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Rate Control for UWB Mobile Radios

Gianluca Reali

Abstract: This paper shows a technique for regulating the rate emit-
ted by UWB mobile terminals. This technique is designed to adapt
the emission rate to the effects of channel capacity variations. We
assume that individual flows are shaped at edge routers by means
of dual leaky buckets. The proposal is based on the evaluation of
certain parameters, which reflect the channel status, sent to the
application layer. This information is generated by the scheduler
designed to guarantee appropriate channel sharing for the various
trafffic components.

‘We describe some results which highlight how performance de-
penmds on the specific operating conditions, as well as on the traf-
fic descriptors of the flows, their reciprocal difference, and perfor-
mance requirements.

Index Terms:
UWB.

Additional delay, DLB, rate control, scheduling,

I. INTRODUCTION

Ultra-wideband (UWB) technology consists of impulse ra-
dic transmission, which is expected to allow users in opera-
tion to access information infrastructure at data rates of tens
of megabits per second. Since UWB signals consist of pulses
(monocycles) with a duration of less than one nanosecond,
the relevant bandwidth is very much higher than in traditional
telecommunication systems. It is specified that the minimum
bandwidth of UWB signals is 25% of center frequency. Since
the relative position of pulses may be associated with the infor-
mation content, this information proves very difficult to detect.
UWRB signals are virtually unaffected by short term fading due
to the short pulse duration. In addition, the use of multi-branch
receivers, such as the rake receiver, enables a number of iso-
lated replicas of the pulses to be collected and combined in a
comstructive way, thus enhancing their resistance to short term
fading [1].

Despite the potentials of this technique, some technological
impairments [2], the presence of UWB, and non-UWB vari-
able interference [3], [4], together with the variability of radio
propagation conditions associated with user mobility, as well as
shadowing from the surrounding environment, may cause some
problems for the required radio link quality to be achieved and
for network resources to be allocated efficiently.

At various protocol layers, researchers have already defined
and evaluated a number of solutions to address propagation
problems and optimize the exploitation of the channel capacity
[B}-5].

In this paper, we deal with the variability of the path gain due
to terminal mobility and shadowing effects, which could induce
a sumilar variability on the signal to noise ratio. In turn, this
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implies that the link capacity is also time-variable. In this situa-
tion, it could be desirable for applications to adapt to the current
link capacity by means of rate control algorithms and protocols.
They should be able to react promptly to channel variations, for
example, by dropping high-resolution sub-streams of a hierar-
chically coded information flow to reduce the data rate. This
paper puts forward a proposal to manage variable channel ca-
pacity. Some concepts have been outlined concisely in [6]. In
addition to a more detailed description, the value added by this
manuscript to the contents of [6] consists of different control
functions, the analysis of some scheduling effects which were
not shown in [6] due to limited space, and different numerical
results, which have been oriented to the UWB transmission.

The proposal is based on the evaluation of certain parameters,
which reflect the channel status, sent to the application layer.
This information is generated by the scheduler designed to guar-
antee appropriate channel sharing to the various traffic compo-
nents. Via this information, applications can dynamically adapt
the flow emission rate, thus avoiding a large number of pack-
ets which cannot be transmitted successfully from being pushed
into the radio interface and causing possible problems to MAC
protocols (e.g., increasing packet retransmission rate and link
saturation). This interaction of the link layer with the appli-
cation layer can be used to develop a number of strategies to
manage channel degradation.

The basic assumption of our work is that each traffic com-
ponent is regulated by means of a dual leaky bucket (DLB).
Our proposal consists of adapting the parameters of the traffic
shapers by using the channel status of the relevant traffic compo-
nent. The definition of the adaptation rules aims at minimizing
service degradation.

The structure of this paper is as follows. Section II contains
some background on source shaping and resource management.
Section III shows the UWB terminal architecture and the rate
control problem. Section IV illustrates the proposed solution. A
numerical example is given in Section V. Some final comments
conclude the paper.

II. BACKGROUND CONCEPTS: SOURCE RATE
REGULATION

The dual leaky bucket (DLB) has been standardized for both
ATM and IP networks. A DLB jointly implements two generic
cell rate algorithms [7], [8]. Our DLB model is very simple and
based on three traffic descriptors only: P; , 75, and Bpg. This
approach is widely used in literature; e.g., in [9], the authors
represented DLB as shown in Fig. 1. Using this model, each
information unit (IU) needs a token to be admitted. Tokens ar-
rive at the token buffer at the sustainable rate r,. When tokens
are available inside the token buffer, they can be picked up by
the incoming IUs. Therefore, the output rate process U(¢) is the
minimum between the input rate I(¢) and r;. When the token
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Fig. 1. DLB equivalent model.

buffer is empty, the output rate cannot be higher than the token
arrival rate 7.

