Achievable QoS in an Interference/Resource Limited Shared Wireless Channel^�

Jeffrey M. Capone^a Ioannis Stavrakakis^b

a Telecommunications Research Center (TRC) Department of Electrical Engineering Arizona State University, Tempe, AZ 85287-7206 E-mail: jcapone@asu.edu

b Communications and Digital Signal Processing (CDSP) Center Department of Electrical and Computer Engineering Northeastern University, Boston, MA 02115 E-mail: ioannis@cdsp.neu.edu

Abstract

In this work, the region of achievable QoS is precisely described for a system of real-time heterogeneous VBR sources competing for slots (packet transmission times) of a TDMA frame. The QoS for each application is defined in terms of a maximum tolerable packet dropping probability. Packets may be dropped due to delay violations and channel induced errors. The region of achievable QoS is precisely described for an interference/resource limited network by considering the underlying TDMA-MAC structure and the physical channel. A simple QoS sensitive error control protocol that combats the effects of the wireless channel while satisfying the realtime requirements is proposed and its impact on the region of achievable QoS is evaluated. The results presented here clearly illustrate the negative impact of a poor channel and the positive impact of the employed error control protocol on the achievable QoS. The region of achievable QoS vectors is central to the call admission problem and in this work, it is used to identify a class of scheduling policies capable of delivering any achievable performance.

Index Terms – Achievable QoS, integrated services, wireless resource.

1 Introduction

In integrated services wireless networks transmission resources are shared among geographically dispersed applications with diverse traffic characteristics and quality of service (QoS) requirements. In this work, the shared transmission resources are defined to be the slots (packet transmission

∗Research supported in part by the National Science Foundation under Grant NCR 9628116.

times) of a time division multiple access (TDMA) frame. This resource structure has been widely considered in personal communication networks (PCN) [1, 2] satellite networks [3] and wireless LANs [4], as well as in recent work toward the development of wireless ATM networks [5].

In [5], channel access is based on a multiservice dynamic reservation (MDR) TDMA frame format. At the beginning of each up-link MDR TDMA frame, a slotted ALOHA control channel is employed for accommodating allocation requests, followed by a number of slots available to service the traffic. A typical up-link TDMA frame where slots are allocated to various classes of service, such as CBR, VBR and ABR, and where service requests are processed at frame boundaries is illustrated in Fig. 1.

Figure 1: A typical up-link TDMA frame structure supporting CBR, VBR and ABR traffic classes.

The objective is to enable sharing of the resources among diverse applications while delivering the required quality of service (QoS). Typically, the services to be supported are designed to be compatible with the prevalent network architecture for integrated services over fiber/copper based channels, the asynchronous transfer mode (ATM). Some of the services offered by ATM to support the various traffic classes are constant bit rate (CBR), variable bit rate (VBR) and available bit rate (ABR). The focus of this work is on the support of real-time VBR service in a wireless network.

To support real-time variable bit rate (VBR) applications, the MAC should employ a resource management scheme (transmission scheduling policy) that allocates transmission resources on demand, thereby effectively using the available bandwidth. Scheduling policies to support real-time VBR traffic have been proposed in [6, 7, 8, 9]. The performance of these scheduling policies are evaluated for different combinations of heterogeneous VBR sources.

However, before a scheduling policy can be designed, it should be known whether or not the required performance can be delivered to the set of VBR sources through some scheduling policy. The main objective of this work is to determine the region of achievable QoS vectors for real-time heterogeneous variable bit rate (VBR) applications in a shared wireless environment. Knowledge of this region is central to the development of a call admission control mechanism. For example, if with the addition of the new source, the new multi-dimensional target QoS vector is in the region of achievable QoS vectors then the call can be admitted. If the call cannot be admitted and more resources can be made available, a precisely defined region of achievable QoS can be used to determine the minimum additional resources required in order for the new call to be admitted. Furthermore, in this work the established region also leads to the identification of a class of scheduling policies capable of delivering any achievable performance.

In a wireless network, achievable QoS is shaped not only by the amount of available resources and the employed resources management scheme, but also by the channel quality (interference). Therefore, the region of achievable QoS is shaped collectively by the capabilities of the physical channel and the MAC protocol. For example, in an error-free channel all transmitted packets are successfully received. In this case, the delivered QoS is shaped practically entirely by the packet discarding process at the transmitter (source) due to delay violations; the latter occurs when the demand exceeds the amount of available resources for a sufficiently long period. Thus, the performance is limited by the amount of available resources (resource limited). The region of achievable QoS vectors in an error-free channel environment has been investigated in [10, 11, 12]. Although the necessary resources may become available on time, packets may be corrupted due to channel errors and be dropped at the receiver. Under these conditions, the performance is limited by the interference introduced in the channel (interference limited). Such packet discarding may occur with a frequency comparable to that of the packet discards at the transmitter due to resource limitations. As a consequence, the region of achievable QoS vectors is shaped by the packet discarding process at both the transmitter and the receiver due to resource and interference limitations, respectively.

