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AbstractPacket radio technology is currently used in a wide channel for closed-loop control of parameters. As a result,
range of tactical military communication systems, including the performance of an adaptive power and information rate
SINCGARS, EPLARS, and NTDR, for the transfer of data ga|gorithm in anad hocpacket radio network is particularly
bf‘segmmfssz?sgoeismf‘ecsrgszﬂ;hethbeatgsgec')?'thig?:cha’gEPA fc()Erfkt’r':/('aosensitive to statistical variations in the radio’s electrical
Itorangsfer of multimediagvoicge, data and video trafficgyamong performa_\nce. In particular the resolution,_acpu_racy and range

over which parameters can be adapted is limited as well as

dismounted infantry users inad hocmobile radio networks. A ) ; .
key aspect of the GloMo program is the development of adaptive the accuracy with which channel quality can be measured.

protocols that minimize energy consumption and maximize the This paper presents a heuristic design and modeling
battery life of a user's handheld terminal. Under sponsorship approach, that utilizes Taguchi techniques [5,6] to optimize
from DARPA and internal research and development funding performance under highly variable RF channel and radio
from ITT Industries, we have developed a unique set of performance conditions. Our goal is to identify a set of
algorithms to minimize energy consumption by adaptation of physical and link layer protocol parameters that increase
phg’.Sical andk"n$hl.ayer protocol paramst_erfs within a F;a‘;]ket performance and minimize variability due to statistical
radio network. This paper presents a brief overview of these o . : :
algorithms and then presents a design and modeling approach, varlqtlons of the radio’s electrical performange. A quIQ.n
based upon Taguchi techniques, for the optimization of these metric, based upon the number of s_uccessful mformat!on blt.S
algorithms. We present a metric that optimizes performance as at the output of the decoder per unit of energy transmitted, is
a function of the number of successful information bits at the used as the basis to compare relative performance. When
output of the decoder per unit of energy transmitted. When applied to portable radio equipment, this metric provides an
applied to hand-held or portable, packet radio communication indication of performance with respect to battery life and
equipment, this metric provides improved performance with signal intercept performance. OPNET models are used to run
respect to battery life and signal intercept performance. g set of matrix experiments and to arrive at an optimized set

OPNET models are used to run a set of matrix experiments 10 ot narameters for radio operation in a tactical environment.
arrive at an optimized set of design parameters for operation of

theses adaptive transmission protocols in a tactical environment. Il. OPERATIONAL SCENARIO
I. INTRODUCTION The protocols described in this paper operate on the ITT

Adaptation of parameters at the physical and link protoc%a”dr_]eId _Multlmed|a Terminal (HMT) hardware pl_atfo_rm
layers has been considered [1] and analyzed [2] as a solut ]1 Fig. 1 ||Ius_trates_how the HMT supports communications
to increasing communication reliability withadd hocpacket among users in a dismounted !nfantry_ company. The HMT
radio networks. Such adaptation is particularly valuable i'ﬂjpplants_ th_e Cqmbat I_\Iet Radlp and |t_s voice com.mand and
military applications, where the mobility of nodes relative t&ontrql mission W'th.a smgle_ radio goluﬂon that prov.|des data
one another over irregular terrain result in rapidly varyin n.d video communlcatlons in addition t(.) highly reliable net
path loss, multipath fading and variable radio connectivity°'°® operation.  Currently, the warfighter commanders
Physical and link layer parameters, such as transmit pow@P,d/Or I(_aaders a.t company, platoon,. and squad echelons carry
error control code rate and symbol transmission rate, can radios to simultaneously receive voice Com”ﬁa”_d a_nd
adapted to improve communication reliability over these tim‘éo_ntrOI messages frqm_ the next higher ec,helon while |ssuw,19
varying radio channels. In order to control the adaptatidﬁ’ICe command_s W'thm. t_he_ commander's and/or_ 'ea‘?'?fs
process effectively, methods are required to detect change?ﬁh‘elon' For this effort, it is mtendeq to preserve this critical
radio channel quality and then adapt these p(:lrametersVPdCe command and control function, but carry out the

enhance reliability. While channel quality detection method®/SSIon With a single versus multiple radios. —This is
and adaptation algorithms have been widely studied a str.ated n F|g. 1 by ovals th_at 9n0|rcle users and designate
applied to cellular communication networks [3,4], the ewrtgal voice net; formed W'th.m the HMT n.etwqu
application of similar algorithm’s within aad hoc packet Within this operational scenario, the adaptive link control

radio network is made difficult by the lack of a feedback protocols select a set of physical and link communication
parameters that minimize transmit energy while providing

