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Abstract

We present a model, based on economic theory, for efficient and ro-
bust resource control in hybrid code and time division scheduling wireless
systems. An important and novel feature of the model is that it captures
the combined effects of the transmission rate, the signal quality, and the
percentage of time slots a user can transmit in, on the overall efficiency of
the wireless system. Based on this model, we propose procedures for com-
bined rate and time slot allocation to achieve efficient utilization of wireless
resources, while taking into account user requirements. These procedures
can be applied using a class-based framework that allows simple imple-
mentation and requires simple communication between the network and
its users, which select a service class reflecting their valuation for the av-
erage throughput and for the percentage of time slots in which they can

transmit data.
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1 Introduction

Efficient spectrum and wireless resource utilization is one of the most important
issues in current and future wireless systems, due to the limited capacity of such
systems compared to wired networks. Many of these systems, such as Wideband
CDMA (Code Division Multiple Access), will support both code and time divi-
sion scheduling. Combination of these two scheduling schemes can be used to
efficiently utilize resources in the presence of applications with different Quality
of Service (QoS) requirements, such as streaming applications, which require con-
tinuous transmission of data, and best-effort applications, which generate bursty
traffic and can tolerate delays.

Time division scheduling has the advantage of supporting higher transfer rates
for the same energy per transmitted bit, compared to code division scheduling,
but requires time synchronization between stations and has the disadvantage of
non-continuous transmission, which results in bursty traffic. Indeed, [1] shows
that in a hybrid code and time division scheduling system supporting real-time
(delay intolerant) and non real-time (delay tolerant) traffic, both with a fixed
target bit-energy-to-noise-density ratio, the aggregate transmission rate of non
real-time traffic is maximized if it is scheduled so that only one non real-time
source sends traffic in each time slot. As the results in the current paper demon-
strate, the above approach is not optimal when users value the ability to send in
a smoother fashion, i.e. in consecutive time slots. Unlike time division multiplex-
ing, code division scheduling supports continuous data transmission, but has the
disadvantage of lower instantaneous bit rates due to higher interference. Hence,
there is a tradeoff between satisfying user requirements in terms of the ability to
send data in a smooth fashion, and increasing the aggregate throughput of the
system. An objective of the model presented in the current paper is to capture
this tradeoff.

The shared channels and the common packet channel (in the uplink) of



WCDMA typically use both time division and code division scheduling. In the
downlink, orthogonal codes are shared between many users in a time division
manner, i.e. there may be many common packet channels per cell, each having a
different bit rate, that are shared among many users in a time division manner.
On the other hand, dedicated channels typically use code division scheduling,
hence in the downlink one orthogonal code is consumed for each user of a ded-
icated channel. Indeed, for dedicated channels the bit rate can change during
transmission, but remains constant within a single frame that has a minimum
duration of 10 milliseconds, and the orthogonal code must be allocated according
to the highest requested bit rate.

In this paper we present a model for efficient and robust resource control
in hybrid code and time division scheduling wireless systems, which is based
on economic theory and extends the work in [2], which considered pure code
division multiplexing. The approach builds on a model for resource usage in
code and time division scheduling systems. An important and novel feature of
the model is that it captures the combined effects of the transmission rate, the
signal quality, and the percentage of time slots in which a user can transmit
data, on the overall efficiency of the wireless system. Moreover, the model takes
into account user and application QoS requirements, which are expressed using
utility functions. Based on this model, we propose procedures for combined
rate and time slot allocation which, combined with power control, can achieve
efficient utilization of wireless resources, hence enabling cross-layer optimization
of procedures operating at different layers. Finally, we discuss how the procedures
can be applied using a class-based framework that allows simple implementation
and requires simple communication between the network and its users, which
select a service class reflecting their valuation for the average throughput they
can achieve, and for the percentage of time slots in which they can transmit.

Our work differs from the work of [1], which also considers hybrid code and

time division scheduling systems, in that our model considers the joint control of



the transmission rate and the percentage of time slots in which users are allowed
to send, in order to achieve efficient utilization of resources according to user
requirements; on the other hand, the work of [1] considers the objective of max-
imizing the aggregate system throughput. Moreover our work differs from other
work that investigates the application of economic theory to wireless systems,
such as [3, 4, 2, 5, 6] and the references therein, in that we consider systems with
simultaneous support for both code and time division scheduling.