In addition, in an integrated services wireless network, such as wireless ATM, systems may have error controlling capabilities [13] to combat the unreliability of the wireless link. For the realtime VBR applications, traditional automatic repeat request (ARQ) strategies used to combat the effects of the wireless channel may not be possible due to the real-time constraints. In this work, a QoS sensitive error control protocol is designed to meet the real-time constraints of the supported applications, and its impact on the region of achievable is evaluated.

2 Description of the System Model

Consider a system where N heterogeneous VBR sources compete for T slots of an up-link TDMA channel. At the beginning of each frame n each source i requests a random number of slots denoted by λ_i(n). If the aggregate demand in frame n, ∑N i=1 λ_i(n), exceeds the number of slots available to service the VBR traffic - referred to as an overloaded frame - then decisions must be made regarding the amount of service that will be provided to each source. The number of slots, a^f_i (n), under scheduling policy f allocated to source i may be less than what is required by that source, λ_i(n), due to resource limitation. Packets from a source which do not receive service over a frame following their arrival are considered to have excess delay and are dropped at the source.

The effects of the wireless channel are modeled as in [13], where a Gaussian noise channel with random bit erasure interference is considered. Bit erasures may be correlated due to a slow fading channel (or a jamming signal), but in this work it is assumed that the time scale of the fade is smaller than the packet duration. As a result, packet erasures are considered to be statistically independent and occur when the interference in the channel is such that the packet is corrupted beyond correction. The corrupted transmitted packets are discarded (dropped) at the receiver.

The event that the packet is corrupted and therefore dropped is a function of the interference in the channel, the transmitted power, the modulation and coding scheme, and the packet length. Let Z be an indicator function of a packet erasure. That is, Z = { 1 if the packet is corrupted 0 otherwise

. (1)

Therefore, the expected value of Z, E[Z] = β, is the probability that a packet is corrupted by the channel and dropped.

Considering the combined impact of the scheduling policy f and the physical channel, the number of packets from source i dropped in frame n due to the competition for the resources and the interference in the channel is given by,

d^f_i (n) = ∑λ_i(n) m=1 Z_m if ∑N j=1 λ_j(n) ≤ T λ_i(n) − a^f_i (n) + ∑a^f_i (n) m=1 Z_m if ∑N j=1 λ_j(n) > T . (2)

Z_m is an indicator function associated with the transmission of the m^{th} packet from source i. Considering the effects of the wireless channel, it must be determined whether under given channel conditions a QoS vector is achievable under some policy f.

Suppose that the QoS requirement of application i is defined in terms of a maximum tolerable average per frame packet dropping rate d_i, 1 ≤ i ≤ N. The QoS vector associated with the application then can be defined in terms of the (performance) packet dropping rate vector d = (d_1, d_2, . . . , d_N ). When the QoS requirement of the application i is defined in terms of a maximum tolerable packet dropping probability p_i, the corresponding packet dropping rate d_i is easily determined by d_i = λ_i p_i.

The first question addressed in Section 3.1 is whether (under the given channel conditions) a given QoS vector d is achievable under some policy f. The results from Section 3.1 are modified to reflect the impact of the proposed QoS sensitive error control scheme and are presented in Section 3.2. The second question, addressed in Section 5, is concerned with the design of scheduling policies that deliver an achievable target QoS vector d.

3 Determination of the Region of Achievable QoS Vectors

The establishment of the region of achievable QoS vectors is based on a set of inequalities and an equality constraint derived by employing work-conserving arguments. The superscript f is used to denote the employed packet scheduling policy. It is assumed that the scheduling policies are work-conserving^1 (that is, non-idling) and induce a performance vector d^f .

1The policies are work-conserving assuming that the packets arrive on frame boundaries.

3.1 Achievable QoS Provided by the Underlying MAC and Physical Channel Let S = {1, 2, . . . , N} be the set of all sources and d^f_S denote the average system packet dropping rate under scheduling policy f, denoted by,

d^f_S^△= E [ N ∑ i=1 d^f_i (n) ] = N∑ i=1 E [ d^f_i (n) ] = N∑ i=1 d^f_i . (3)

Let λ_g(n) denote the aggregate arrival rate from sources in set g, g ⊆ S, i.e., λ_g(n) = ∑ i∈g λ_i(n). Summing (2) over all sources i ∈ S and by considering the expected value of the associated quantity, the average system packet dropping rate under work-conserving scheduling policy f is derived and it is given by,

d^f_S = { E [ λ_S(n) | | | λS(n) > T ] − T (1 − β) } P (λ_S(n) > T ) (4) +β { E [ λ_S(n) | | λS(n) ≤ T ]} P (λ_S(n) ≤ T ) . As it can be seen from (4), d^f_S is independent from the policy f; it only depends on the aggregate arrival process, the number of resources T , and the channel characteristics β. Therefore, the system dropping rate, d^f_S , is conserved under any work-conserving policies f and is denoted as b_S.