In this paper, the DLB parameters are used to determine the
equivalent buffer and the equivalent bandwidth of the shaped
flows. A number of models have been proposed in literature
(see [10] for a survey). The models shown in [9] and [11], ta-
gether with the one shown in [12], provide analogous results,
but it is useful to consider both of them, as they highlight dif-
ferent aspects which help to define the rules of allocation. It is
worth noting thatin {9} and [11] the authors have used the fluid
traffic model. Clearly, this model cannot be used to represent
the packet-based operation of a scheduler. Nevertheless, since
packet quening delays are virtually unaffected in the heavy traf-
fic condition, for the sake of simplicity we prefer to use the same
traffic descriptors as in [9] and [11].

The basic idea is as follows. Let us consider a buffer of un-
limited size being loaded by a shaped flow and serviced at the
output trunk capacity ¢. If c is above the average flow rate,
the maximum buffer occupancy b{c), which is a function of the
bandwidth variable ¢, is the equivalent buffer to be associated
with the flow. Using a buffer of limited size, the equivalent
buffer is the memory space to be allocated to the flow in or-
der to avoid losses. Clearly, the possible combinations of (b, ¢)
pairs are infinite. To select any one pair in particular, another
equation may be used. For example, if we consider an upper
bound to the maximum queueing delay, we can select the pair
(bo, ¢p) which satisfies this requirement. Thus, the (bo, co) pair
represents the equivalent buffer and the equivalent capacity of
the regulated flow in the loss-free case. In [9], the authors have
shown that the maximum buffer occupancy relevant to a trans-
mission capacity c is given by

Ps—c
Py —rg

Brs =1b, (1
where the (b, c) pair belongs to an infinite set of eligible values
of equivalent buffer and capacity, respectively, for each shaped
flow. In addition, we impose the maximum queueing delay of
an IU at D,,,.. Therefore, the following additional equation
applies:

b
- = Dmaz-

C
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Fig. 2. Determination of the equivalent bandwidth (co) and the equiva-
lent buffer (bg) for loss-free multiplexing.

This equation provides another infinite set of pairs compliant
with the tolerable delay D,,q5.

The intersection of (1) and (2) determines the association of
the pair (bg, co) with the regulated flow, as show in Fig. 2. The
result is:

PsBrs

= 3
« Dma:z:(Ps - Ts) + BTS7 ( )

@

Analogous results may be obtained by making use of some
mathematical tools developed in the framework of the min-plus
algebra. Due to limited space we will only recall some basic
concepts in this paper. For an exhaustive description the reader
should refer to [13].

The most important analytical models used in this paper are
the arrival curve and the service curve [12]. Let R(t) be the
number of data units of a flow crossing a given interface in the
interval [0,t]. An arrival curve « of that flow is a wide-sense
increasing (or non-decreasing) function, so that for all s < ¢
R(t) — R(s) <ot — s). The function « is a meaningful con-
straint only if it is sub-additive, that is a(t + s) < a(t) + a(s),
for all s,¢ >0.

To define the service curve, we consider a system S giving
a service to an incoming flow with an arrival curve R(t). Let
R*(t) be the corresponding output function. A service curve 3
of the system .S is a function which enables a time ¢ < ¢ to be
determined for all t >0, so that R*(t +T) — R(to) >8(t — to).

A number of useful equations using the arrival curve and the
service curve have been demonstrated (see {12] and its refer-
enced papers). Some important results are concerned with the
delay experienced within a system. The so-called virtual delay
d(t)is d(t) = inf{T : T > 0, R(t) < R*(t + T')}, which rep-
resents the delay experienced by an IU entered at time ¢ into a
system, which provides a service according to an FCFS schedul-
ing. The virtual delay is bounded by:

bO = CODma:c-

d(t) < sup {inf [T : T > 0,a(s) < B(s + )]} = k(e B), (5)
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Fig. 3. Derivation of the equivalent capacity, buffer from the arrival curve
of the shaped flow and the service curve of the channel.

where h(a,(3) is defined as the horizontal deviation between the
functions « and 3.

All these concepts are applicable to shapers, that bound the
arrival curve of the output flow by a given curve o. It is shown
that if o is a sub-additive function, with 0(0) = 0, then the
shaper offers & as a service curve.