The rest of the paper is organized as follows. In Section 2 we discuss resource
usage in the uplink of hybrid code and time division scheduling systems. In
Section 3 we present our model for the joint control of the transmission rate and
the percentage of time slots in which a user can transmit, and in Section 4 we
discuss the application of our model using a class-based service differentiation
framework. In Section 5 we present numerical experiments demonstrating the

application of the proposed model. Finally, in Section 6 we conclude the paper.

2 Resource usage model

Consider the uplink of a single CDMA cell. Note, however, that the results can
be extended to the multiple cell case by considering the inter-cell interference
coefficient [7]. Let W be the chip rate. The bit-energy-to-noise-density ratio at
the base station is given by [7, §]
( @ ) _ E 9iPi (1)
NoJi 720,905 +10
where r; is the transmission rate, p; is the transmission power, g; is the path gain
between the base station and mobile ¢, and 7 is the power of the background
noise at the base station. The ratio W/r; is the spreading factor or processing
gain for mobile .
The value of the bit-energy-to-noise-density ratio (F;/Ny); corresponds to the
signal quality, since it determines the bit error rate, BER [7, 8]. Under the
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assumption of additive white Gaussian noise, BER is a non-decreasing function
of Ey/Np, that depends on the multipath characteristics, and the modulation
and forward error correction (FEC) algorithms. Let «; be the target bit-energy-
to-noise-density ratio, or signal quality, required to achieve a target BER. This
target is given to closed-loop power control, which adjusts the transmission power
in order to achieve it.

If we assume perfect power control, in which case (E,/Ny); = 7;, and solve

the set of equations given by (1) for each mobile i, we get [8, 9]

NG
giPi = = (2)

where the load factor «; is given by

o = T
(=)

The power levels given by the set of equations (2) for i € I, where [ is the set of

mobiles, are the minimum such that the target bit-energy-to-noise-density ratios

{7} are met. Since the power p; can take only positive values, from (2) we get

Zai<1. (3)

Hence, «; expresses the resource usage for user ¢. The last equation illustrates
that the uplink is interference-limited: Even when they have no power constraints,
mobile hosts cannot increase their power with no bound, due to the increased
interference they would cause to the other mobiles. If (3) is violated, then the
target {7;} cannot be met for all mobiles.

The constraint (3) is applicable to a pure code division multiplexing system,
where the control variables are the transmission rate and signal quality for each
mobile. If we further consider the ability to schedule the transmission of mobiles
such that they transmit only in some percentage of time slots within a large time

frame, then the constraint on resource usage in the uplink becomes

Z pia; < 1, (4)
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where a; = # is the resource usage for the uplink in a pure code division
multiplexing system, and ¢; is the percentage of time slots in which user ¢ can
send traffic.

The constraint (4) can be extended to take into account the case of limited
transmission power at mobile hosts, imperfect power control, variations of the
channel characteristics due to shadowing and Rayleigh fading, and inter-cell in-

terference; this is done by considering an interference margin I,,,4,4in [10], which

limits the maximum utilization p that can be achieved. In this case, (4) becomes

Zgbiai <p, where p= %. (5)

; margin
The above analysis referred to the uplink. In the downlink, the constrained
resource is the total transmission power at the base station, which can lead to a
resource control model that is different from the one in the uplink. Nevertheless,

one can show, see [10], that for resource dimensioning and network planning the

downlink constraint can be approximated by an inequality similar to (5)

Za’i<PDLa
7

where p” < 1 depends on the total base station power, the noise, the average
attenuation from the base station to the mobiles, the average downlink orthog-
onality factor, and the average inter-cell interference. Hence, if we assume the
resource constraint given in the last equation, we can apply the models and results

presented in the following sections to the downlink as well.

3 Resource control model

In this section we first propose a utility model for elastic users that value both
the average throughput with which they can transmit and the percentage of time
slots in which they can transmit. Utility functions are widely used for capturing

user and application requirements, and give the level of satisfaction for a given



level of service. Then, considering the results for resource usage discussed in the
previous section, we present our model for efficient resource control in hybrid
code and time division scheduling systems.