Let d^f_g denote the average subsystem g packet dropping rate under policy f, defined by, d^f_g^△= E [∑ i∈g d^f_i (n) ] = ∑ i∈g E [ d^f_i (n) ] = ∑ i∈g d^f_i , g ⊂ S. That is, d^f_g is equal to the aggregate packet dropping rate associated with sources in group g only, under policy f; all N sources in S are assumed to be present and served under policy f.

Let b_g denote the lower bound on the aggregate packet dropping rate for sources in g. This bound is equal to the packet dropping rate of a system in which only sources in g are present and served under a work-conserving policy; sources in set {S − g} are considered to be removed. It is given by,

b_g = { E [ λ_g(n) | | | λg(n) > T ] − T (1 − β) } P (λ_g(n) > T ) (5) +β { E [ λ_g(n) | | λ g(n) ≤ T ]} P (λ_g(n) ≤ T ) . It is apparent that no policy can deliver a lower dropping rate than b_g to sources in set g, when all sources in S are present. It can be seen that this lower bound is attained by all policies f which give service priority to packets from sources in set g over those in the complement set {S − g}.

It has been shown in [10, 11] that in an error-free channel, the following conditions, d_g ≥ b_g ∀g ⊆ S (6) d_S = b_S, (7)

are necessary and sufficient in order for a QoS vector d = (d_1, d_2, . . . , d_N ) to be achieved by some scheduling policy f. This result can be extended to account for the channel quality provided that b_g, given in (5), is a super-modular set function; the proof is provided in Section 8.

Let D denote the collection of all vectors d satisfying (6) and (7), then by definition D is a convex polytope [14]. Using results from convex polytopes [14], any vector in the set D can be

Figure 2: The region (polytope) D for a system with two and three sources under channel conditions β. expressed as a convex combination of extreme points (vertices) of D; that is, D may be expressed as the convex hull of its extreme points, D=conv[exp(D)].

In addition, from the polytope structure and the super-modularity property of the set function b_g, it can be shown (see [10]) that d^∗ is a vertex of the set D iff d^∗ is a dropping rate vector resulting from an Ordered HoL (O-HoL) priority service policy ß= (π_1, π_2, . . . , π_N ); π_i ∈ {1, 2, . . . , N}, π_i ≠ π_j, 1 ≤ i, j ≤ N. The index of π_i indicates the order of the priority given to the π_i source. None of the π_j sources, j > i, may be served as long as packets from sources π_k, k ≤ i, are present.

Fig. 2 provides a graphical illustration of the region D for the case of N = 2 and N = 3 sources. The extreme points correspond to QoS vectors d induced by the N! O-HoL priority policies ß= (π_1, π_2, . . . , π_N ).

The region of achievable QoS is shaped by both the amount of available resources and the level of interference in the wireless channel. To illustrate this, consider the following example of two sources competing for T slots in a TDMA frame. The source packet arrival processes are assumed to be mutually independent. Each arrival process is embedded at the frame boundaries. The number of packets generated (and requesting service) by a source in the current frame boundary is (probabilistically) determined by the present state of the underlying arrival process.

In this example, each VBR source is modeled by a sequence of independent and identically distributed random variables, embedded at frame boundaries, with mean rate of 3.6 and 3.2 packets per frame, and variance of 2.04 and 3.36 packets per frame, respectively. In Fig. 3, the conserved system packet dropping probability p_S =^{bS}_{E[λS(n)]} is plotted as a function of available resources T (time slots) for an error-free channel (β = 0) and an error-prone wireless channel with channel quality, β = 0.02.

As it can be seen in this figure, there are three distinct regions of operations: Resource- Limited, Interference/Resource-Limited and Interference-Limited. In the resource-limited region, the performance is primarily determined by the amount of available resources. This result is evident since the packet dropping probability for the system with the error-free channel and the (non-ideal)

Figure 3: System packet dropping probability for two source system given in Section 3.1, in an error-free channel and a (non-ideal) error-prone wireless channel with channel conditions β = 0.02.

wireless channel are almost identical. In the interference-limited region, the dropping probability in the error-free channel is zero, while the performance in the wireless system is limited by the interference and given by β = 0.02. The performance in the interference/resource-limited region is determined by both, the available resources and the level of interference in the channel. In this example, the system packet dropping probability in this region ranges from 10^{−1} − 10^{−2}, an operation region of interest for real-time applications. It is important to note that, in general, satisfying the system packet dropping rate (probability) is only necessary and not sufficient to guarantee that the target QoS vector is achievable.