To determine the equivalent bandwidth we make use of an
(5;, which is the horizontal deviation between the arrival curve
of a shaped flow and the service curve of the output link. The
former is the service curve of the shaper, whereas the latter is
the service curve of a link with capacity c, that is

os(t)y=ct, t>0. 6)
The DLB service curve is
UDLB(t) = t11>1£ {Pst, Brg + T'st} . (7)

The minimum rate so that the horizontal deviation h(ocp5, 05)
is not greater than D, is

Co = Sup UDLB(S)
0 = —_—
s2>0 S+Dmaa:

)

co s the slope of the tangent to the arrival curve, that intersects
the time axis at £ = — D,,,4, (see Fig. 3). The intersection of the
tangent with the ordinate axis gives the equivalent buffer size.
Note that the approach can be used for any type of shaper.

In Fig. 3, we indicate the quantity Mg, that is the maximum

burst size that a DLB may emit at the peak rate, that is

Ms = Brs 5 ——. ©)
Thas burst ends at time £*, which is the time when the DLB token
buffer is emptied.

Thus, the pair (g, cp), corresponding to the delay Do, is
determined. It is easy to prove that this pair corresponds to the
analogous pair determined using (1) and (2), and Figs. 2 and 3
represent the same situation by emphasizing different aspects.

The performance measure we use is the maximum transmis-
sion delay, including the queueing delay. For the sake of brevity
we will only consider hard delay bounds. Since each flow is
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Fig. 4. Functional block representation of the UWB terminal.

shaped, the amount of capacity and buffer space needed for the
delay bound D, to be respected is given by the (3) and (4).

III. THE RATE CONTROL PROBLEM

Fig. 4 shows the reference terminal architecture. The scheme
does not include all the network functions which must be im-
plemented in the terminal, but only the subset necessary for
our analysis. A number of network applications share the same
UWRB radio interface. The traffic flows emitted by the applica-
tions are shaped through DLBs, as described in Section 11. The
socket application programming interface permits applications
using network protocols. Traffic is buffered and sent to the ra-
dio interface. The capacity of the link is managed in order to
support all services by means of an appropriate scheduling tech-
nique. This technique is based on associating each flow with
a capacity-sharing factor and provides strong guarantees under
average use of the bandwidth portion reserved for each one. In
addition, the excess bandwidth is shared among the other flows
in the same proportion as their capacity sharing weights. This
means that the server is always busy if there are packets waiting
in the system (work conserving), that are scheduled using the
relevant value of the weights. As regards the receive chain, dual
functions are implemented.

Packet transmission through the radio interface undergoes a
number of varying effects, essentially due to movements of both
mutually interfering UWB users and a changing environment,
including UWB and non-UWB interfering radio transmissions.
Despite the countermeasures taken to face these variations, the
signal to noise ratio (SNR) at receiver site is variable, and may
occasionally drop to very low values. In [4], the authors have
shown that, considering N UWB simultaneous links, the SNR
at the receiver of the éth link is

Pi 11
SNR; = g

77::17'”7N7

N
R; (m +To% > Pkai)

k=1,k#i

(10
where T is the frame period consisting of periodic time in-
tervals, where the terminals may transmit position-modulated
monocycles, R; is the bit rate of the ith link, P; is the power
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emitted by the transmitter of the sth link, gx; is the path gain
from the transmitter of the kth link to receiver of the jth link,
n; is background noise which includes the non-UWB transmis-
sions, and ¢ is an adimensional parameter, the value of which
depends on the shape of the monocycle.

When the path gain coefficients gi; change due to a tempo-
rary variation in the environment, not only could the SNR de-
crease, but the related channel capacity could also drop and ap-
plications would not be served in accordance with the traffic de-
scriptors. The effects on resulting performance may be either
minimal or extremely critical. From (10), it is clear that the situ-
ation could in some way be fixed in a short time by acting on the
transmission rate R;, which, in this respect, could also be con-
sidered as a tuning knob to regulate the SNR value. Note that
this control could also be implemented without making use of
any additional signaling protocols distributed over all mutual in-
terfering links. For example, it is possible to modify the channel
coding rate over a single link, thus making transmission more
immune to errors to give an appreciable result at a relatively low
cost.

