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Latency and Networking Aspects of
Adaptive Modems over Slow
Indoors Rayleigh Fading Channels

Jeff M. Torrance and Lajos Hanzo

Abstract—Adaptive modulation exploits the time-variant chan- as follows [19]:
nel capacity fluctuation of fading channels using a range of

different modem modes. Specifically, no information is transmit- no transmission (Notx) if I, > s*>/N

ted when the instantaneous channel signal-to-noise ratio (SNR) BPSK if I} <s%/N <la

is low, and, hence, during this period the data must be buffered, TS = { QPSK if I, < 32/N <ls Q)
which results in delay or latency. When the instantaneous channel square 16 point QAM  if I3 g SQ/N <l

quality improves, 2-, 4-, 16-, and 64-level modem modes are
invoked, which allows the transmission buffer to be emptied. It

is shown that channel capacity gains are achieved at the cost of\\ here < is the instantaneous signal leve¥, is the average
some latency penalty. The latency is quantified in this treatise and

mitigated by frequency hopping or statistical multiplexing. The noi_se_ power,_ an_dl, la, I3, an_d la, f"lr_e_ the BER-dependent
latency is increased when either the mobile speed or the channel Optimized switching SNR’s. Time-division duplex (TDD) was
SNR are reduced, since both of these result in prolonged low proposed, in order to estimate the channel conditions on a
instantaneous SNRintervaIs_. It is demonstrated that asaresult_ of slot by slot basis [20]. This requires uplink and downlink
the proposed measures, typically more than 4-dB SNR reduction g5 in the TDD frame to be adjacent for every user, rather
is achieved by the proposed adaptive modems in comparison to . . . )
the conventional benchmark modems employed. than employmg the conven_tlonal configuration, where the
down- and uplink slots are in separate halves of the frame.
Furthermore, bringing the corresponding duplex uplink and
downlink slots closer to each other implies that now the time
duration from the downlink to the next uplink transmission
is extended and hence the channel correlation between the
TEELE and Webb [1], [2] proposed adaptive differenmobile reception and transmission is reduced. This problem
ially encoded, noncoherently detected star-constellatiegan be mitigated by “passively” evaluating the received signal
quadrature amplitude modulation [3] (Star-QAM) for exploitievel of the TDD slot preceding the mobile’s uplink slot.
ing the time-variant Shannonian channel capacity of fadimpllowing this “passive reception,” uplink transmission takes
channels. Their work has stimulated further pioneering worglace, which is the basis for the channel estimation for the
in particular, by Kamioet al. at Osaka University and the downlink transmission, etc.
Ministry of Post in Japan [4]-[10] as well as by Gold- The upper bound BER and bit per symbol (BPS) channel
smith et al. [11]-[17] at CalTech in the United States or byefficiency performance of such a scheme in a Rayleigh fading
Pearceet al. [18] in the United Kingdom. Some of thesechannel was given in [19]. These adaptive schemes need a reli-
contributions will be addressed in somewhat more depth gile transmission of the modulation-mode classifier, for which
a later stage. Otsukiet al. [7] proposed a Walsh-function-assisted signaling
The principle of operation is to employ the most appropriatcheme to inform the receivers as to the modulation scheme
transmission scheme (TS) on a burst-by-burst basis in orégnployed, while in [21] an unequal protection five-phasor
to maintain a certain target bit error rate (BER) performanceonstellation was proposed for the same purpose, conveying
The most appropriate TS is dependent upon the instantanethésabove-mentioned five modem modes used. Chua and Gold-
signal-to-noise ratio (SNR), which varies as the channel exmith [11] proposed the employment of concomitant variation
periences narrow-band fading. The TS that is used is selectgthoth the modulation scheme and the transmitted power, and
in [12] they showed that there was a BER-dependent required
power discrepancy between the their adaptive regime and the
channel capacity. This corroborates the experience that the
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TABLE | while S is the average signal power. The individual terms in

SWITCHING SNR'’s FOR SPEECH AND COMPUTER DATA SYSTEMS THROUGH A (2) correspond to the 1-. 2-. 4-. and 6-b/symb modem modes
RAYLEIGH CHANNEL, SHOWN IN INSTANTANEOUS CHANNEL SNR (dB) e

76 ACHIEVE MEAN AND Peak BER'S oF 1 x 10-2 aND 1 x 104 used between the corresponding thresholds of Table I. In this

___ contribution, the actual average number of transmitted bits per

Switching SNRs(dB) I Iy {3 N . e . )

Peak-BER Speech (1%) i3 T 73 11390 1 194 symbol is kept below the BER-specific maximum vallien

Mean-Speech (1%) 331 | 648 | 11.61 | 17.64 order to be able to invoke more robust, but lower capacity

Peak-BER Data (0.01%) | 83 | 11.3 | 182 | 242 and reduced-latency modem modes using the techniques to be
. ot 0 . . . .

Mecan-BER Data (0.01%) | 7.98 | 10.42 | 16.76 | 26.33 highlighted during our further discourse.

Following a brief discussion on the latency problem and
) , . buffering in Section Il our simulation model is described in
In contrast to previous studies on modem spectrall eﬁ'c'en(‘é’ection Il and the system’s latency performance is charac-
whgre conyenhonal f'X?d m.odemsl were used, in [3] tr}@rized in Section IV. Then frequency hopping and statistical
radio capacity of adap_hve dlffe_rentla_lly det_ected r_‘onCOhe_'uItipIexing are introduced in Sections V and VI, as two
ent modems was studied by simulation using various radi,,\termeasures exhibiting different properties, in order to

cell _cqnstellations qnd_ a pr°pa9_a“°” predif:tion tool, V\,'h”r%itigate the associated latency. Finally, Section VII provides
Alouini and Goldsmith in [16] derived theoretical expressiong comparison with conventional fixed modulation schemes,
for the [bits/s/Hz/m] capacity of adaptive modems. Furtherb%fore concluding in Section VIl

capacity-related work by the CalTech team was disseminate
in References [13]-[16], while their contributions on adaptive-
coded modulation were crystalized in [17]. Specifically, the II. THE LATENCY PROBLEM

simulation and theoretical results by Goldsmith and ChuaA iate techni ¢ th iable th hout
showed that a 3-dB coding gain was achievable at a BE% \n appropriate technique to manage Ine variable throughpu
intrinsic to adaptive modulation is to implement a buffer

of 107 for a four-state trellis code and 4 dB by an eight;
state trellis code in the context of the adaptive scheme o et?,tween the channel codec and the_ _modulator. The buffer
lds data when the channel conditions result in a low-

Rayleigh fading channels, while a 128-state code perform q hout. | d dulati h bei loved
within 5 dB of the Shannonian capacity limit. The benefi roughput, low-order modulation scheme being employed.
hen the channel conditions improve and high-order mod-

of automatic repeat request (ARQ) in adaptive modems werge .
quantified by the Japanese teams from Osaka and Tokyo [Me tion schemes are emplyoyed, the_ buffer can be empt|ec_;l. In
order to make the system’s operation plausible, as a stylized

while some of the latency aspects were addressed in [22]. . : .
y asp [22] ’%‘Jstratwe example, the instantaneous “fullness” of the buffer

It has also been shown [23] that Powell's optimization [2 . = =
may be employed to find the appropriate modulation switchi d the effective BPS performanée= = - B computed from