The average throughput for user i is given by the product ¢;r; P;(7;), where
¢; is percentage of time slots in which user ¢ can send data, r; is his transmission
rate in each slot, and P;(+;) is the probability of successful packet transmission;
the latter depends on the bit error rate, hence on the target bit-energy-to-noise-
density ratio (signal quality). Based on the above, user i’s valuation for the

average throughput can be written as

Ui(cbiripi(%))-

The factor encoding user ¢’s valuation for the percentage of time slots he is allowed
to transmit can be expressed as
Vi(¢i),

where ¢; is percentage of time slots in which user ¢ can transmit. Note that this
factor captures solely the average percentage of time slots a user can transmit
in, and does not account for the distribution of these time slots. The percentage
of time slots in which a user can transmit is related to the maximum channel
access delay, which together with the queuing delay, the transmission delay, and
the propagation delay contributes to the end-to-end delay in the packet network,
hence relates to the quality of service experienced by the user.

In the next two subsections we consider the case where the overall utility of a
user has an additive and a multiplicative dependence on the two factors U; and
V;. The additive dependence applies to the case where the user’s valuation for
the average throughput and the percentage of time slots in which he can transmit
are independent. On the other hand, as we will discuss in Section 3.2, with a

multiplicative dependence the two valuations are not independent.



3.1 Additive dependence on utility factors

Next we consider the case where the overall utility for a user that values both the
average throughput and the percentage of time slots in which he can transmit
data is an additive function of the two factors U; and V; introduced above, hence

can be expressed as
Ui(¢iri Pi(7vi)) + Vi) -

The above model assumes that a user’s valuation for his average throughput is
independent of his valuation for the average number of time slots in which he can
transmit data.

The global problem of maximizing the aggregate utility (social welfare) is

maximize Z [Ui(@iri Pi(v:)) + Vi( )] (6)
over 1;>0,7>0,0; >0
subject to Z Pic; < p. (7)

Although the general form of the above user utilities can have a complex non-
concave structure, hence the global problem of maximizing the sum of all utilities
(social welfare) can have a non-trivial structure for which the Lagrangian method
for finding the maximum cannot necessarily be applied, through experimentation
we have found that for a wide range of user utilities the Lagrangian method
can indeed be applied. Hence, in the remainder of this paper we focus on dis-
cussing the conclusions if this assumption holds, and the resulting procedures for
achieving efficient wireless channel utilization.

The Lagrangian for (6) is
L= Z i(@iri P (i) + V(1)) Z(bzaz ) (8)

where A is the shadow price for the wireless resource constraint (7). Based on the

first order conditions for the above optimization problem, if we take the partial



derivatives with respect to 7,7, ¢ of (8) and equate them with zero we get

Ui6in PO P = N )
U ini PO PO = A (10
U Gint PO P + VI(6) = M (1)
From (9) and (10) we find that the optimal signal quality 7, satisfies
Pi(vi) = B (3i)i - (12)

The last expression shows that the selection of the optimal signal quality is in-
dependent of both the user’s utility and the shadow price, and depends only on
the dependence of the packet success ratio on the target signal quality. This re-
sult is similar to the case of best-effort traffic where users value only the average
throughput [2], and allows us to decompose the global maximization problem (6)
into two simpler problems: one problem involving the selection of the optimal
signal quality v, and another problem involving the selection of the optimal
transmission rate r7 and the optimal percentage of time slots ¢! in which user
i can transmit data. The first problem is identical to the one discussed in [2],
hence in the remainder of the paper we focus on the second problem.

From (11) and (9) we have

Wri~s rivk
)\ A V/ * — )\ A
(W +r* i)2+ i (97) W+ rivF
* A%\ 2
14" = )\ (Ti%‘) ' 1

From (9) and (13) we have

Ul(air P ) L i), (14)

The last equation gives the tradeoff between the optimal transmission rate r; and

the optimal percentage of time slots ¢! in which user ¢ can transmit data. Note
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that this tradeoff depends solely on the utility factors U;, V;, and is independent
of the network traffic load; however, the particular pair which is optimal for a
given traffic scenario will depend on the network traffic load through the shadow
price A, and will satisfy (13).

One approach for determining the shadow price for which the optimal in (6)
is achieved is to use a tatonnement procedure as follows: the price \ is increased
when the resource constraint (7) is violated, and is decreased when the constraint
(7) is not tight, i.e. it contains a strict inequality. At the optimal, the constraint

(7) will be tight.