3.2 Effects of a QoS Sensitive Error Control Scheme on the Region of Achievable QoS Many error control architectures have been proposed to enable wireless ATM [13, 15]. The primary focus of these works is to design a FEC code and an ATM HEC producing a concatenated code which protects the ATM cell header against undetected errors; undetected errors in an ATM cell header can lead to misrouting and other impairments. In [13], the architecture also involves a traditional data link automatic repeat request (ARQ) protocol applied only to traffic that is not sensitive to increased delays. Recently, an ARQ scheme has been developed to accommodate realtime service [16]. The result is achieved by scheduling the feedback (ACK and NAK) based on the relative urgency of the transmitted packets; in addition, if the due date of the packet has expired, the packet is discarded and the receiver is notified. In this manner, the number of retransmissions of each packet is controlled.

In this work, the probability of correct reception of a packet is increased (or the probability of dropping is reduced) by transmitting multiple copies of certain packets (before the packet has expired) without any feedback. In this way, the probability of packet dropping can be controlled by the scheduling policy which controls the number of copies transmitted from each source based on the QoS required by the applications. The focus of this section is to examine the impact of the wireless channel and a simple QoS sensitive forward error control scheme on the region of achievable QoS.

The error control scheme considered in this work will generate multiple copies^2 of certain packets for transmission over the current frame. Copies are transmitted only during underloaded frames utilizing the remaining resources (T − λ_S(n)). Transmitting a copy from a set g during an overloaded frame would reduce the probability of packet dropping at the receiver for the set g, but would force an original packet from the complement set {S − g} to be dropped at the source. The effect would be that the aggregate dropping rate for the subset g of sources is reduced, but the aggregate dropping rate for the complement set {S − g} is increased by an amount greater (in realistic systems) than the decrease attained for the subset g, causing the overall system dropping rate to increase. In view of the above discussion, if the objective of the error control protocol is to minimize the system packet dropping probability (or equivalently packet dropping rate), and therefore maximize system throughput, then multiple copies of packets can be sent only during underloaded frames - utilizing the remaining resources.

During underloaded frames, the number of copies generated by the sender is a function of the scheduling policy and the amount of remaining resources. Therefore, the number of packets dropped due to channel induced errors is also a function of the scheduling policy. For a given λ_S(n) ≤ T , let k^f = (k^f_1 , k^f_2 , . . . , k^f_{λS (n)}), 1 ≤ k^f_m ≤ T, 1 ≤ m ≤ λ_S(n), be a vector which determines the number of transmissions of each packet m ∈ {1, 2, . . . , λ_S(n)}. Notice that k^f_m ≥ 1, which guarantees that no original packet is dropped at the expense of transmitting a copy, and consequently, only the remaining resources can be used to transmit copied packets. Under this policy f, the expected number of packets arriving at the receiver in error is equal to, λ_S (n)∑ m=1 β^{kfm} , (8) where, λ_S (n)∑ m=1 k^f_m = T, (9) 1 ≤ k^f_m ≤ T, ∀m ∈ {1, 2, . . . , λ_S(n)}. 3.2.1 Unbiased Error Control

An unbiased error control protocol, or equivalently a scheme that employs a policy that attempts to “fairly” allocate the remaining resources among sources will result in the minimum system dropping rate. This result is a direct consequence of the convexity of the function β^x in x. That is, γβ^a + (1 − γ)β^b ≥ β^{γa+(1−γ)b} for 0 ≤ γ ≤ 1, therefore, λ_S (n)∑ m=1 β^{kfm} ≥ λ_S(n)β^{Tλ}S^{(n)} . (10)

2Corrupted copies are not used for error correction.

Since (8) is minimum when k^f_m =^T_{λS (n)} = k, (8) is minimized when each sources i receives λ_i(n)k = λ_i(n) λ_S (n) T slots for transmission of the λi(n) packets and its copies. In this sense the policy is “fair”

or unbiased.

However, due to the granularity in the system (that is, resources can be allocated only in integer multiples), the following is considered. During underloaded frames, let each packet be transmitted R^△= ⌊ T λ_S(n) ⌋ , R ≥ 1, number of times, where ⌊.⌋ denotes the integer part, and let X^△= (T − λ_S(n)R) be the number of packets that can be transmitted one additional time, (R+1). The system dropping rate is conserved regardless of which set of sources the packets that are transmitted one additional time belong to. Allocating the additional retransmission during underloaded frames according to a policy allows for further diversification of the resulting QoS vector delivered, while still satisfying the requirement of minimum system dropping rate. Therefore, under any fair-work-conserving policy, the system dropping rate (given below) is minimum and also conserved.