Capacity-dropping effects on provided services essentially
depend on the DLB output rate and on the fade period. Qual-
itatively speaking, if the emission rate is low, a decrease in
the channel capacity value does not significantly affect perfor-
mance. If the rate increases, a brief fade duration may be ab-
sorbed by the statistical multiplexing of the various flows. In
contrast, brief fades could be critical at high rates. For this rea-
son, not only when action needs to be taken, but also what in-
formation is needed to take such a decision, together with what
kind of counteraction is appropriate, all has to be determined.
The diagram given in Fig. 4 shows a feedback connection from
the packet scheduler to DLBs. Our proposal consists of using
this connection to send an alarm message. The basic concept is
that the alarm message is generated when the effects of link ca-
pacity variation have an impact on perceived performance. The
action generated by the alarm message is a variation of the traf-
fic descriptors used to shape traffic. Note that in the diagram
shown in Fig. 4 we include the possibility that the rate adapter
can obtain information on the network status from the outside
through a dedicated socket, and consequently can take adequate
decisions. Limited space prevents us from following up this idea
in this paper.

The concepts shown in Section II can be used to extend the
~ analysis to a situation in which flows are served according to
service disciplines differing from the FCFS discipline. The in-
terested reader can find appropriate background information on
this subject in [14].

The buffers between the packet classifier and the scheduler, as
shown in Fig. 4, are selected for transmission through a schedul-
ing discipline. In the case of circular and periodic scanning of
the buffers, this discipline is the well known time division multi-
plexing (TDM) scheduling. Fig. 5 shows the service curves for a
generic buffer, for a TDM discipline, and for a generic schedul-
ing discipline. Both curves are clearly upper bounded by the
“ideal” service curve with a slope equal to the equivalent band-
width, as determined in Section 11. Nevertheless, apart from the
queueing time necessary for an IU to get the head of the queue,
once this position is reached, an additional delay for receiving
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Fig. 5. Number of ransmitted IUs vs. time for a generic buffer in the
case of a round robin and generic scheduling discipline.

service could be suffered. In the case of a round-robin, this ad-
ditional delay is upper bounded by (N — 1)T, where N is the
number of buffers and T is the periodic transmission time-slot
allocated to each buffer. For a generic scheduling discipline this
additional delay may be modeled as a random variable, with its
maximum denoted as AD,, 4.

If we want the flows to suffer no more than the pre-determined
delay Dyuaz, ADpag has to be a portion of Dyyep. This im-
plies that the allocation rules shown in the previous section are
applied by considering a maximum acceptable delay equal to
Dinaz — ADpaz. The consequence is that the equivalent band-
width of the flows increases, hence the admissible number of
flows decreases. On the contrary, if we ease the hard delay re-
quirement, the possible approach may differ. In fact, if the addi-
tional delay is found to be acceptable, it may be added to Dynaz-
In this way the same allocation results shown in the previous
paragraph are maintained, to the detriment of an increased delay.
In the remainder of the paper, we will support these qualitative
concepts by a quantitative analysis.

As expected, the additional delay may also have an impact
on the equivalent buffer. In fact, the maximum vertical devia-
tion between the DLB arrival curve and the service curve could
increase up to a maximum value of Ab,,.; = c9AD 4. More-
over, Ab,,,, may be considered either as a portion of the equiv-
alent buffer or as an addition to it.

Now we consider the additional delay AD,,., and evaluate
its effects on the equivalent bandwidth when it is considered as
part of it. In other words, we determine the necessary increment
of the equivalent bandwidth in order to absorb the additional
delay AD,,... Fig. 6 shows the worst case in the delay per-
spective. In this figure, a small portion of the service curve has
been drawn. This portion corresponds to the maximum value
AD,,.. of the additional delay, which, in the worst case, adds
to the maximum horizontal deviation between the DLB arrival
curve and the straight line with slope co. In order to include
this additional delay in D, ., we fold the segment of ADpqz
backward over the deviation segment D, .. (see Fig. 6). The
straight line with slope ¢{, represents a service curve relevant to
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Fig. 6. Graphical representation of the increment of the equivalent buffer
due to the additional delay.

an equivalent bandwidth ¢{,, which has a maximum horizontal
deviation D, — AD 4, from the arrival curve. Thus, by us-
ing the increased equivalent bandwidth ¢, the increased delay
never violates the hard delay specification D4 . '

Fig. 6 shows that

M M
=2 28 — ADrmas, (11)
Cp CO
hence
ch=—2 (12)

1- COA—?/}?E ’
Clearly (12) is not valid for all possible AD,,,, values. The
most limiting bound is that ¢;<Pg. (12) proves that

Ms P
<= .
BPmaz < ( o > (1—Ps>

As expected, (13) shows us that when ¢ is small, that is to
say when the tolerable maximum delay and the corresponding
maaltiplexing gain are large, it is also possible to compensate
large additional delays. Nevertheless, (12) shows that this situa-
tion corresponds not only to a marked increase in the equivalent
bandwidth, but also to a corresponding decrease in the number
of flows that the UWB terminal can handle and to a pejorative
effect on the multiplexing gain.