This research was supported by DARPA under CECOM contrakgliable point-to-point communications as a function of
DAABQ7-97-C-D012 and internal research and development funds by ITT
Aerospace/Communications Division.
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Fig. 1. HMT operational scenario for operation of adaptive link protocols.

packet destination, message type, message length and chatraesmissions, data information is DPSK modulated onto the
conditions. The traffic types, packet lengths, channebrrier at channel information rates of 0.125 to 1.5 Mbps as a
conditions and reliability that the physical and link layergunction of selected code and data rate combinations. The
must support on a point-to-point basis are summarized beloiwformation is then spread via direct-sequence signaling at 32

o Message type: real-time voice, real-time video, Mchips/sec.
interactive data, tactical data The 32 bit control headers within the RTS, CTS and ACK
e Packet Length: 128 to 2048 bytes are used to convey control and channel quality information
e Channel Characteristics: with respect to the adaptation of physical and link layer
- specular multipath channel parameters. The range of parameters that can be controlled at
- Operating Frequency: 2.4 GHz ISM Band the physical and link layer are listed below:
- Delay spread < 4 usec e Transmit Power: 0, 6, 12, 18, 24, 30 dBm
- Faderate < 3 kHz e Information Rate/(Code Rate): 125/(1/2), 250/(1/2),
- maximum path loss < 134 dB 500/(1/2), 1000/(1/2), 1500/(3/4)
e Packet Reliability: Pr(Packet decode without error) > e Frequency Channels: 4
99% Provision is made in the RTS/CTS exchange for accepting a

packet transmission on the basis of packet priority and
estimated signal quality. The destination may reject an RTS if
The HMT operates on four frequency channels in the ISkhe quality of the received RTS is estimated to be too weak to
band from 2.4 to 2.48 GHz at carrier center frequencies ®f support the requested parameters for the subsequent packet
241, 2.43, 2.45 and 2.47 GHz. The waveform employsansmission. Also, the destination node may reject the
Direct Sequence (DS) modulation at a chip rate of 32acket if the packet time-to-receive does not meet the
Mchips/sec to support the transmission of data packets daistination nodes available capacity for the specified packet
variable channel information rates that range from 0.125 ggiority. The following measurements, taken in the receiver
1.5 Mbps. The waveform structure, illustrated in Fig. 2of the HMT, are used to estimate the quality of a receive RTS
supports implementation of a CSMA/CA (Carrier Senser Packet reception:
Multiple Access/Collision Avoidance) channel access o |F Signal-to-Noise Ratio (SNR) for RTS, PKT and
protocol and Rake equalizer at the receiver. ACK

A pseudo-noise (PN) sync sequence is transmitted at thes  post Detection Signal Quality(PDSQ) in 250 kHz
start of every RTS, CTS, Packet and ACK transmission to detection bandwidth

provide for detection of a signal and acquisition of symbol 4  Number of paths tracked by RAKE modem
timing. On the RTS, CTS and ACK transmission, the sync Receive packet channel bit error rate (BER)

sequences are followed by a 32 bit control header that isthe following sections describe in more detail how the
DPSK modulated onto the carrier at 250 kbps. On the pack@fents of the RTS/CTS/ACK header fields are used in

11l. WAVEFORM DESCRIPTION
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= T TRANSEC /’/’ The adaptive transmission protocol allows the destination

Source T c radio to make a correction to the transmitter power level if
s Q Datal P’°b|e Datlf(/ there has been a significant change in the path loss or the

o |?| A interference conditions since the last packet transmission
Destination T c occurred. If the destination radio accepts the RTS packet, it
|i| K employs the RTS channel quality measurements, the RTS

4———— 160usec— g transmission power level, and the source’s requested symbol
RTS/CTS/ACK : and code rates to propose a power level to be used in the