SNR, in order to ensure that BER’s of 2 102 and 1 x

10~* are maintained for average channel SNR’s in the rangélm(la t!ndex Zn?. a;/ﬁrageb_chfmpﬁll SNRt’ reipectlv?jlyh Our
of 0-50 dB over a Rayleigh fading channel. For the lowe ;20N MOCELIs the subject of the next section and hence

delay, higher BER speech system and the lower BER, highaetrth's early stage of our discussions it is premature to state

latency data system two different sets of optimum switchin uantitative system-performance details, apart from the fact

SNR’s were designed, which maintained the above mean- a{ t the buffer length ha§ ramifications as to sysFem latency.
hroughout our experiments we used normalized Doppler

eak-BER's, respectively. The corresponding switching SNR’s SO .
b P y P g 9 Rfrequenmes, in order to render our results more generically

{1, I, I3, andl, are shown in Table I. licable to oth ; Wi te that lizati
The average throughpuB of an adaptive modulation app_lcg et bo ° (Iatr lsys etth.D N TO? at normaiiza |0ndwas
scheme, which is expressed in BPS, was derived foraRaerlcﬂq'E'e out by muttiplying the Doppler requgngf)ys expresse
In hertz with the transmission frame duration of 4.615 ms, a

fading channel in [19] practical value used for example in the global system of mobile

) are shown in Fig. 1(a) as a function of the transmission

b ls communications, known as the global system for mobile
B=1-[ F( L)ydl+2- P(l, L)dl communication (GSM) [31], [32]. Lower normalized Doppler
b I = oo frequencies result in higher temporal channel correlation,
+4. F(I, LYdl +6 - F(I,Lydl (2 which is exploited in order to estimate the channel quality and,
I Iy therefore, to employ the most appropriate modulation scheme.

Ironically, very low-Doppler channels result in prolonged
fades that contribute to the adaptive modulation’s latency.
F(, L) =~ s 1>0 3) For given average channel conqmons the average B.PS
L performance of an adaptive modulation scheme in a Rayleigh

is the probability density function (PDF) of the received SNE&INg channel is characterized by (2). In practice, if a buffer
| = /N and L = S/N is the average received SNRIS to be employed, the average throughput must be less

provided that the instantaneous signal amplitsde Rayleigh 1an this performance limit, in order to prevent a buffer-

where

distributed, obeying [25] !ength puildup, which wpuld result in_inc_reased latency in_
interactive speech or video communications. Therefore, it
9 , . . .
F(s, §) = 25 s /s s>0 @) s assumeq th:_;lt the average number.of transmntgd bits per
S symbol period is given byB < B, allowing us to define the
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Fig. 1. Instantaneous buffer length, instantaneous throughput, and BPS performance for adaptive speech and computer dafavathesnafs).6, 0.7, and
0.8, and for a range of average channel SNR’s: (a) instantaneous length of the buffer and the instantaneous BPS throughput and (b) effectivedsie& perfor
B = =- B of the adaptive speech and computer data schemes ¥atues of 0.6, 0.7, and 0.8, and for a range of average channel SNR’s computed from (2).
“relative channel utilization factorZ = B/B. Explicitly, in TABLE I

order to prevent a buffer overflow and high speech or video MaxiMum NORMALIZED DoPPLER FREQUENCIES FORWHICH THE
lat th b f bits t itted bol i WANG—MOAYERI [38] MARKOV MODEL TRANSITION PROBABILITIES
atency, the average number or DILS transmi e Per Symbol IS SHow Goob CORRESPONDENCE WITH THEADAPTIVE MODEM
kept below B, therefore,= < 1. The buffer will introduce MODE TRANSITION PROBABILITIES EVALUATED BY SIMULATION

. . . n
Iatency_to the transmission and th|s_ Iatenc_y WI|| depen,d upo ST 5 Prn o
the fading frequency, the modulation switching SNR’S, th€ssceen | 252 x 10-2 | 7.41 x 107 | 2.22 x 10-% | 7.41 x 10-7
average channel SNR arl The average BPS performance_Data 3191072 | 9.64 x 107 | 297 x107% | 7.41 x 107*
of an adaptive, 1% mean BER speech, and a 0.01% mean

BER computer data scheme farvalues of 0.6, 0.7, and 0.8

is shown for a range of average channel SNR’s in F|g 1(bjength of 4.615 ms. This frame |ength is also identical to that
of the GSM system [31], [32].

Accordingly, every 4.615 ms the TS to be employed by a
IIl. SIMULATION MODEL particular user was reevaluated. The normalized Doppler fre-
uency of the fading, again, was computed with respect to the

For the modeling of the Rayleigh fading channel, tw o .

. ; ransmission frame rate, rather than to the more conventionally
approaches have been considered. Jakes [33] describes an . . .

Casast al. [34] implement in hardware a technique referred tused symbol duration, and this determined how often actually

as “sum of sinusoids” for simulating Rayleigh fading using th e employed TS varied. Markov technlqug_s were usg_d_ to
summation of several low-frequency sinusoids with regular odel the TS that would be employed. Transition probabilities

spaced phase differences. An alternative approach perfo dween ‘adjacent” TS ;chemeg, such as BPSK and 4QAM
complex addition of two band-limited quadrature additiv8'@Y be evaluated analytically using the approach of Wang and

white Gaussian noise (AWGN) sources, a solution advocat¥paye" [38] or by simulation. However, simulations showed
for example by Arredondet al. [35] and Goubraret al. [36]. that the probability of nonadjacent transitions, such asa BPSK
We carried out a rigorous? Rayleigh-distribution hypothesis ffame followed by a 64-QAM frame were not negligible for
testing [37] for the two methods and for a variety of reasontg€ syst.em pgrameters of interest, in partlcular for more rap|dly
the latter quadrature noise source method was preferred. fluctuating higher Doppler frequencies. Hence, we decided
A convenient approach to understanding how the abof détermine the maximum Doppler frequency up which the
parameters will affect the latency of an adaptive modulatioffang—Moayeri [38] model is applicable to our adaptive regime
scheme is to describe the transmission mode switching sche#iid x* testing [24], [37].
with a Markov model [26]. This approach is appropriate for The normalized Doppler frequencies, where gt confi-
modeling the throughput of adaptive modulation, because tance levels became unacceptable are tabulated in Table II.
modulation scheme employed is only dependent upon whiti¥spection of this table reveals that, for both sets of switching
of the switching SNR’s the instantaneous SNR falls betweeRNR’s, the maximum normalized Doppler frequency, for
By contrast, the BER depends upon the actual value of théich the Wang—Moayeri model is applicable to our problem
instantaneous SNR. increases with reduced average channel SNR. Due to lack

Adaptive modulation is applicable to a range of syste®f space this plausible phenomenon and a range of other
environments, such as that of the digital European cordssociated issues are left for the interested reader to interpret
less telephone (DECT) [27], where the frame length is 10 detail.
ms, to an advanced time-division multiple-access (ATDMA) Considering the 4.615-ms frame length, if the
environment [28] with a 5-ms frame length or to the forthcomWang—Moayeri model is to be invoked for evaluation of
ing universal mobile telecommunications system’'s (UMTShe latency effects of adaptive modulation, for average
indoor-specific environment [29], [30], which has a framehannel SNR’s up to 50 dB and for both computer data and
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One Frame scheme will actually vary. The modulation mode transitions for
4.615ms a particular user were characterized by a Markov model, where