The results from Section 3.1 can be modified to account for the impact of the QoS sensitive error control protocol. Considering the effects of the physical channel, the scheduling policy and the error control protocol, the number of packets from source i dropped in frame n is given by,

d^f_i (n) = ∑λ_i(n) m=1 ∏R+1^f_m q=1 Z^q_m if λ_S(n) ≤ T

λ_i(n) − a^f_i (n) + ∑a^f_i (n) m=1 Z_m if λ_S(n) > T , 0 ≤ i ≤ N. (11)

1^f_m ∈ {0, 1} and indicates the dependency of the additional transmission of a copy of packet m on the fair policy f, where ∑λ_S(n) m=1 1^f_m = X, ∀f. Z^q_m is an indicator function associated with the q^{th} transmission of the m^{th} packet from source i.

The system dropping rate b_S is conserved and is found by summing (11) over all i in S, ∑ i∈S d^f_i (n) = ∑λ_S (n) m=1 ∏R+1^f_m q=1 Z^q_m if λ_S(n) ≤ T λ_S(n) − T + ∑T m=1 Z_m if λ_S(n) > T

. (12)

Taking the expectation of (12) conditioned on λ_S(n),

E [ ∑ i∈S d^f_i (n) | | |λS(n) ] = β^R ( β^{1f}1 + β^{1f}2 + . . . β^{1fλ}S^{(n)} ) if λ_S(n) ≤ T λ_S(n) − T + T β if λ_S(n) > T . (13)

Since 1^f_m ∈ {0, 1} such that ∑λ_S(n) m=1 1^f_m = X, ∀f, then (13) becomes, E [ ∑ i∈S d^f_i (n)|λ_S(n) ] = { β^R (Xβ + {λ_S(n) − X}) if λ_S(n) ≤ T λ_S(n) − T (1 − β) if λ_S(n) > T

, (14)

and taking the expectation of (14) over λ_S(n), the system dropping rate is derived, and it is given by, b_S^△= { E [ λ_S(n) | | | λS(n) > T ] − T (1 − β) } P (λ_S(n) > T ) (15) +E [ Xβ^{R+1} | | λ S(n) ≤ T ] P (λ_S(n) ≤ T ) +E [ (λ_S(n) − X) β^R | | | λS(n) ≤ T ] P (λ_S(n) ≤ T ) .

Figure 4: The impact of the QoS sensitive error control protocol on the system packet dropping probability in a wireless channel with channel conditions β = 0.02.

As it is seen in (15), the system dropping rate is not dependent on the policy f, and thus, is conserved for all fair-work-conserving policies f.

With the addition of the unbiased error control scheme, the lower bound b_g for the aggregate packet dropping rate for sources in g under any fair-work-conserving policy f can be derived. It is determined to be equal to the packet dropping rate of a system in which only sources in g are present and served under a work-conserving policy and all additional retransmission privileges are provided to set g. That is, 1^f_m = 1 (if λ_g(n) ≤ X) for all packets m from sources in set g. b_g is derived and it is given by,

b_g^△= { E [ λ_g(n) | | λ g(n) > T ] − T (1 − β) } P (λ_g(n) > T ) (16) +E [ min[λ_g(n), X]β^{R+1} | | | λg(n) ≤ T ] P (λ_g(n) ≤ T ) +E [ max[0, λ_g(n) − X]β^R | | | λg(n) ≤ T ] P (λ_g(n) ≤ T ) The expected value in (16) is with respect to {λ_g(n), λ_S(n)}, which is easily computed since P (λ_g(n) = i, λ_S (n) = j) = P (λ_g(n) = i)P (λ_{{S−g}}(n) = j − i). The expressions in (15) and (16) reduce to (4) and (5) respectively, for R fixed and equal to 0. The extreme points in this case correspond to Fair-Ordered-HoL (F-O-HoL) priority service policies. A F-O-HoL service policy is an O-HoL service policy ß= (π_1, π_2, . . . , π_N ) in which the additional retransmissions are also allocated according to ß.

With the addition of the QoS sensitive error control protocol, the region of achievable QoS for an interference/resources or interference-limited system can be improved compared to the system not employing the error control protocol. The impact that the error control protocol has on the system packet dropping probability for the example described in Section 3.1 is shown in Fig. 4.

In this figure, the performance of the two systems is compared to that in an error-free environment. As it can be seen in this figure, the system employing the error control protocol induces a lower packet dropping probability than the system without. The impact is most significant in the interference/resource-limited and interference-limited regions. In these regions the system with

Figure 5: The impact of the error-control protocol on D for the two source system given in Section 3.1, in an error-free channel, in an error-prone wireless channel (β = 0.02) with and without the QoS sensitive error control.

Numerical Results b_{{1}} b_{{2}} b_{{1,2}} Error-Free 0.0 0.0 0.08 Error-Prone 0.0720 0.0640 0.2144 Error Control 0.0303 0.0316 0.1606

Table 1: Impact of channel quality on the region of achievable QoS.

the error control protocol takes advantage of the remaining resources and can reduce the packet dropping probability.