Even though this result refers to the time of the maximum hor-
izontal deviation between the arrival curve and the service curve
with slope cp, we wonder whether the equivalent bandwidth ¢
enables the additional delay to be included at all times. In order
to prove this, let tp and 5(#y) be a generic time and the corre-
sponding value of the arrival curve, respectively. The straight
lines with slope ¢, reaches this value at time 3(t)/cj. The time
deviation from tg is 5(to)chto, which, when added to the maxi-
mum additional delay AD,,, . must not be lower than D, ., as
fotlows:

(13)

B (to)
<

- tO + ADmcmc S Dmaa:v

(14)

which leads to the following condition:
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B (to)
Dmam - A-Dmam + tO '

The right-hand side of the inequality (15) reaches its max-
imum at the time of the maximum vertical deviation between
the arrival curve $3(t) and service curve with slope ¢y, which in
turn corresponds to the starting time of the maximum horizontal
deviation. This proves that (12) gives an equivalent bandwidth
which enables the maximum delay D, to be respected at any
time.

A similar analysis may be performed to find the increase of
the equivalent bandwidth in order to avoid increasing the nec-
essary buffer space beyond the value computed in (4). Let ¢
and ( tp) be a generic time and the corresponding value of the
arrival curve, respectively. Without considering any additional
delay, the following equation stands:

cy >

as)

b (to) = 6 (to) — C()t() S b(), (16)

where b(t) is the buffer occupancy at time ¢.

If we consider an additional delay AD,, ., in order to avoid
any additional buffer space an increased equivalent bandwidth
equal to the minimum ¢{j value must be used so that:

b(to) = max (O,ﬂ (to) — 06/ max (O, (to — ADmax))) S b(),

)]
hence
Cg (tO - AD'maz) Z COtO, tO 2 ADmaz7 (18)
with the result that
g > 0 Almar to 2 ADpmaz. (19

to

Equation (19) implies that ¢ could also diverge. Hence, there
is a possibility that ¢j > ¢{. In such a situation we suggest
the following choice. Even though the buffer space is a very
important resource, an efficient bandwidth utilization could be
preferable. Therefore our suggestion is to use the value cf,. The
reason for this choice is that a small increase in the implemented
buffer space would not be dramatic, whereas an efficient use of
an assigned bandwidth is a basic requirement that has greatly
stimulated research, including research into UWB. Clearly, dif-
ferent considerations could apply in some instances, neverthe-
less timited space prevents us from outlining all of them. In
the following we will refer to ¢}, only, and we will assume that
sufficient buffer space is available. Under this assumption, the
maximum buffer occupancy is:

bmam = {

where t*, shown in Fig. 3, is the time at which the DLB token
buffer is emptied.

It is now necessary to determine the value of additional de-
lay AD,,,,, in order to make use of the results shown above.
ADy o, clearly depends on the scheduling discipline. This

6 (ADmaz) ’ Al)maz > t*

B(t) — &, (t* — ADpmaz), ADas < t*, 20



i78

means that the following analysis should focus on the queueung
delay, which should be weighted according to the delay spec-
ification in order to schedule the IU waiting for transmission.
Clearly, when the delay suffered by some IUs approaches the
delay tolerable for them, their weight should overcome that of
the others so as to “force” the scheduler to select them. There
are many potential approaches to obtain this result. In the next
section, we illustrate our proposal

IV. PROPOSED SOLUTION

Among the possible solutions proposed in literature, we be-
lieve that the packetized implementation of GPS based on the
virtual time [15] is the most applicable to our problem. For this
implementation, the authors define the so-called virtual finish
time. Since this parameter cannot provide any upper bound to
the queueing delay if sources are generic, authors have included
the LB source shaping. The LB model used in {15] is equivalent
to the DLB used in this paper. This results in a bound on the
maximum length of the busy period [15, Lemma 3). This solu-
tion is valid, but we wondered whether different delay bounds
can be found through a different approach. In addition, since
the situation analyzed in this paper includes a variable channel
capacity, we prefer a solution which does not require the knowl-
edge of the current value of the channel capacity, thus saving the
computational burden of a specific estimation. We have found
that these requirements can be met by an intuitive weight def-
inition, which consists of the queueing time normalized to the
maximum tolerable queuing delay. In principle, each queued IU
is associated with a weight. The ith IU in the kth buffer has an
associated weight equal to:

t—taik

‘Piyk(t)z s kzl"”)Nbv (21)

Dmaz,k

where t,, ; 1 is the arrival time of the IU and D,,, . 1, the tolerable
delay for the IUs loading the kth buffer.