----------------------------------- the transition probabilities were evaluated by simulation for the
sake of maintaining validity at higher Doppler frequencies,
as argued before. Our performance results are related to a
””””””” N propagation frequency of 2 GHz, to a frame duration of 4.615
= }472.1;13;‘ ~ ms, and to normalized Doppler frequencies of 0.0042, 0.025,
0.054, 0.079, and 0.133, which correspond to mobile velocities

of 0.136, 0.812, 1.75, 2.57, and 4.32 s

Down-link

H Up-link
o o o The initial evaluation of the latency considers a single user,
Fg.2 T IgtDe/nTc?/'\?r?gsm\?Ié(g _’?gg‘%g‘;ﬁ of statistical multiplexing eval-\y g jg allocated a single uplink slot within the TDMA/TDD

frame of Fig. 2, where the uplink slot is immediately followed
by the downlink slot for the same user, noting that the

speech models, the maximum Doppler frequency that can dssociated hardware ramifications are beyond the scope of this
successfully modeled 3.19 x 1072/4.615 x 1072 = 5.5 Hz.  paper. It is assumed that the desired throughput for the uplinks
Assuming the burst structure proposed for UMTS by the paand downlinks is the same, what we refer to as “balanced
European FRAMES consortium [30], under the auspices of ti®D.” Furthermore, because the channel is assumed to be
advanced communications technologies and services (ACT8giprocal, the latency experienced by both the uplink and
program, and a carrier frequency of 2 GHz, the maximugiownlink transmissions is the same. Every user may employ
normalized Doppler frequency of 5.5 Hz corresponds t®o transmission,” BPSK, QPSK, square 16, or 64 QAM in the
a pedestrian velocity of 0.82 m§, which is fairly low. slot allocated to them. The same modulation scheme must be
Hence, for the sake of generality, the Markov transitioamployed over the full length of the slot. It was also assumed
probabilities used to evaluate the latency of our adaptivieat the buffer was initially empty.
modem were generated by simulation. Furthermore, theseThe delay for a single user, that is allocated a single slot,
simulated transition probabilities include the finite probabilitransmitting over a Rayleigh fading channel was evaluated
of transition to and from “nonadjacent” transmission modassing the configuration of Fig. 2 cumulative distribution func-
of the adaptive regime. The Markov transition probabilitieons (CDF'’s) of the number of frames, by which each bit was
of our adaptive modem were evaluated by simulation fatelayed, were evaluated for:2 10° frames, with= of 0.6,
average channel SNR'’s of 10, 20, 30, 40, and 50 dB, a0d7, and 0.8, average channel SNR’s of 10, 20, 30, 40, and 50
for normalized Doppler frequencies of 0.0042, 0.025, 0.05dB, normalized Doppler frequencies of 0.0042, 0.025, 0.054,
0.079, and 0.133 over a Rayleigh channel, using both tbe79, and 0.133, and for both the BERI1 optimized speech
peak and mean BER 1% and 0.01% (speech and compwiad the BER= 0.01 optimized computer data transmission
data system) switching SNR’s of Table I. switching SNR’s of Table | in the absence of interference.

In order to stipulate the system parameters, the general istughould be noted that during this evaluation of latency
of latency in adaptive modulation is considered complyinghere was no limit imposed upon the buffer length. However,
with the FRAMES consortium’s approach to UMTS, whichn Section VII-B, where adaptive modulation is compared
was highlighted by Ryclet al. [30]. The current FRAMES to fixed schemes, the buffer is limited to the maximum
proposal in the 2-GHz band includes a time division dwallowed speech-specific and memory-constrained data latency.
plex (TDD) option with a 4.615-ms frame duration, up td-ig. 3(a) and (b) are examples of such delay CDF's, expressed
64 slots/frame for 2-GHz transmission. Including adaptivie terms of the number of 4.615-ms frames #r= 0.6, for
modulation in this framework results in a temporal differencearious normalized Doppler frequencies and for our speech
of 72 s between channel quality estimation and transmissicand data schemes, respectively.
assuming that uplink and downlink slots consecutively follow Observe in Fig. 3 that for both speech and data transmission
each other, as portrayed in Fig 2, and “passive reception” the CDF reaches unity less rapidly, as the Doppler frequency
the preceding time-slot’s signal is invoked, in order to infeis reduced, implying an increased relative frequency of longer
an estimate of the uplink channel's quality. This figure wilbuffer buildup. Hence, as expected, the average delay increases
be discussed in more depth during our further discourse. Atvéth lower normalized Doppler frequencies. Furthermore, due
vehicular speed of 5 m3, 72 s corresponds to 36@m or to its more stringent BER, the computer data system results
to a minute fraction of about 0.5% of the carrier wavelengtin longer delays than the speech system. The effect of a
Therefore, it is assumed that the fading envelope does not vlower normalized Doppler frequency is that it prevents the
significantly between estimation and transmission. transmission scheme from changing very frequently. Hence,

Accordingly, every 4.615-ms TDD frame the transmissiothere are relatively long periods, where the instantaneous
scheme to be employed by a particular user will be reevaluaté@dnsmission capacity is higher than the input rate, followed
The Doppler frequency, normalized to the transmission franhy relatively long periods of the reverse situation. This is what
rate, will determine how often the employed transmissiamsults in bursts of latency. At higher normalized Doppler

Control Slots
Control Slots

IV. SINGLE-SLOT PERFORMANCE
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Fig. 3. CDF of delay expressed in terms of 4.615-ms frames for (a) speech and (b) computer data transmis&onfv@ité and various normalized
Doppler frequencies.
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Fig. 4. Delay over a Rayleigh fading channel as a function of the normalized Doppler frequeri€y=di.6 and 0.8, assuming average channels SNR’s
of 10, 20, 30, 40, and 50 dB: (a) proportion of transmitted bits in speech system experiencing four or fewer frames latency and (b) mean delay of bits
expressed in terms of the number of frames for the computer data system.
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Fig. 5. Delay over a Rayleigh fading channel as a function of the average channel SMRvidues of 0.6, 0.7, and 0.8 and for normalized Doppler
frequencies of 0.004 170 (slow) and 0.133427 (fast): (a) proportion of transmitted bits in speech system experiencing four or fewer framegllé&¢ncy an
mean delay of bits expressed in terms of the number of frames for the computer data system.

frequencies, the transmission scheme changes more frequepithportion of bits that were transmitted within the acceptable
and the latency is reduced. four-frame latency. For the computer data system no maximum