The impact that the QoS sensitive error control has on the region of achievable QoS D is illustrated in Fig. 5 and Table 1. In this figure, D is derived for the system of sources given in Section 3.1 and with T = 10 slots. Thus, according to Fig. 3, the system is interference/resourcelimited. As it can be seen, this simple forward error control protocol moves the region of achievable QoS vectors toward lower dropping rates. This implies that a larger collection of QoS vectors can be accommodated, as explained in Section 4.

3.2.2 Biased Error Control

In Section 3.2.1, the region of achievable QoS was determined under the constraint that the system packet dropping rate be minimized. This constraint results in throughput maximization, but imposes restrictions on the level of QoS diversification that could be achieved otherwise. If the QoS vector is not in the region of achievable QoS vectors under this restriction, it can be concluded that such level of QoS diversification may be achieved only at the expense of system throughput [17]. This result may suggest that the sharing of the resources by such diverse applications may need to

Numerical Results b_{{1}} b_{{2}} Unbiased 0.0303 0.0316 Biased 0.0043 0.0086

Table 2: Comparison of lower bounds obtained under a unbiased and biased error control.

be restricted by allowing for resource sharing by less diverse applications. This constraint also lead to the development of a fair or unbiased error control protocol as described in the previous section.

In this section, the effect of a biased error control protocol is examined. A biased error control protocol allocates the remaining resources, (T − λ_S(n)), to favor a certain subset g. As a consequence, (8) is no longer minimized and the system dropping rate is increased. In addition, the system dropping rate would depend on which subset is favored, and thus, the system dropping is dependent on the policy and no longer conserved. Although the conservation is lost, the lower bounds for a subset g achievable under any biased error control protocol can be evaluated. This lower bound b^{biased}_g under a biased scheme can be obtained by setting k^f_m = 1 in (8) for all packets m from sources in set {S − g}, guaranteeing that the remaining resources, (T − λ_S(n)), are used only for transmitting copies from set g. Under this constraint, the lower bound for the subset g is obtained when R^△= ⌊ T −λ_{{S−g}}(n) λg(n) ⌋ and X^△= {T − λ_g(n)R}. For the previous example described in Section 3.1, the lower bounds are evaluated and compared to the lower bounds obtained with the unbiased error control scheme, and the results are displayed in Table 2.

Since the system dropping rate under any biased error control protocol is increased compared to the unbiased system dropping rate (denoted in this section as b^{unbiased}_S ), the following conditions are necessary for a QoS vector d to be achieved under any (biased or unbiased) scheme, d_g ≥ b^{biased}_g ∀g ⊆ S (17) d_S ≥ b^{unbiased} S . The constraints presented in (17) are only necessary and not sufficient to guarantee that the target QoS vector d is achievable, thus, they determine only an upper bound on the region of achievable QoS vectors. However, this region can be used to determine if a QoS vector with such diversity is not achievable by any (biased or unbiased) error control scheme.

4 Call admission Region

The call admission region A(D) associated with the region D of achievable QoS vectors, is defined to be the region of vectors d satisfying, d_g ≥ b_g ∀g ⊂ S, (18) d_S ≥ b_S. (19)

Thus, A(D) also expands with the addition of the QoS sensitive error control protocol.

It is show in [10] that if d ∈ A(D) then there exists a vector d^′ ∈ D which is such that d^′_i ≤ d_i ∀i ∈ S. This result implies that if the target QoS vector d is in A(D), there exist a policy which can deliver d or better (that is, less than the dropping rate required by any source).

Finally, as stated in Section 3.1, satisfying the condition on the system performance, given here by (19), is only necessary and not sufficient to guarantee that the target QoS vector is achievable^3. To illustrate this concept, consider the network given in Section 3.1 with T = 10 and β = 0.02 and let d = (0.1291, 0.0315) be the target QoS vector (source 1 and 2 can tolerate a packet dropping probability of 0.035 and 0.010, respectively). According to Table 1, d satisfies the condition on the system dropping rate for the system that employs the real-time unbiased scheme, that is 0.1606 = d_S ≥ b^{unbiased}_S = 0.1606, but d_2 < b^{unbiased}_2 = 0.0316. Thus, the target QoS vector cannot be achieved under any f with an unbiased error control scheme. For this system, the best possible performance source 2 can achieve is if it is given service priority, resulting in dropping rates of 0.1290 and 0.0316 for sources 1 and 2, respectively. The overall system performance is satisfied, but source 2 is provided poorer than desired service, while source 1 is provided improved service. Furthermore, the QoS vector d = (0.1291, 0.0315) is not achievable under any biased scheme, since b^{biased} S > b^{unbiased} S = 0.1606 = d_S, and the system dropping rate can not be satisfied.

5 A Class of Policies Delivering any Achievable QoS Vector in D

Once a call is given admission into the system, management of the available transmission resources is necessary to ensure that the required QoS is delivered to each source application. In addition to determining the region of achievable QoS vectors, this study also leads to the development of scheduling policies that deliver any achievable performance for a given amount of available resources and channel quality.