OTA Format Sync Sequence 32 bit control header .. . .

transmission of the packet on the communication channel. In

determining it's proposed power level, the destination also

_ ) accounts for possible differences in fading and interference
Fig. 2. Waveform diagram. between the reservation channel and the communication

conjunction with these channel quality measurement methogf@nnel. The destination radio informs the source radio of
and link layer algorithms to adapt physical and linny proposed changes in transmitter power level by including

parameters for the transmission of data packets. it's suggested power level in the CTS. .
Upon receiving the CTS, the source radio compares the

destination suggested power level to its proposed power level
Our interest is in a system which adapts the informatidhat has been stored in a neighbor table. Although it is
rate, and transmitter power level. The adaptive transmissipassible that the destination radio propose a lower power
protocol utilizes the measurements made in the destinatigvel than the source radio, our adaptive transmission
radio’s receiver (IF SNR, PDSQ, number of tracked pathprotocol will only allow the destination to increase the
and BER) to optimize the transmission parameters féansmitter power level. The decision to decrease the power
subsequent packet transmissions. The protocol strives lewel will only be made based on the more reliable statistics
maximize the information throughput per unit time andneasured on the communication channel. Thus, the message
minimize the energy expended per correct information bjtacket is transmitted at the higher of the source-suggested
delivered. Fig. 3 illustrates a general overview of thpower and the destination-suggested power.
adaptive transmission protocol. Upon receiving the message packet, the destination radio
In the discussion that follows, we are interested in a sing@stimates the channel quality of the communication link. The
communication link of a direct-sequence packet radighannel quality measurements are transmitted to the source
network. Thesource radiois defined to be the source of theradio in the ACK or NACK. Upon receiving the ACK or
transmission, not necessarily the source of the packBIACK, the source radio learns the value of the channel
Similarly, the destination radio is defined to be the quality information. Each channel quality measure,
destination for the transmission, not necessarily the finabmbined with the available channel quality history, is
destination for the packet. The destination radio is assume@mpared against a set of thresholds. Based on these
to be within range of the source radio. thresholds and on the previous transmission parameters, the
If the source radio has a packet to send to a giveource radio will propose a power level and information rate
destination radio, it proposes the symbol rate, code rate, dad the next transmission to the given destination. The
transmitter power level to be used for the packethannel quality information for the current transmission and
transmission. The proposed values are based on charthel transmission parameters for the next transmission are
quality measurements included in the ACKs and NACKstored for use in transmitting the next packet addressed to that
resulting fromN, previous packet transmission attempts telestination radio.
the given destination radio. If more thdp seconds have V. OPTIMIZATION PROCESS
elapsed since the last NACK was received, the available . o
channel quality measurements from the previous transmissionl he performance of the adaptive protocol is significantly
attempts are considered out-of-date and are discarded. fiH&lenced by the choices in the design parameterspmirol
channel quality measurements included in the ACKs ard@ctors These design parameters, listed in Fig. 4., include
NACKs are made at the destination receiver during tHge time period I during which channel quality information
reception, demodulation, and decoding of the previous packgtconsidered valid and the number of previous attempts N
from the source radio of interest. If the source has no recd@m which the channel quality measurements should be used
channel quality information for the link to the destinatioi® estimate the channel quality of a given link. The control
radio, default values are selected for the transmissid®ctors also include the various threshold levels against which
parameters. The source radio informs the destination radft¢ channel quality information (SNR, BER, number of
of the proposed symbol rate and code rate by including thd&acked paths, and PDSQ) is compared. The performance of

values in the RTS. The source radio stores its proposét adaptive transmission protocol also depends on
transmitter power level. uncontrollable factors such as interference on the channel,

communication range, traffic load variance, and statistical

IV. ADAPTATION ALGORITHM
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Fig. 3. Overview of adaptive transmission protocol.

variations of the radio’s electrical performance. In the Noise Factors

discussion that follows these uncontrollable factors afe - Communication range

referred to asoise factors The parameters used by the - Interference

adaptive transmission protocol to choose the optimum power - Traffic load variance

level and information rate are referred to assigeal factors _ - Radio electrical performance
We will utilize the Taguchi methods to efficiently optimize &%%%ms Adaptive

the performance of the adaptive transmission protocol. The _ PDSQ — Transmission L~ System