For the speech system a maximum of four-frames latendglay was imposed, instead, the mean delay was considered.
introduced by the modem was considered acceptable, whielgs. 4(a) and (b) and 5(a) and (b) illustrate these measures
corresponded to less than 20 ms, or one typical linear predid-latency for both systems as a function of the normalized
tive analysis speech coding frame duration [39]. The del@poppler frequency and average channel SNR, which are
CDF's of Fig. 3 were processed in order to determine thdetailed below.
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Specifically, Fig. 4(a) shows that an increased normalizedfactor of two performance difference betwegnvalues of
Doppler frequency reduces the latency. This is particular6 and 0.8.
conspicuous when the average channel SNR is low, maniFig. 5(b) shows the convergence in latency performance for
festing itself in a near-constant CDF gradient tending towalsbth fading rates at high average channel SNR’s. The figure
unity. For high average SNR’s the Doppler frequency is leséso suggests that an increased average channel SNR results
critical, which can be confirmed for example by comparing the more significant benefits in terms of latency performance
curves associated with the average channel SNR’s of 10 dnd slower fading by exhibiting a steeper gradient. However,
30 dB. This improvement results from the reduced number thfe increased additional average channel SNR also increases
consecutive “no transmission” frames. At 30 dB, the prob#he average BPS performancB)(as shown in Fig. 1(b). In
bility of “no transmission” is very low and, therefore, even dhis context, increasing the average channel SNR reduces the
highly correlated, slowly fading channel results in only a fedatency, while increasing the throughput.
adjacent “no transmission” frames. Although the full set of In summary of our previous discourse, the latency ram-
Markovian transition probabilities are not included for reasonfcations of adaptive modulation in a variety of scenarios
of space economy, by considering these transition probabilitiesve been considered. The following two sections consider
this tendency can be confirmed. For example, while in a sldechniques mitigating the latency introduced by adaptive mod-
fading channel exhibiting a normalized Doppler frequency eflation.
0.004 170 and a rather low 10-dB average channel SNR, we
found that the probability of “no transmission” was 0.192 V. FREQUENCY HOPPING
and the probability of remaining in “no transmission,” given The results above show that reduced correlation in the
that this is the current transmission scheme was found to fa@ling channel reduces latency in an adaptive modulation
0.980. By contrast, at the significantly higher 30-dB SNR thesgenario, although it degrades the quality of the channel
probabilities became 0.0021 and 0.775, respectively, whigeBtimation due to the more rapidly evolving fading envelope.
reflects the reduction in delay inferred from Fig. 5. The correlation may be reduced by including frequency hop-
For average channel SNR'’s in excess of 20 dB, the latenging into the system. This has no adverse effects upon the
performance shown in Fig. 4(a) is nearly always acceptaljgannel estimation when it is performed using the previously
for speech systems, irrespective of the value of the “relativentioned “passive reception,” where the estimated TDD
channel utilization factorZ when the normalized Doppler fre-uplink timeslot's channel quality is inferred from passively
quency is higher than 0.025. However, at lower average chavaluating the quality of the preceding downlink timeslot. The
nel SNR'’s, the= value has a greater bearing upon the latencgther advantage of decorrelating the fading is that the PDF
Therefore, in principle the speech codec could be reconfigureddthe instantaneous BER will have a lower variance and,
depending upon the average channel SNR, as proposed in [#@Jce, will be more concentrated around the average BER
However, whereas in [40], the speech codec was reconfiguesgerienced by the source-coded frames, since the amount of
in order to transmit the lower rate speech signal using a matee spent in a deep fade is statistically speaking limited to
robust, but lower capacity modem mode, in our current systearsingle burst, rather than inflicting long strings of high-BER
it would be reconfigured in order to reduce the latency inflictédames. This vindicates the decision to use the mean BER
by the lower average channel SNR experienced. switching SNR’s, from Table | for these experiments rather
Observing Fig. 4(b) now reveals that the mean delay faian the peak BER switching SNR’s.
the computer data system is also reduced, as the normalize®the proposed frequency hopping scheme was simulated
Doppler frequency increases. It is interesting to note that fagsumingM independent fading channels, with a frequency
all = values and for all average channel SNR's the shapep every TDD frame. All of the previous experiments were
of the curves in the figure is similar. Bearing in mind theepeated employing/ = 2, 3, 5, and 10 fading chan-
logarithmic nature of they axis, this figure again showsnels. Fig. 6(a) and (b) shows the effect &f independent
that the increased decorrelation of higher Doppler-frequenfrgquency-hopped channels upon the latency of the speech
channels has greater effect upon the latency of systems uraled computer data transmission systems, for 10 and 20-dB
low average channel SNR conditions. Furthermore, most aferage channel SNR’E values of 0.6 and 0.8, as well
the delay-reduction is observed due to the initial increasesas for normalized Doppler frequencies of 0.004170 (slow)
normalized Doppler frequency, whereas for values in excesmsd 0.133427 (fast). Note in the figure that bold markers
of about 0.02 the curves become more flat. correspond to slow and hollow ones to fast fading. These
Fig. 5(a) shows how the latency performance of our fastegjures reveal that significant delay reductions may be achieved
and slowest experimental fading channels, associated with theintroducing frequency hopping to an adaptive modulation
Doppler frequencies of 0.004 170 and 0.133 427, respectivedgheme. Ten hopping frequencies allow virtually all bits under
converge at high average channel SNR’s, irrespective of thi circumstances in the speech system to exhibit less than
= values. This is because the instantaneous channel SféRr-frames latency. Observe in Fig. 6(b) for the computer
is virtually always greater thard, and, therefore, nearly data system that all mean delays are reduced below 20 frames,
always square 64 QAM is employed, irrespective of thehich is equivalent to 92 ms. The frequency hopping rate of
normalized Doppler frequency. At 20-dB average channgf4.615 ms ~ 217 hops/s is identical to that of the GSM
SNR, the latency is almost independent®ffor the faster system and at this slow hopping rate the synthesizer design
fading channel, while for the lower fading rate there is nearljoes not constitute a serious challenge. In the next section,
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Fig. 6. Adaptive transceiver delay over independent frequency-hopped channels for 10- and 20-dB average channé& &N&es, of 0.6 and 0.8,

and normalized Doppler frequencies of 0.004 170 (slow) and 0.133427 (fast). Bold markers correspond to slow hollow ones to fast fading: (@) proportio
of transmitted bits in speech system experiencing four or fewer frames latency and (b) mean delay of bits expressed in terms of the number of frames
for the computer data transmission system.

TABLE Il of TDD slots allocated to the various modem modes. As the
ToTAL NUMBER OF UPLINK AND DOWNLINK SLOTS IN A FRAME channel conditions deteriorate, the modulation order is reduced
FOR BALANCE TDD wiTH STATISTICAL MULTIPLEXING L.
and, therefore, the number of slots per frame is increased.
Modulation Scheme | Slots Occupied These slot-demand increases in a TDD frame are statistically
No Transmission 2 independent of each other for all users and, hence, assuming a
BPSK 8 sufficient number of users, the variation in demand is averaged.
S;S:; 16 QAM 2 When _the channel becomes so poor that Fransmissions W_iII
Square 64 QAM 9 result in an unacceptable error rate, that is, the modem is

in the “no transmission” mode, no slots need to be occupied
for transmission, however, one uplink and one downlink slot
let us now consider an alternative technique of mitigating tte reserved in order to assist in channel estimation. Here,
latency effects, namely statistical multiplexing. we refrain from detailing the corresponding base station and
mobile station operations, which are summarized in more

depth in the Appendix.
VI. STATISTICAL MULTIPLEXING

A. Background B. Statistical Multiplexing Performance

Pearceet al. [18] considered allowing users to occupy The performance of the proposed statistical multiplexing
a varying number of slots on the basis of the traffic, thecheme was evaluated for 5, 10, 15, 20, 25, and 30 users and
modulation scheme, and path loss that is experienced. Willia2®-, 30-, 40-, and 50-dB average channel SNR'’s. In all cases,
et al. [41] considered employing packet reservation multiplee employed= = 0.8, the peak BER switching SNR’s were
access (PRMA) combined with different modulation schemesed and for each simulation all users were assumed to be
in order to accommodate different channel qualities associaggeriencing the same average channel SNR. The performance
with different average channel SNR’s and interference loadss only evaluated for the 1% BER adaptive speech scheme
across a cell. These ideas are based on the bursty natamd results were obtained for normalized Doppler frequencies
of speech data, assuming that a speech codec with voadd.0042, 0.025, 0.054, 0.079, and 0.133, which correspond to
activity detection (VAD) [32] is used, as proposed for exampl@obile velocities of 0.136, 0.812, 1.75, 2.57, and 4.32 tns
by Goodmanet al, Nandaet al, and Wong in [42]-[45], Tables IV and V summarize the number of users accommo-
respectively. Here a different statistical multiplexing schensated on a single adaptive TDD carrier using the structure of
is exploited in order to mitigate the delay in an adaptivEig. 11, with a 99% and 95% probability of a four or fewer
modulation scheme. It is only considered for the speeftame delay, corresponding to a maximum of about 20 ms.
switching SNR’s, because the computer data is less dependéfhien all users experience 40- or 50-dB average channel SNR,
upon system latency. We note, however, that invoking th89 “balanced duplex” users can be accommodated, assuming
technique implies both an increased system complexity atite FRAMES configuration. There is a limit of 31 duplexed
the inclusion of a packet header overhead. users because the proposed statistical multiplexing algorithm