5.1 Mixing Policies Let C_{HoL} denote the class of Fair-Ordered HoL (F-O-HoL) priority service policies ß introduced in Section 3.2.1. A mixing F-O-HoL priority service policy f_m is defined to be one that at each frame decides to follow the F-O-HoL priority policy ßi= (π^i_1, π^i_2, . . . , π^i_N ) with probability α_i, α_i ≥ 0, 1 ≤ i ≤ N!, ∑N! i=1 α_i = 1; decisions over consecutive frames are independent. Clearly, f_m is completely determined by the N! dimensional vector ff, ff ≥ 0, 1· ff = 1. Let M_{HoL} denote the class of such policies.

For each packet dropping rate vector d ∈ D there exists a policy f_m ∈ M_{HoL} that induces d. The proof follows from the fact that D can be written as a convex combination of the extreme points (vertices) d_{ext−i} of D, that is d = ∑N! i=1 α_id_{ext−i} for some ff= (α_1, α_2, . . . , α_{N!}) where α_i ≥ 0, 1 ≤ i ≤ N!, ∑N! i=1 α_i = 1. Since each d_{ext−i} is induced by some policy in C_{HoL}, a mixing policy f_m that selects the F-O-HoL priority policy ß^i (that induces d_{ext−i}) with probability α_i such

3In the special case of a homogeneous system, such as a cellular voice system, satisfying the system constraint in (19) is sufficient to guarantee that the target QoS vector is achievable. This result has been established in [10].

that α_i ≥ 0, 1 ≤ i ≤ N!, ∑N! i=1 α_i = 1 will have a packet dropping rate vector d^{fm} given by,

d^{fm} = N!∑ i=1 α_id_{ext−i} (20) and thus f_m induces d.

Let d ∈ D be a target packet dropping rate vector. The mixing policy f_m ≡ ff induces d, where ff is such that, Eff [dext]^△=^{N!∑}_{i=1} αidext−i = d, (21) ff ≥ 0, (22) 1 · ff = 1, (23)

where Eff[.] is weighted average of the set of extreme points, d_{ext}, of D with respect to the probability mass function ff.

5.2 Priority Indexing Policy The priority indexing policy^4 uses the past history of the system to form performance indices that are uses for resource management. The performance index is a relative measure of the current performance to the desired performance. The sources are ordered according to the performance indices and the corresponding F-O-HoL priority service policies ß is selected. A priority indexing policy uses the systems past history to select a F-O-HoL priority policy. In every frame each source is assigned an index as follows,

I_i(n) = ^di(n) d_i , (24)

where, ^di(n) = 1 n n∑ k=1 d_i(k). (25)

^di(n) is an estimate for the mean dropping rate for source i. In each frame, service priority is given to source j over source i, if and only if,

I_j(n) > I_i(n). (26)

All priority indices are ordered according to (26) and the appropriate priority policy is selected. A comparison in performance between the two classes of policies is examined in the following section.

4This policy is similar to the policy used in [18] to manage the buffer resources.

6 A Numerical Example

In this section an example is presented to demonstrate the call admission procedure and the design of a scheduling policy to deliver the target QoS vector. Consider the network presented in Section 3 where the source packet arrival processes are assumed to be mutually independent and each arrival process is described in terms of a sequence of i.i.d. random variables embedded at the frame boundaries. It is assumed that there are T = 10 slots available to service the two VBR sources and the channel quality is given by β = 0.02.

Let p_k denote the target packet dropping probability, for source k, k = 1, 2. In this example it is assumed that p_1 = 0.020 and p_2 = 0.028. By multiplying these probabilities by the corresponding per frame arrival rate, the per frame packet dropping rates d_1 = 0.071 and d_2 = 0.0896 are obtained. Thus, the target QoS vector d is given by d = (d_1, d_2) = (0.071, 0.0896) and the associated system packet dropping rate is equal to d_S = d_1 + d_2 = 0.1606. Considering the inequalities in (18) and (19) (evaluated in Table 1), it is determined that d is achievable.

Since d ∈ A(D) and particularly d ∈ D, there exists a mixing F-O-HoL priority policy f_m ≡

ff achieving exactly the QoS vector d. Any ff satisfying the conditions (21), (22) and (23) may be

chosen. In this example there exist only one solution to (21)-(23), since N = 2, and it is found to be, ffo = [ α_1 = 0.5876 α_2 = 0.4124 ] (27)

In systems with greater than 2 sources (N > 2) more than one solution may be found. This allows for the incorporation of additional constraints representing other desirable qualities of the policies. Functions of interest may be minimized subject to the constraints presented in this paper to guarantee the delivery of the target QoS vector. For instance, among all mixing policies inducing d, the one which minimizes the variance of the service provided to certain sources may be identified.