This weight definition could lead the reader to the conclusion
that the maximum additional delay for the generic kth flow is
Dirag.i- This would be true in the case of unregulated sources
and constant channel capacity. In this paper we assume that
the emission rate of the information sources is shaped, so that
we will show that the maximum additional delay ADy,q, 1 iS
strictly lower than D,, 4 .

The maximum weight for the kth buffer can be found by in-
verting (20):

bmam
Pz ADpgp <t',k=1,--- K
P (t) < b
maz, k" {s t”
Drer (t* + i~ P ) . ADpmani > 1%,
k = 1, e ’I{'7

(22)
where K is the number of buffers, as shown in Fig. 4. Since the
worst case is clearly AD,,, »>t*, we can write that in general
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bmaac,k - (Ps,k - Ts,k) t*

Py (t)

IN

Dmaz,k'rs,k
- /6 (ADmaz,k) - (Ps,k - Ts,k)t*’k - 1, . ,K.
Dmam,krs,k
(23)
Since AD oz x>t
ﬁ (ADmam,k) =
Ps,kt* +Ts,k (ADmaz,k _t*)y k= 1;"' 7K~ (24)
As a result of (23) and (24):
Do
Pi,k(t)gé—ﬂi,kzl,--',l(. (25)
Dmaz,k

This is an important result. Equation (25) means that the max-
imum value of the weights is only due to the additional delay.
The physical interpretation is the following: The IU at the head
of the kth queue can suffer the maximum additional delay only
if the available capacity has previously been used to transmit the
IUs preceding it in the same queue, and the queues in the other
buffers have grown.

For the sake of simplicity in the following we consider
two buffers only (K = 2), referred to as B1 and B2, with
delay requirements Dp,,, 1 and Dy, 2, respectively, and
Dinaz1 < Dmag,2. The two buffers are served by a link ca-
pacity equal at least to the sum of the equivalent bandwidths of
the relevant flows.

Let us assume that buffers are initially empty, and then they
are loaded by IUs emitted by greedy sources. Since the weight
of the 1Us in B1 increases faster that in B2, the IUs are at first
picked up from B1 at the maximum rate C, until, at a given
transmission time, the weight at the head of B2 is larger than
1/ CD,y 44,1 When this occurs, the IUs accumulate in B1, until
the next transmission time, and so on. If after a transmission
from B1 the buffer is not emptied, the content in B1 increases
to an asymptotic value. To determine this asymptotic value we
follow a simple, slightly approximated model. We observe that
for the two weights at the head of B1 and B2 to reach almost the
same value, a number n of time-slices 1/C is necessary, so that:

n 1

= , 26
Dmax,? Dmaz,l ( )
thus
~ Dmax,Z 1
Al)max,l = [m—‘ C (27)

As the initial value of the weights in the buffer is equal to
zero, the transmission time, when the weight at the head of B2 is
larger than the one in B1, can be found by solving the following
inequality:

1 1 1 1
— > - —
"C Dimas.2 (AD"’”’l C) (23

B Dmaz,l
from which it follows that
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Dmax
np = (——72 (CADmmaz1 — 1)] , 9)
Dmaz,l
thus
1 Dmax 2
maz,2 = & | = ADmam -1 .
ADmaz2 c !VDmaz,l (C A )-’ 30

it is worth noting that the additional delay may or may not
be significant. This mainly depends on the value of the traffic
descriptors and on the delay requirements of the flows. A nu-
merical example is shown in Fig. 7. This figure shows the maxi-
mum additional delay of IUs in B2, vs. their delay requirement.
Each curve is relevant to a specific value of the maximum delay
requirement in B1, D,,,, 1. The values of traffic descriptors of
the flows, selected for this example are: v 1 = 759 =104 TU/s,
P, - =2.10* IU/s, P =10% IU/s, Brs1 = rs,1Dpmaz,1, and
Bysy = 75 2Dmaz 2. In this figure, we can appreciate the ef-
fects of Dynae,1 and Dygg 2 0on ADp a0 2. In particular, the for-
mer has a greater impact since, due to the weight definition (21),
it gives a major contribution to the probability that the scheduler
selects B1. On the other hand, this effect may be marked only
if Dpnee 2 18 large, as expected, otherwise the effects of small
values of both D441 and Dpney o tend to counterbalance each
other.