In our proposed statistical multiplexing scheme, the numberaintains one pair of slots for each user, even if they are
of slots allocated to a user is now adaptively controlled inot transmitting, as was shown in Table Ill. Furthermore, one
order to compensate for the different BPS channel capacggir of slots are used for sending the broadcast control slot-
of the various modem modes. Table Il shows the numbstatus information for the statistical multiplexing, as seen in
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TABLE IV
NUMBER OF USERS THAT CAN BE ACCOMMODATED IN RAYLEIGH FADING WHEN ALL USERS EXPERIENCE THE SAME AVERAGE
CHANNEL SNR FOR A RANGE OF NORMALIZED DOPPLER FREQUENCIESUSING STATISTICAL MULTIPLEXING WITH 99%
OF FRAMES BEING DELAYED LESS THAN THE DURATION OF FOUR FRAMES. THE CONTENTION PERMISSION PROBABILITY IS p

SNR 50 dB 40 dB 30 dB 20 dB
Users 30 uscrs for all p. | 30 users for all p. | 25 users for all p. 15 users for
Accom- 30 users for faT > 0.025 and
modated faT > 0.025 and p#0.1,0.2,0.6
p#0.1,0.7,08 0.7,0.8 or 0.9.
or 0.9.
TABLE V

NuUMBER OF USERS THAT CAN BE ACCOMMODATED IN RAYLEIGH FADING WHEN ALL USERS EXPERIENCE THE SAME AVERAGE
CHANNEL SNR FOR A RANGE OF NORMALIZED DOPPLER FREQUENCIESUSING STATISTICAL MULTIPLEXING WITH 95%
OF FRAMES BEING DELAYED LESS THAN THE DURATION OF FOUR FRAMES. THE CONTENTION PERMISSION PROBABILITY IS p

SNR 50 dB 40 dB 30 dB 20 dB

Users 30 users for all p. | 30 users for all p. | 30 users for all p. | 15 or 20 users

Accom- for p #£ 0.5,

modated 0.6, 0.7, 0.8 or
0.9.
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Fig. 7. Proportion of speech frames delayed more than four frames for contention permission probabijitiesOof, 0.2, - -- 0.9, for a= value of 0.8

with various average channel SNR’s and a range of normalized Doppler frequencies: (a) 15 users with 20-dB average channel SNR, (b) 20 users with 20-dB
average channel SNR, (c) 25 users with 20-dB average channel SNR, and (d) 25 users with 30-dB average channel SNR.

Fig. 2. Employing two rather than one control slots allowat 0.0042. This is because at very low normalized Doppler
us to accommodate strong channel coding and to exploit thhequencies the modulation scheme employed on a particular
otherwise unused 32nd uplink slot duration. base-station to mobile-station link changes very infrequently.
The performance of the statistical multiplexing scheme TEherefore, the modem mode does not change frequently and
considered in more detail at SNR'’s of 20 and 30 dB in Fig. hence, extra slots are rarely required and consequently con-
Fig. 7(a) shows that a high-contention permission probahilitytention rarely occurs. However, as the normalized Doppler
increases the delay, since there are too many packet collisifn@gjuency increases, slots in the frame are exchanged between
and renewed contentions. However, a laggehas greater users more frequently and the probability of contention in-
negative effect at 0.025 normalized Doppler frequency th@neases. This increase in contention is superimposed on the
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TABLE VI
SUMMARY OF BURST CONFIGURATIONS OF FIXED MODULATION SCHEMES TO BE USED FOR COMPARISON WITH ADAPTIVE MODULATION

Fixed Bits Per | Slots Per | Bits Per Block Codewords Info Bits
Scheme Slot Frame Frame Code Per Frame | Per Frame
BPSK 64 6 384 127,64,10 3 192
QPSK 128 3 384 127,64,10 3 192
QAM 16 256 2 512 127,50,13 4 200
QAM 64 384 1 384 127,64,10 3 192
effect that as the normalized Doppler frequency increases, the TABLE VII

adaptive scheme’s throughput varies less from the avera@@ERAGE CHANNEL SNR (dB) REQUIRED TO OBTAIN 1% FER WHEN UsinG
THE FIXED MODULATION SCHEMES DESCRIBED IN TABLE VI UNDER SLow

throughput and therefore fewer symbols spend a long time (0.136 mS1) AND FAST (4.32 ms 1) RAYLEIGH FADING CONDITIONS
in the buffer.

. . . - SNR (Slow SNR (Fast
Comparing Fig. 7(a) YVIth (b) shows how the probability Modulation Not ) Not (Fast)
of unacceptable delay increases as the number of users iSScheme | Interleaved | Interleaved | Interleaved | Interleaved
increased from 15 to 20, by 33%. The delay becomes worse gggg ;gg ;gg ;gi’ ;(7];
at all normalized Doppler frequencies apndecomes a more  aM 16 977 977 28.0 93.7
critical parameter after this increase of the number of users. A QAM 64 33.9 33.9 34.2 30.5

further increase from 20 to 25, by the same number of users is

illustrated by Fig. 7(c). Again, the delay performance becomggd decoding, and a further 10 ms is reserved for the so-called
worse at all normalized Doppler frequencies. Also shown b’focessing delay, yielding a total of 30-ms speech coding
this figure is, assuming 20-dB average channel SNR and @8lay. The computational processing time could potentially
users that the contention at very low normalized Doppl@je reduced, however, a faster processor would be required and
frequencies results in catastrophic delayg it 0.60. From  there would be a consequential increase in power requirements.
Fig. 7(a) to (c), it was decided to use a permission probabilififterference is not considered at this stage.
of 0.3. Fig. 7(d) shows the effect of increasing the SNR from We evaluated the performance of conventional fixed BPSK,
20 to 30 dB with respect to Fig. 7(c). QPSK, square 16, and 64 QAM separately over Rayleigh
fading channels. The throughput was 41.6 Kb/s for all schemes
and, therefore, these schemes required six, three, two, and one
slots per user, respectively. For square 64 QAM, QPSK, and
A. Fixed Schemes BPSK, this results in 384 b/frame, and for square 16 QAM,
In this section, adaptive and fixed modulation techniquéd? P/frame. The 384 b/frame, for square 64 QAM, QPSK,
are compared in terms of the number of duplex users th@ d BPSK, consists of three Bose-Chaudhuri-Hocquenghem

can support on a single carrier frequency at practical indO(ilt(s:HV?/(il:Il-zg,e64V’V]2aOS)tei:oc-:fh(;0dszsu a[:rleB],l\f/thgrAe\l\/tlhr\/?/ﬁl tLaSZST(i)ﬁ?d
velocities. Block coding is employed and an indoor propa: ) )
gation environment is assumed. The data frame durationEigH(127'5o’13) block-coded word and waste four bits. The

again, 4.615 ms and the frames contain 64 slots, each witl‘f%g'ng rates are C.IOS? t0 0.5; half-rate codes are widely usgd n
vxg;eless communications. All of these values are summarized

useful payload of 64 data symbols and due to the overheadn Table VI. For each of the fixed schemes the data was

ramp, guard, and training symbols, the gross symbol rate is 1. . o
MBd. This rate can be accommodated in the 1.6-MHz TD ?erleaved over four consecutive TDD frames, yielding a
atency of about 30 ms.