3.2 Multiplicative dependence on utility factors

The above model assumed an additive relationship between the factors for the
average throughput and the percentage of time slots in which a user can transmit
data. If we consider a multiplicative relation between the two factors, then we

have the following expression for a user’s utility

Ui(¢iri Pi(7i)) Vi) -

According to the above expression, a user’s valuation for the average number of

time slots in which he can transmit is not independent of his average throughput,

as in the case of an additive relationship between the two utility factors. In

particular, for a higher average throughput, the same increase of the average

time slots in which a user can transmit yields a higher increase of the overall

utility, compared to the case of a lower valuation for the average throughput.
The global problem of maximizing the aggregate utility is

maximize Z (Ui (dir: Pi(:)) Vi(:)] (15)

(2

over T 207’% 207¢Z ZO

subject to Z o < p,
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Taking the partial derivatives, with respect to r,, ¢, of the objective function in

(15) and equating them with zero gives:

1o . o Wt
Ui (057 Pi(77)) Pi(v; )Vi(9;) = )\W’ (16)
e 1/ % N w
Ui(oiri Pi(7)) P (7))Vi(é;) = )\Wa (17)
V(61 PO Pt VA0 + U6 Pyt Vi (61) = Ao (18)

Wt iy
From (16) and (17) we find that the optimal ~; satisfies the following.

Pi(vi) = P/(v) )i -

Hence, as with the additive utility model, the selection of the optimal signal
quality is independent of both the user’s utility and the price, and depends only
on the dependence of the packet success rate on the target signal quality.

From (18) and (16) we have

Wr’."’yfk , T’."fyfk
SELEL ¥ S SEB(V)VI (6 = )\#
o : (7’7‘74*)2
TP(v))V; = A L ) 19
From (16) and (19) we have
P *2 %
WV—%T——MWK (20)

The last expression gives the tradeoff between the optimal transmission rate and
the optimal percentage of time slots in which a user can transmit data, when

there is a multiplicative dependence on the two corresponding utility factors.

4 Application

The model presented in the previous section suggests how to optimally set the

three control variables in hybrid code and time division multiplexing systems: the
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target bit-energy-to-noise-density ratio based on (12), and the transmission rate
and percentage of time slots in which a user can transmit data, based on (13)
and (14). This cross-layer interdependence of control mechanisms is depicted
in Figure 1. The first procedure for adjusting the target bit-energy-to-noise-
density ratio is performed by outer-loop power control, and is identical to the
corresponding procedure in the pure code division multiplexing case discussed in
[2]. In particular, the target signal quality is increased or decreased in order to
achieve the equality in (12); this differs from current outer-loop power control
procedures, which increase (or decrease) the signal quality depending on whether
the measured packet error rate is larger (or smaller) than a target packet error
rate, which is typically 10-20% for non real-time services and 1% for real-time
services, [10]. Also, observe in Figure 1 that the target signal quality determined
by outer loop control is given as input to both the rate and percentage of time
slot control procedures, and to the closed-loop power control procedure; note that
the operation of the latter is not affected by the proposed models.

The adjustment of the other two variables can be achieved in a class-based
framework where the network supports a limited set of classes, each corresponding
to a particular valuation for the average throughput and for the percentage of
time slots in which a user can transmit data. As a specific example, consider the

following expression for the average throughput valuation factor
UZ(ZL’Z) =1—e "% s (21)

where z; is the average throughput, and the following expression for the valuation

factor related to the percentage of time slots ¢; a user can transmit data
Vi(py) = 1 — e %, (22)

A network provider can offer a small set of possible values for u;, each correspond-
ing to a different throughput class, and v;, each corresponding to a different class
related to the percentage of time slots a user can transmit data. Each user se-

lects, at the subscription or the connection setup phase, a particular class, which
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corresponds to particular values of the parameters u;, v;, Figure 2. Based on the
traffic load and the set of active mobiles, the network can select for each class the
transmission rate and the percentage of time slots users of this class can transmit,
according to (13) and (14); in these equations, the optimal signal quality +* is
known from the outer loop power control procedure, which operates at the Radio
Network Controller (RNC) of WCDMA networks. Indeed, the aforementioned
functionality can be implemented within the cell-specific packet scheduler that is
located at the Radio Network Controller (RNC) of WCDMA networks [10], whose
responsibility is to allocate the capacity between mobiles while maintaining the
load within some target level; this allocation would be dynamic, and change when

new connections arrive or when old ones terminate.