The results obtained above refer to a fixed channel capacity
C. Unfortunately, this condition very seldom occurs in radio
tramsmissions, especially in the case of UWB transmissions, and
mobile terminals may suffer some fluctuations in link capacity.

In general, fluctuations happen for all radio transmission tech-
niques. Anyway, different transmission techniques might suffer
different attenuation patterns, with different statistics. For ex-
ample the narrowband transmission is affected, beyond other
things, by the fast fading phenomenon due to the destructive
interference of the symbol replicas. Differently, some mea-
surements of the UWB channel reveal a noise-like shape of
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the impulse-response within the delay spread of some nano-
seconds, together with increased dissipative losses. Our target is
to control the emission rate of broadband terminals, as a counter-
measure of varying channel conditions. Even if this problem is
not exclusive of UWB, it characterizes the UWB deeply. In ad-
dition, UWB shows the capabilities of implementing these coun-
termeasures due to its extreme flexibility in fixing the transmis-
sion parameters, as shown in (10) and related comments. Thus,
when the link capacity drops below its nominal value, the UWB
flexibility allows implementing a number of countermeasures.
Basically the type of action depends on the effects of the ca-
pacity decrease over the performance of the transmitted flows.
In order to capture these effects, we propose to maintain an up-
dated global parameter which indicates the ability of the termi-
nal to guarantee the agreed delay performance.

Given the value of the traffic descriptors and the delay re-
quirements, it is possible to determine the maximum value of
the weights. This means that if the link capacity does not drop
below its nominal value, the weights cannot be larger than these
mathematically determined values. Hence, the current value of
the weights may be regarded as an indicator of the terminal abil-
ity to respect the predetermined delay performance, and can be
used as the control parameter to regulate the DLB traffic de-
scriptors.

(25), (27), and (30) give the following maximum value of the
weights for a link capacity value C':

Dmaa:,Q 1
Pmax’l - ‘VDmax,l“ Dmaw,lc’ (31)
and
1 Dmar 2
Pm = : CADmaac -1 . 32
a2 CDmax,Q ’>Dmaz,1 ( . )-l ( )

We consider Pp,qz,1 and Py, 2 as thresholds. The decrease
of the channel capacity causes weight increase. If variations are
brief and sporadic, and the terminal load is low, it is likely that
the value of the weights will remain below the thresholds. This
means that the terminal is still able to respect the transmission-
delay bound. On the contrary, if variations are large and durable,
the value of the weights may rise above their theoretical maxi-
mum value.

When this occurs, different actions may be taken. According
to the diagram in Fig. 4, an alarm message is generated and DLB
traffic descriptors may be updated so as to make traffic statistics
compliant with the available channel capacity.

From the implementation point of view, it is sufficient to
stamp the arrival time on the IUs and to calculate the weights for
those at the head of the queues only. In addition, it is worth not-
ing that if the link capacity is constant, the next transmission can
be scheduled during the time of the service in progress. Differ-
ently, if the channel capacity decreases, and this can be argued
from the feedback information, the value of the weights may be
computed by the scheduler at the transmission times only. Any-
way, the specific control may either be blind to the current value
of the channel capacity (e.g., pre-determined adaptation of the
DLB parameters), or be able to adapt to the estimated capacity
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value. The former is very simple, and the performance of a spe-
cific implementation is iifustrated below. On the contrary, if the
preferred control, not shown in this paper, is made according to
the current value of the channel capacity, this value has to be
estimated. This estimation may be made using (31) and (32).
At a first glance it appears that (31) is sufficient to estimate the
current capacity value, which is:

[’qum&]
Dmaa:,l
Cest,l = = A

) (33)
Pmam,IDmafn,l

where pmam,l is the observed maximum value of the weight at
the head of B1, in the interval where the capacity value is as-
sumed to be stationary. Nevertheless, the above estimation could
be noisy, due to the assumption that all the sources are greedy
and that the capacity in the observed interval is stationary. The
estimation could be improved by considering (32), from which
it is very easy to find that

Dmax,? - Dma:z,l
Dmaz,? (ADm(n‘,l - Pma:c,QDmaw,l) ’
As aresult of 25):

> (34)

Dmaz,? - Dmax,l

Dimaz2Dinaz ( Pt — f,mw)» (35)

Cest,2 =

where, in this case also, me,g is the observed maximum value
of the weight at the head of B2, in the interval in which the
capacity value is assumed to be stationary.