bandwidth we assumed, while using a Nyquist rolloff factor The FER was evaluated for the four fixed schemes shown

of 0.35 and allowing for some adjacent channel interference. . . .
A continuous balanced-duplex TDD service is assumed Wiln Table VI through Rayleigh fading channels for normalized

a useful payload of 192 b/4.615 ms 41.6 Kbis, which oppler frequencies of 0.0042, 0.025, 0.054, 0.079, and 0.133,

hich correspond to mobile velocities of 0.136, 0.812, 1.75,
becomes 200 b/4.615 ms for the 16 QAM mode of Table V. 57 and 4.32 ms. A minimum of 10000 frames were

The intended application for such a transmission scheme i ifulated. The EER’s were evaluated with and without in-
mi?<ed video and speech service, for_ example, speech enco%eer aving and the corresponding SNR values where the 1%
using a codec of the typ_e standardized bY the ITU as GI?Ee%WR was achieved was recorded. The SNR'’s required for the
[46] and synchronized video encoded using a codec of the, ost and highest normalized Doppler frequencies are shown
type that is also _ste_mdardlzed by the ITU as H'2_63_ [47]- THE Table VII. Under slow fading conditions the interleaving
tolerable transmission frame error rate (FER) is in genefadly o effect upon the required average SNR, however, for

dependent on the source codecs, channel codecs, and gii€fastest fading it resulted in a reduction of 2.6—4.3 dB in
transceiver features, but typically it is expected to be beloy,ms of the required average channel SNR.
1%. We assume that the affordable transmission delay is 30

ms. This is based upon a maximum of 60-ms system delBy Adaptive Scheme
(GSM [31], [32] has a speech delay of 57.5 ms), where for In adaptive modulation, a frame error can occur for two
example 10-ms delay is induced by the G.729 source encodimegsons, either as a result of the noise corrupting a sufficient

VII. COMPARISON OF FIXED AND
ADAPTIVE MODEMS USING BLOCK CODING
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TABLE VIII
TRANSMISSION RATE FOR STATISTICLLY MULTIPLEXED ADAPTIVE MODULATION

fading rates. All users transmitting in the TDD frame had

SCHEME SHOWING THE DESIRED NUMBER OF SLOTS TO ACHIEVE A
THROUGHPUT COMPARABLE WITH THE FIXED SCHEME IN TABLE VI

the same throughput requirements, average channel SNR and
fading statistics. Table IX shows the DER, FER, and TER
for both the mean BER and peak BER switching SNR’s of

Current Codewords | Information | Desired Info Table I, in both the slow and fast Rayleigh fading channels,
Transmission Per Bits Per Multiplexed Per . )
Mode Slot Slot Slots Frame  [OF Various numbers of users at average channel SNR’s when
No Transmission 0 0 1 0 all the users are generally achieving the desired error rate and
gggﬁ ; gg 255 }gg delay performance.
QAM 16 4 156 1_‘25 195 Several observations may be made from Table IX.
QAM 64 6 234 0.83 195 « The DER with peak BER switching SNR’s is higher than

with mean BER switching SNR’s. This is because the
peak BER switching SNR'’s are higher, and, therefore,
the throughput is on average lower. This means that there
is more possibility of frames being dropped from the
transmission buffer due to delayed transmission.

The FER with peak BER switching SNR’s is less than
with mean BER switching SNR’s. This is the reverse
situation compared to above, since the higher switching
SNR’s result in higher integrity for the data transfer.

The FER is the same for the equivalent fast and slow
fading scenarios, however, as expected, the DER reduces
with increased mobile speed.

When the number of users increases, while maintaining
the same average channel SNR, the DER increases. This

number of bits, such that the BCH codeword is overloaded,

or, alternatively the frame experiences too high a delay and it
is therefore not transmitted. The frames lost due to corruption

yield the FER, the frames lost because of delay result in a
delay error rate (DER) and the total rate of corrupted frames

is the total error rate (TER). For the fixed schemes the DER

was zero and therefore TER equals FER.

An ideal adaptive modulation scheme balances the DER’
and FER in order to minimize the TER and this is to a certain
extent analogous to the tradeoff in BER and BPS performance.
From the frequency hopping investigation in Section VI, it *
is clear that DER can be reduced for no cost in FER. | ) )
However, the intention of this comparative study is to employ IS @ result of the extra contention for slots when using
adaptive modulation under the most demanding conditions and 0W-order modem modes.

therefore a single-frequency statistical multiplexing is used to* When the average channel SNR increases, while main-
reduce the DER without frequency hopping. taining the same number of users, the DER reduces. This

is because all users will on average require fewer slots or
experience fewer “no transmission” instances.

The switching SNR'’s to be used for the adaptive modulatio':nrom the table it can be concluded that combined adaptive

; o mpdulation and statistical multiplexing can support 5, 10,
scheme were the speech system’s optimized mean BER levels 20, 25, or 30 TDD users at 20-, 20-. 22-. 26-. 28- and

and the speech system’s peak BER levels from Table I. Vg ,dB h | SNR’ tivelv. at eith £ th
opted for employing the block code BCH(63,39,4), since it was average channe S, respectively, at either of the

the most robust code from the= 63-b-long BCH code family Investigated velocities or at either set of switching SNR’s. The

that would achieve the 41.6 Kb/s useful target rate Withom”mt;)er of IUS(Iars jugportiq by rt]he;i;eéj mlodul?tion s_chem((ajs
the required= value becoming too high for average chann an be calcu ated by taking the upiex slot pairs an
SNR's of approximately 20 dB. Depending upon which mo ividing them by the number of slots required per frame, as
the adaptive modem was in, 0, 1, 2, 4, or 6 codewords cmﬂa’en in Table VI. The results are shown in Fig. 8 for the fast
be transmitted per frame as e>’<er’npl’ifie’d by Table VIl and slow fading environments, with and without interleaving,
The performance of the adaptive scheme was evalua@H"ough the p_oints for the slow channel cpincide. The adaptive
using the statistical multiplexing algorithm from Section viPerformance is also shown, however, it should be noticed

The ratio= was no longer fixed. Here, the adaptive modulatioffi@t the line given is for the slow fading channel and better
and statistical multiplexing support 195 b/frame for ever erformance is achieved by the fast fading channel, hence, the

user that is accommodated and therefore, irrespective of {ARE! “worst case.” _

average channel SNR, each user adds five BCH(63,39,41:'9- 8 shows that the adaptive _scherne can support at least as
codewords to its queue. This yields a throughput of 42.38any, and often 25% more multimedia users than the BPSK,
Kb/s, which is slightly in excess of the target value of 41.8PSK, and square 16 fixed modulation schemes over the worst
Kb/s. Frames that were in the transmission buffer longéfSe slow fading channel. Through the fast fading channel,
than 30 ms were removed from the buffer and were n¥fith the exception of 5 users, the adaptive modulation can
transmitted. The relative frequency of this event gave tfaatch the performance all the fixed schemes but at slightly
above-mentioned delay-induced DER estimate. Perfectly dewer average channel SNR'’s. There are however, two key
herent detection and channel estimation was assumed, aROjfits that have not been expressed so far, which further
had been for the fixed modulation, and the SNR was assum@yprove the performance of adaptive modulation over the fixed
to be constant over a 72s slot. The FER was evaluatedschemes that are elaborated on below.