Taguchi methods are designed to minimize the number |of _ 4 ¢ paths Protocol Response
necessary experiments in the optimization process, as wellas, . ger Function
the sensitivity of the protocol to variations in the noise

factors. A parameter diagram, €&-Diagram is used to Control Factors
represent, in an input/output format, the system’s functign #‘:

and all of the influential factors on performance. The PB-
Diagram for the adaptive transmission protocol is illustrated
in Fig. 4. Thesystem response functigthe metric used to

measure the performance of the adaptive transmission Fig. 4. P-Diagram for adaptive transmission protocol.
protocol. The goal of our protocol is to maximize the number

of successful information bits at the output of the decoder pLeq[\l/Se:r? ﬂt:;egglsjtr'gst;)nnd (r:iaeilgna:[li—cr;r? r;girggn:gnfﬁ:&gtgnl;e d as
unit energy; we will refer to this metric as theroughput

efficiency[2]. Another measure of interest is ttieoughput an .AWGN channel with moderate path loss. No other types
rate [2]. defined as the average number of success ]‘mterference are present. The path loss model, derived

. : ) : . Trom the Longley-Rice program [8], represents smooth terrain
information bits received at the decoder output per unit tlmeat an operating frequency of 2.4 GHz. The distance between

VI. MODELING RESULTS the source and destination radio is varied in discrete steps of

The performance of the adaptive transmission protocol ) Mmeters, for a total range of 50 to 3400 meters.
evaluated for a simple, two-node network, where only one 6PProximately 300 packets are sent at each distance. The
the radios is transmitting information packets. We refer f€stination radio may be receiving a packet while moving.
the transmitting radio as treource radioand the receiving Fi9- 5 and Fig. 6 illustrate the throughput efficiency and

- Signal factor threshold levels
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throughput rate as a function of distance, respectively. THg
sharp increase in throughput efficiency from 50 to 100 meters
is due to routing initialization and stabilization of the[5]
adaptive transmission protocol. By default, the transmit
power level is initialized to the maximum power level and the
information rate is initialized to the maximum information/6]
rate at the beginning of the simulation. Fig. 5 illustrates thg

A.M. Viterbi and A. Viterbi, “Erlang capacity of a power-controlled
CDMA system,” IEEE J. Select Areas Commun., vol. 11, p. 892,
August 1993.

G. Taguchi and M. Phadke, “Quality engineering through design
optimization,” IEEE Globecom '84 Conference Proceedings, Atlanta,
GA, November 1984, pp 1106-1113.

G. Taguchi and S. Konishi, “Orthogonal arrays and linear graphs,”
Dearborn, MI: ASI Press, 1987.

Handheld Multimedia Terminal Technology Reinvestment Project,

the throughput efficiency decreases as distance increases dueCcECOM Agreement No. DAAB07-96-3-D760.

to increases in transmit power. Similarly, Fig. 6 illustratet!

that the throughput rate decreases as distance increases due tc‘g1

decreases in the information rate.

VII. CONCLUSIONS

In this paper, we have defined a set of adaptive protocols
for controlling the symbol transmission rate, error control
code rate, and transmit power within in a packet radio
network. We have conducted a set of experiments to
illustrate the performance of the adaptive transmission
protocol in the presence of AWGN and path loss that
increases as a function of distance. The focus of this
optimization process is to maximize the information
throughput per unit of energy expended under statistically
varying link conditions. The performance of the protocols is
shown to be highly dependent on the accuracy with which
link conditions can be estimated and radio parameters can be
controlled. We will investigate the performance of this
protocol in different interference environments and apply the
Taguchi methods to optimize the performance of our protocol
over a variety of channel conditions. Detailed results

illustrating the performance of the protocol in different9-5-

interference environments will be presented at the

conference. It is our intent to expand this investigation, as
part of the GloMo contract, by applying the same Taguchi

techniques to the optimization of adaptive routing protocols

which will be necessary to respond to the adaptive link layer

protocols. The performance of the adaptive routing protocols
will be measured on the basis of energy expended for
successful packets, on an end-to-end basis, within a network
of HMT terminals.
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