In conclusion, using only two buffers the most reasonable es-
timate of the current available capacity is

Cest = max {min {Cest,l, C'est,z} ,0} . (36)

Tt is worth noting that the computational cost of the chan-
nel capacity estimation is extremely low. This result is another
important strength of this approach. Thus, the radio interface
can be monitored in real time, and counteractions can be taken
before occasional losses could trigger congestion control or re-
covery protacals.

V. NUMERICAL RESULTS

Using the approach described above it is possible to design
a variety of rate contro} algorithms. Some of these may sim-
ply be based on simple step-wise functions (e.g., a sudden de-
crease in the source rate when a weight value rises above a given
threshold). Others could start from (10) and adapt the rate emis-
sion parameters (e.g., DLB parameters) by using the on-going
value of the weights (e.g., by estimating the available current
link capacity and by taking the appropriate actions). A com-
prehensive analysis of all possibilities is beyond the scope of
this paper and the limited space will not permit it. Neverthe-
less, in this section we present an interesting case study. We
have considered a terminal transmitting two types of flows. The
former includes MPEG-like flows shaped by the following fraf-
fic descriptors: r,1 = 4.5 - 10° bitss, Ps1 = 9 - 10° bitss,
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Fig. 8. Results of the case study: {a) Additional delays ADmq. 1 and
ADmaz,2 VS. Dmaz,2, (b) maximum allowed values for the schedul-
ing weights Pmaa_-,l and Pma.z-,Z Vs, Dma.z,‘l'

Dyraz1i = 0.5 s, and Brgy = r51Dmaz,1. The latter may be
considered a (slightly) better than best effort traffic, shaped by
the following traffic descriptors: 752 = 10 bit/s, Py 5 = 10°
bit/s, Brgs = 2rs2Dmax 2. Fig. 8 (a) shows AD,.. 3 and
AD,az,2 V8. Dimag,2. For this particular case, we can see that
if Dypqe 2 is limited to few seconds, the additional delays can
be regarded as negligible, since their values are a few orders
of magnitude lower than the delay specifications. Thus, perfor-
mance is virtually unatfected by them. Fig. 8 (b) shows Ppraz 1
and Prraz2 VS. Dinag 2. This calculation is necessary to design
a rate control technique in the case of a link capacity decrease.
We have selected the case Dy, 2 = 10 s. We have used the
following control functions:

Ts,1

Tsle = B P 37
1 + Pl(f(zwn(ivnlax‘l
Ts,2
Ts2,e = e s {38)
l + P](szcm;.m,z

where 71 . and 7 . are the controlled values of the sustainable
rates. The values of P, 1 and Py,q 2 are plotted in Fig. 8 (b)
for Dz o = 10 8. We stress that these control functions are
only instances of the numerous possibilities.

The value of the link capacity used is equal to the sum of the
equivalent bandwidth of the flows, which is C' = 4.52 Mbps.
In order to clearly outline the effects of the rate control, we first
show in Fig. 9 the weight evolution for B1 and B2 when the
capacity does not fluctuate. We can see that the weights con-
verge to an asymptotic maximum value in accordance with the
values shown in Fig. 8 (b). Fig. 10 shows the same situation
with a varying channel capacity. We have modeled the varying
capacity as an unsuccessful transmission probability of 1072,
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Fig. 9. Results of the case study: Weight evolution for B1 and B2 when
the capacity does not fluctuate.

Fig. 10 shows both the controlled and the uncontrolled weight
evolution. We can see that the rate control is effective in keeping
weights below the desired threshold, thus denoting its effective-
ness.

VI. CONCLUSIONS

This paper deals with the emission rate of UWB radios. The
starting assumption is that sources are shaped by means of
DLBs. By using the requirements on the maximum tolerable
tramsmission delay, it is possible to associate each flow with
a relevant equivalent buffer and bandwidth. In order to define
the transmission scheduling algorithm for the buffered IUs, we
have highlighted some side effects that could have a significant
negative impact on the expected performance. After this, we
have calculated the performance obtainable through a specific
rate control technique for variable channel capacity, applied to a
terminal that has to manage two traffic types with a different set
of wraffic descriptors and performance specifications in terms of
transmission delay. The analyses shown in this paper may be ex-
tended in different directions, such as rate control techniques for
different traffic types, and scheduling algorithms with reduced
transmission time.
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