using the same technique as was used for fixed modulatior The overall effect of a given DER and FER upon the
and the results were obtained for the same slow and fast quality of a wireless service is not the same. With a

C. Performance Evaluation
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TABLE X
THE FRAME ERROR RATE (FER) Due 10 Noise, DROPPEDERROR RATE (DER), AND TOTAL ERROR RATE (TER) FOR STATISTICALLY MULTIPLEXED
BLock-CobeD ADAPTIVE MODULATION SCHEME USING THE PEAK AND MEAN BER SmTCHING SNR's AT Two VELOCITIES

Normalised Doppler Frequency 0.0042 (velocity 0.136 ms’l) Normalised Doppler Frequency 0.133 (velocity 4.32 ms—1)
Mean BIER switching SNRs Peak BER switching SNRs Mean BER switching SNRs Peak BER switching SNRs
Users | SNR (dB) FER DER TER FER DR TER FER DER TER FER DER TER
5 18 3.0 x 10 9.5 x 10~ 13x1077 [ 44%x107% [ 1.4x 1072 [ 14x1072 [ 301073 | 1.8 %1073 | 4.8x 10~ 4410 [ 29%x 1077 [ 29x 1077
5 20 23x107% | 58x 1073 [ 81x107% | 41x107% | 7.2x 1078 | 7.2x 1073 || 23x107% | 1.0x 1073 | 33x 1073 | 4.1x 1075 | 14 x107% | 14 x 1078
10 20 23x10°% | 61x1073 | 8AX10 2 | A1 x10° | 78X 103 | 7.6 x10 3 || 23x10 3 | LIx10°% | 34x10° % { 41 x10°° | 34x 10 ° | 3.4 x 103
10 22 1.7x107% | 20x107% | 3.7x107% | 3.3x107% | 34x 1073 | 34x 1073 || 1.7x10°2 | 22x107% | 1.9x 1078 | 33 x107% | 3.7x10~* | 40 x 10~*
15 22 17X10°3 | 30x 1077 [ 47x10°% [ 33%x 1077 | 55x 10° 55x10°3 [[17x10° % [29x 102 [20x 1073 [ 34x107% [ 41x10~7 | 44 x 1077
15 24 1.2x107% | 93x 1074 | 21 x 1073 | 24%x 1075 | 1.5x107% [ 1.5x 1073 || 1.2x 1073 | 6.7x 1075 | 1.3x 1073 | 24x10°% | 1.0x 10" | 1.2x 107!
20 26 87x 1077 [ 11 x107F [ 20x 1073 [ 1.7x 1077 | 1L.7x 107° [ 1.7 x 10 ° || 9.0x 107 F [ 73x 1077 [ 97x 1077 [ 1.7x 105 | 1.ox 10T [ 1.2x 10~
20 28 46x107% | 6.6x 1077 | 1.1x107% | 1.2% 1075 | 1.0x 1073 | 1.0x 1073 || 4.8 x107* | 3.5x 1075 | 52x 107 | 1.2x107% | 74x 107° | 8.6 x 10~°
25 28 46 x 1072 [ 8B X 10T [13X1073 [ 11x107° | 84x 10" 8.4 x 10~ A7 x10 % |25 %1072 [ 72x 1077 [ 12x107% | 37x10-T | 3.8x 107
25 30 38x 1071 | 54 x 1074 [ 92x107% | 70x107° | 62x107% | 6.2x107% | 3.8 x107% | 21 x 1075 | 4.0x10=% | 7.0x 1076 | 36 x 1075 | 43x 10 ®
30 30 40x 107 [ 20x107% [ 24 x 10~ 7O0x 1070 [ 12X 107 12x10° 2 |[41x107* [ 1.8x107% [ 22x 10~ 80X 1078 [ 44x10 44%x 103
30 32 24x107% | 64x107% | 88x107% | 6.0x107°% | 3.1 x107% | 3.1x107% || 2.5 x107* | 4.1 x107% | 29%x107% | 6.0x10°% | 48x107% | 54x10°°
16 if the average channel SNR reduces the BER performance
o 3 2 will deteriorate. There is no capacity for reassigning the
B3 number of slots to a user, as the average channel SNR
%30 ¢ varies. Without this reassignment every fixed modulation
o 28 user will potentially require a margin of SNR to protect it
Z % against reducing average channel SNR’s. Furthermore, as
g2 the average channel SNR increases, the lack of capacity
< 22 . . .
3 5, | e Worn o to reassign slots results in fewer users being supported
> nterleaved-slow . . . . .
< g T Urinedeared oy than possible. Slot reassignment is possible for the fixed
ol O Uninerleaved-fust modulation schemes [41], however, it incurs an additional
6 5 10 15 20 25 30 35 transceiver reconfiguration capability beyond the scope of

Number of S ted .
umber of users supporte this work.

Fig. 8. The average channel SNR required to support a given numbermy, 8 shows that adaptive modulation increases the number of
users with fixed and adaptive modulation on the basis of the comparative

study. The adaptive performance is shown for the “slow” fading channel, alP€S that can be su_pported at a given average chqnne_l SNR
it is hence labeled as “worst case.” over a Rayleigh fading channel when compared with fixed

modulation. Although all of the points in Fig. 8 achieve the

TER of 1%, the illustration does not show by what margin this
fixed scheme the DER is zero, and therefore all erro@rget is achieved. To rectify this, Flg 9 considers the TER for
are caused by corruption, rather than delay. This has the adaptive and fixed modulation schemes from Fig. 8. The
advantage that since systematic block codes are usedmber of usersis, therefore, a variable in Fig. 9, however, the
the decoder can output the received information bitgumber of users supported by the adaptive schemes is always
rather than erroneously decoding them when the coggual or greater than the number of users supported by the
is overloaded. Alternatively, the overloaded block maffxed schemes, as was shown in Fig. 8.
be ignored at the receiver. Either way, without the use Considering Fig. 9(a) it can be seen for the slow fading
of automatic repeat request (ARQ) techniques, whidgthannel that with the exception of one value the adaptive
exhibit an associated delay, redundancy, and additiorsgheme results in a higher integrity in terms of TER than
complexity, the transmitting source encoder does ntite fixed scheme. Furthermore, for the slow fading channel
know the condition of the received block. With adaptivéhere is no clear advantage in using either the peak or mean
modulation and the peak switching SNR’s the FER cdBER adaptive switching SNR’s. At the higher speed seen in
become very low, as seen in Table IX, and the DER apig. 9(b), both sets of switching SNR’s show even greater
proximates the TER. As a consequence of this, assumitigprovements over the fixed schemes and there is a marked
an FER= 0 and with the knowledge of when packets ar@dvantage in using the peak BER switching SNR’s. The mean
dropped, it possible for the source encoder to have neand peak switching SNR’s result, respectively, in up to a
perfect knowledge of what is received at the decoddactor of three or 30 reduction in TER, respectively. The
This is useful in preventing the propagation of errorpeak BER switching SNR’s are preferable for the faster fading
resulting from the encoder ignorantly assuming that ighannel to the mean BER switching SNR’s because the DER
local decoded state is the same as the decoded statbestomes negligible for both sets of switching thresholds, as
the other end of the link. the channel correlation is reduced. Therefore, the TER tends

