since it is substantial
influenced by the noise. In the fourth photograph, the top trac
is the readout clock and the bottom trace is the detected outp
from the binary integrator with a compressed time scale fro
the 185 MHz bandwidth matched-filter outputs. The detectic
to the right is that of the large mainlobe and to the left is ti
precursor. Each clock cycle represents 3 m in range. Tl
distance between the large signal detection and the precurs
detection is the corrected time-of-arrival estimate that
available after the data packet is demodulated.

IV. SUMMARY

This paper has described the application of a hybrid analo,
digital signal processor to realize a spread-spectrum rad
uniquely suited for mobile packet radio networks in a varie
of multipath environments. The signal processing capabiliti
described are made possible through the combination -
analog SAW technology and binary-digital processing. Wav
forms of almost 100 MHz bandwidth with continuous
changing spreading codes are matched filtered with over 30 d
of processing gain and further correlated with a search windo
of 2.7 us to provide greater than 60 dB of processing gain.

The modem uses the hybrid signal processor (Fig. 2) in
multitude of configurations which are application depende
and determined by the control logic interpreting the netwo:
commands. Initial detection of a received signal may !
accomplished with either the matched filter or the hybr
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correlator. The matched filter coherently demodulates at either
1.4 Mbits/s or 90 kbits/s depending on the processing gain
required. If additional processing gain is needed the data rate
is reduced and the binary integrator is reconfigured into either
coherent or noncoherent operation, depending on the applica-
tion. The multipath is noncoherently accumulated for demodu-
lation at all data rates. The high processing gain is also used
for time-of-arrival processing. The performance of a system
incorporating this technology is very powerful, yet requires
relatively modest size, power, and cost. The modem unit
consumes approximately 100 W occupies a fraction of a cubic
foot, and excluding the convolvers, is made with ‘‘off-the
shelf’’ parts. The major functions were field tested at various
stages of development and agreement with the designed
performance was generally good. The final radio was not field
tested, however, all of the functions were demonstrated in the
lab between two independently running radios at short range
and proved to be satisfactory.

The combining of adaptive anti-jam and data-rate capabili-
ties, pseudonoise bandwidth spreading with continuously
changing codes, and anti-multipath processing for the ground-
communication environment achieves an important goal for
network communication.
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