5 Numerical Investigations

In this section we present numerical investigations demonstrating the model pro-
posed in the previous sections. The discussion of the results from these investi-
gations allow us to reach some qualitative conclusions on how a user’s valuation
for his average throughput and the percentage of time slots he can transmit in,
should affect his optimal selection of these parameters.

We consider the case where users have a utility function that is the sum of the
two factors given by (21) and (22). Figure 3 shows the throughput factor for the
two values of parameter u; in (21) that we consider; observe that a larger value
of u; results in a higher valuation for the same transmission rate, or equivalently
the same valuation for a smaller rate. Figure 4 shows the factor related to the
percentage of time slots a user is allowed to transmit, for the two values of
parameter v; in (22) that we consider; observe that a larger value of v; results in
a higher valuation for the same percentage of time slots, or equivalently the same
valuation for a smaller number of time slots.

In the case of additive white Gaussian noise and a non-fading channel, the bit
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error rate for DPSK (Differential Phase Shift Keying) modulation is [11]
BER(y) = 0.5¢77 .

If there is no error correction, and bit errors are independent and are all detected,
then the packet success probability P(7), which we assume to be the same for all
mobiles, is given by

P(y) = (1 — BER(v))",

where L is the number of bits in one packet. The values of the other parameters
that we consider in the numerical investigations of this section are shown in
Table 1.

Figure 5 shows the tradeoff between the transmission rate r and the percentage
of time slots ¢ a user is allowed to transmit; this tradeoff is computed from (14),
and is independent of the network traffic load. Observe that for both small and
large values of the transmission rate, the percentage of time slots ¢ a user should
be allowed to send is close to one. Next we explain both of these behaviours.

The former behaviour, i.e. the percentage of time slots is close to one for
small values of the transmission rate is due to the following: For small values
of the transmission rate, the right-hand side of (13) obtains small values, hence
the derivative V/ should be small, which is the case for large values of ¢ due to
the concavity of V;, Figure 4. Intuitively, this regime corresponds to the case of
a heavily loaded system, where each user is allocated a small percentage of the
total resource. Hence, the amount of resource usage for each user 7 is

v T
_W—FT{)@N I/V7

Q;

i.e. the resource usage of each user becomes approximately proportional to his
average throughput. In this case, for the same average throughput and hence
the same amount of resource usage, the utility of a user is higher for a higher

percentage of time slots, since the factor V;(¢;) in (22) is an increasing function
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of the percentage of time slots ¢;. Hence, in this case users should choose large
values for ¢;.

The latter behaviour, i.e. the percentage of time slots is close to one for large
values of the transmission rate can be explained as follows: Large values of the
transmission rate will be realized in a lightly loaded system, in which case the
shadow price A obtains a small value. Hence, from (13), the derivative V' should
be small, which is the case for large values of ¢.

From the comparison of the different graphs in Figure 5 we can make the fol-
lowing conclusions regarding the effects of the user utility factors. First, a larger
value of u, which corresponds to higher valuation for the average throughput,
Figure 3, results in the optimal transmission rates obtaining smaller values. Sec-
ond, a higher value of v, which corresponds to higher valuation of the percentage
of slots a user can transmit in, Figure 3, results in the optimal percentage of time
slots obtaining smaller values.

Figure 6 shows the optimal transmission rate for different traffic loads, ex-
pressed as the number of users. As expected, a higher load results in a smaller
transmission rate for each user. From this figure, also observe that the optimal
transmission rate depends on the user preferences, expressed through the utility
function. In the class-based approach described in Section 4, a network provider
would determine the optimal transmission rate, based on the number and type
of users, from Figure 6, and then the optimal percentage of time slots a user is

allowed to transmit, from Figure 5.

6 Conclusion

We have presented a model for efficient resource control in hybrid code and time
division scheduling systems. Our approach is based on economic theory and util-
ity functions for capturing user and application QoS preferences, and addresses

the issue of how the transmission rate and the percentage of time slots that users
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can transmit should be jointly controlled in order to achieve efficient utilization
of network resources. Furthermore, our numerical investigations enable us to
make some qualitative observations on how a user’s valuation for his average
throughput and the percentage of time slots he can transmit in, should affect his
optimal selection of these parameters. Finally, our approach can be applied using
a class-based service differentiation framework, where users select a throughput
class reflecting how much they value their average throughput, and a class related
to the percentage of time slots they are allowed to transmit.