» The results for the fixed modulation were evaluated usinig the FER, which is much lower for the peak BER switching

BPSK, QPSK, square 16, and 64 QAM. The optimurBNR’s.
operating SNR range of these fixed schemes is basedhe net result of Figs. 8 and 9 is that adaptive modulation
around a particular SNR value. If the average channiehproves the quality of the link expressed in terms of TER,
SNR increases, the BER performance will improve, anghile accommodating additional users. In conclusion, we note
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Fig. 9. Total error rate for the adaptive and interleaved fixed modulation schemes at normalized Doppler frequencies of (a) 0.004 170 (slowBar2{b) 0.1
(fast). The adaptive schemes are shown with both mean and peak BER switching SNR’s and the number of users that are supported can be inferred from Fig. 8.

that in this section the system’s performance was studied undardy of adaptive modulation versus fixed modulation in a low-
the assumption of a practical third-generation system frandelay, interactive mobile multimedia scenario was considered
work, which may appear specific at first sight. Nonetheless, Section VII. The fixed modulation and BCH error correc-
the findings of this paper are quite generic, since the mdgin schemes characterized in Table VI were compared with
critical system parameters are the frame and slot durationtire adaptive, statistical multiplexing-assisted scheme summa-
terms of the system’s efficiency and the values affecting otized in Table VIII. The comparison identified that adap-
system’s performance were quite similar to those of othéve modulation and statistical multiplexing may increase
existing standard systems, such as the GSM system [32]toe number of users in a system by 25% without an in-
the DECT system [27]. Let us finally conclude our discoursgrease in average channel SNR, which is supported by Fig. 8.
on the latency aspects of adaptive modulation. Furthermore, the quality of service in terms of the TER
offered to the users would be increased by a maximum
of a factor of 30, as shown in Fig. 9. These features pro-
VIIl. CONCLUSIONS vide further justification for the inclusion of adaptive mod-
Previous work has shown that adaptive modulation camation within a multimode UMTS air interface toolbox.
mitigate the effects of fading and maintain an arbitrary targ€ur future work is concentrated on interference cancellation,
mean BER. In this paper, a Markov model has been use@annel coding, power control, and equalization for adaptive
to simulate the varying states of an adaptive modem. Twaodems.
techniques for generating the model were considered, that
proposed by Wang and Moayeri [38], and a more empirical
approach, which was able to model nonadjacent modem mode

transitions encountered under faster fading conditions. It was
concluded that the latter technique was more suitable forA” mobiles are aware of which slots are allocated to which

higher normalized Doppler frequencies. user on the basis of the broadcast information contained in
A buffer was proposed between the source/channel encotnﬁ control slots of Flg 2. Without statistical multiplexing a
and the modulator, in order to accommodate the variation $t is allocated to a user unconditionally. Therefore, if the
throughput induced by the proposed adaptive scheme. THEEN cannot completely fill that slot with information bits it is
introduced latency and we considered, how the latency varigidll worth transmitting the few information bits that are in the
with the normalized Doppler frequency and average chanriffer along with some dummy bits. However, with statistical
SNR in F|gs 4 and 5, for various values of the re|a[iv§1U|tip|eXing a slot only partially filled with information bits
channel utilization factoE. It was also demonstrated in Fig. 60y one user could have been completely filled with information
that frequency hopping can be employed to overcome thgs by another user. Therefore, in the statistical multiplexing
latency. Then a more sophisticated technique, using statisti€¥periments a slot that would have only partially be filled with
multiplexing was proposed. The results of statistical muinformation bits is not transmitted and the bits are queued for
tiplexing were presented in Fig. 7. These results identifidfe next frame.
the Optimum contention permission probab|||ty for our Flg 10 illustrates the operation of the base station for em-
considered scenario to be around 0.3. ploying statistical multiplexing. The processes in the flowchart
All in all, adaptive modulation has a strong case to ba'€ now elaborated upon.
used for computer data, where data integrity is much more 1) Control Slots The base station occupies the first two of
important than latency. Without losing sight of that, a case the 64 slots for transmitting broadcast messages. These

APPENDIX
STATISTICAL MULTIPLEXING IMPLEMENTATION
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Fig. 11. The mobile station’s statistical multiplexing algorithm.

slots inform each user as to which slots are allocated to 9) BS Transmits BurstNo users have used the previous
them on the basis of their requirements in the previous upllnk S|Ot, hence the base station transmits a burst as
frame. All users receive these slots and it is assumed @ “beacon” for any users, who wish to transmit in the
that they are received without errors. Again, the slots ~ next slot in order to obtain a measure of the channel
are allocated such that for each user all of the pairs quality.

of uplink and downlink slots in a particular frame are 10) Reply One and only one user has transmitted in the

next to each another.

More Slots in Frame?If there are more slots in the
frame (i.e., the last slot transmitted was not number
64), which have not been considered so far, then they
must be processed, otherwise, after considering the last

previous uplink slot. On the basis of the channel quality
the base station replies using the appropriate modulation
scheme. All users, who were permitted to transmit in the
next uplink slot, will “passively receive” this downlink
burst in order to estimate the channel quality.

Other Slots Allocated to This User®ere there any
slots in positions after the current one in the frame
allocated to the user who did not transmit in this one?
Do Not Expect Further BurstsOther slots allocated to

Burst Received?The base station determines whether the user in the frame will be available for other users
a burst was transmitted by any mobile. in this and following frames.

Burst Expected?If any mobile did transmit in the slot, Having considered the BS’s actions, Fig. 11 illustrates the op-
was it the mobile that was allocated that slot in theration of the mobile station for using statistical multiplexing.
control slots? An unexpected mobile transmission coulthe processes in the flowchart are to a certain extent similar
only happen if the slot concerned was not allocated those of the BS’s and hence for space economy we refrain
to a specific user in the broadcast control slot. Thifom guiding the reader through it.

of course, is on the premise that the control slot is Below it will be demonstrated that the proposed statistical
successfully received. multiplexing scheme will result in reduced latency. This
Burst Expected?If no mobile transmitted in the slot, will allow the system throughput to be close to the mean
was the slot allocated to a particular user? This woulttieoretical BPS performance. This is equivalent to saying that
be the case, if a slot had been allocated to a user, Eitmay be increased without introducing unacceptable delay.
that user did not have a sufficient number of bits in thAn alternative view is that statistical multiplexing mitigates
buffer in order to render their transmission worthwhilethe varying throughput that results from adaptive modulation.
Alternatively, the channel quality was deemed so lowowever, statistical multiplexing will result in a variable
that the mobile decided not to jeopardize degrading tlexpected BER of a frame around the mean target BER. This
BER performance by transmitting. scenario is exemplified by the situation, where the fading is
Collision? If simultaneously more than one burst wagxtremely slow and transmission of several frames takes place
received, then the received energy was typically higinhen the SNR is either slightly above, or below, a switching
but the data was corrupted, which was the result of @NR. Specifically, if the SNR is slightly above a switching
packet collision condition. SNR, then an intolerable burst of errors may be experienced.
Allocate Slot to User This slot is now allocated to the Therefore, the peak BER switching SNR’s that were portrayed
user in question for future frames. in Table | were used in the associated experiments.

slot in the TDD frame the base station transmits anotherll1)
pair of broadcast control slots.
Wait for Next Burst The base station waits for a re-

ceived burst. 12)
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