Possible further work includes extending the model to the case where users
value, in addition to the average throughput, the packet loss probability; work
related to this is presented in [12]. Finally, a more practical issue involves identi-
fying specific forms of utility functions that correspond to the QoS requirements

of actual applications.

Acknowledgements

This work has been supported in part by British Telecommunications (BT), UK.

References

[1] S. Ramakrishna and J. M. Holtzman, “A scheme for throughput maximization in
a dual-class CDMA system,” IEEE J. Select. Areas Commun., vol. 16, no. 6, pp.
830-844, August 1998.

[2] V. A. Siris, “Resource control for elastic traffic in CDMA networks,” in Proc. of
ACM MOBICOM’02, 2002.

[3] D. J. Goodman and N. B. Mandayam, “Power control for wireless data,” IEEE
Personal Commun., vol. 7, pp. 4854, April 2000.

[4] M. Xiao, N. B. Shroff, and E. K. P. Chong, “Utility-based power control in cellular
wireless systems,” in Proc. of IEEE INFOCOM’01, April 2001.

16



[5]

T. Alpcan, T. Basar, R. Srikant, and E. Altman, “CDMA uplink power control as
a noncooperative game,” Wireless Networks, vol. 8, no. 6, pp. 659-670, November

2002.

L. Badia, M. Lindstrm, J. Zander, and M. Zorzi, “An economic model for the
radio resource management in multimedia wireless systems,” Computer Commu-

nications, vol. 27, pp. 1056-1064, April 2004.

K. S. Gilhousen, I. M. Jacobs, R. Padovani, A. J. Viterbi, L. A. Weaver, and
C. E. W. III, “On the capacity of a cellular CDMA system,” IEEE Trans. on
Vehicular Technology, vol. 40, no. 2, pp. 303-312, May 1991.

L. C. Yun and D. G. Messerschmitt, “Power control for variable QoS on a CDMA
channel,” in Proc. of IEEE MILCOM’94, October 1994.

A. Sampath, P. S. Kumar, and J. M. Holtzman, “Power control and resource
management for a multimedia CDMA wireless system,” in Proc. of IEEE Int.

Symp. on Personal, Indoor, Mobile Radio Commun. (PIMRC), September 1995.

H. Holma and A. Toskala, WCDMA for UMTS (third edition). New York: Wiley,
2004.

J. M. Rulnick and N. Bambos, “Mobile power management for wireless communi-

cations networks,” Wireless Networks, vol. 3, pp. 3—-14, 1997.

V. A. Siris and C. Courcoubetis, “Resource control for loss-sensitive traffic in

CDMA networks,” in Proc. of IEEE INFOCOM’04, March 2004.

17



I

Closed-loop power control

Figure 1: Only the rate and time slot control, and the outer-loop control procedures
(shaded boxes) are affected by the proposed resource control model; one the other hand,
closed-loop power control remains unaffected. The target signal quality is provided as
input to both the rate control and time slot allocation procedures, and to the closed-

loop power control procedure.
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(14, i) = F(u;,v;, traffic load)

Figure 2: Class-based implementation of the proposed model. Each user selects a
class corresponding to particular values for u;,v;. Based on this selection, and taking
into account the network load, the RNC computes the optimal transmission rate and

percentage of time slots the user can transmit.

Table 1: Parameters used in the numerical investigations.

parameter value
chip rate, W 3.84 Mcps
load, p 60%
BER(v) (DPSK) 0.5e77
bits per pkt, L 60
v*, from (12) 5 (=7dB)

throughput factor U(x) =1—e ™ u=0.1,0.2
time slot factor ~ V(¢) =1 — e, v = 10,20
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Figure 3: Throughput utility factor given by (21), for v = 0.1,0.2.

0.9 V=20 ]

0.8

0.7

0.6 ,"/
05 |/

02 f

0.1

0 0.2 0.4 0.6 0.8 1
percentage of time slots, ¢
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Figure 5: Tradeoff between transmission rate and percentage of time slots a user can
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Figure 6: Optimal transmission rate for a different number of users.
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