A simulation was performed using the policy, ffo, derived for this example. The sources, as described in Section 3.1, were simulated and generated the service demand, and the packet erasures occurred with probability 0.02. Resources (slots) were allocated according to the prescribed policy and the number of dropped packets per frame from each source was recorded. The simulation time was 50000 frames. Throughout the simulation in each frame n, the time-averaged mean dropping rate was calculated for each source i as, ^di(n) = 1 n n∑ k=1 d^f_i (k). (28)

The resulting time-averaged mean packet dropping rate for each source under the policy was calculated and is displayed in Table 3. Throughout the progression of the simulation the time-averaged mean packet dropping rates were recorded and are displayed in Fig. 6. Under the policy the objective of mean packet dropping rate d_i for each source i is met, see Table 3 and Fig. 6.

Results from the priority indexing policy are also displayed in Table 3 and in Fig. 7. As it can be seen in Fig. 7, the priority indexing policy attempts to control the variation in the dropping rates by using the history of the past performance.

Source, i Theoretical, d_i Mixing Policy Indexing Policy 1 0.0710 0.0707 0.0716 2 0.0896 0.0897 0.0867

Table 3: Comparison of theoretical and time-averaged steady-state mean packet dropping rate for each source under each policy.

Figure 6: Simulation results obtained with the derived mixing policy α_o.

Figure 7: Simulation results obtained with priority indexing policy.

Although both the mixing policy and the priority indexing policy deliver the desired dropping

rates, the priority indexing policy has less variability in the delivered service, as it seen in Fig. 7.

7 Conclusion

In this work, the region of achievable QoS has been precisely described for a system of real-time

heterogeneous VBR sources competing for an unreliable wireless channel. The QoS has been

defined in terms of a packet dropping probability (or equivalently packet dropping rate). Packets

from sources in the system are dropped as a result of delay violations and channel induced errors.

As a consequence, it has been shown that the region of achievable QoS is shaped by both the

interference in the physical channel and the amount of available resources. In addition, a simple

QoS sensitive error control protocol has been proposed to combat the effects of the wireless channel

while still satisfying the real-time service constraints of the associated applications. The results

presented in this paper illustrate the positive impact of the employed simple error control protocol

on the region of achievable QoS.

8 Appendix

Lemma 8.1 b_A (as defined in (5)) is a super-modular set function, that is, b_A + b_B ≤ b_{{A∪B}} + b_{{A∩B}} (29) and equality hold only if A ⊂ B or B ⊂ A. 2

Proof. Let λ_A (λ_B) be the generic random variables representing the number of packets generated

by sources in set A (B) over a frame, A, B, ⊆ S. Clearly, λ_A + λ_B = λ_{{A∪B}} + λ_{{A∩B}} ∀A, B ⊆ S. (30) As given in (5),

b_A = β { E [ λ_A | | λA ≤ T ]} P (λ_A ≤ T ) (31) + { E [ λ_A | | | λA > T ] − T (1 − β) } P (λ_A > T ) . Writing E [ λ_A | | | λA ≤ T ] P (λ_A ≤ T ) as E[λ_A] − E [ λ_A | | | λA > T ] P (λ_A > T ) and expanding the

second term in (31), the following is obtained,

b_A = β ( E[λ_A] − E [ λ_A | | | λA > T ] P (λ_A > T ) ) (32) + { E [ λ_A | | λA > T ] − T } P (λ_A > T ) . (32) can be written in terms of the error-free channel given in [10], and denoted in this section as b^{ef}_A .

b_A = (E[λ_A] − b^{ef}_A )β + b^{ef}_A . (33)

Employing the result in (33) and the result from [10] that b^{ef}_A + b^{ef}_B ≤ b^{ef}_{A∪B} + b^{ef}_{A∩B}, b_A + b_B = (E[λ_A] − b^{ef}_A )β + b^{ef}_A + (E[λ_B ] − b^{ef}_B )β + b^{ef}_B (34) = (E[λ_A] + E[λ_B])β + (1 − β)(b^{ef}_A + b^{ef}_B ) ≤ (E[λ_{{A∪B}}] + E[λ_{{A∩B}}])β + (1 − β)(b^{ef}_{{A∪B}} + b^{ef}_{{A∩B}}) = b_{{A∪B}} + b_{{A∩B}}, completing the proof of Lemma 8.1. 2

References

[1] N.D. Newman, R. Ganesh, K. Joseph, and D. Raychaudhuri. Packet CDMA Versus Dynamic TDMA for Multiple Access in an Integrated Voice/Data PCN. IEEE Journal on Selected Areas in Communications, 11(6):870–884, August 1993.

[2] D.J. Goodman, R.A. Valenzeula, et al. Packet Reservation Multiple Access for Local Wireless Communication. IEEE Transactions on Communications, 37(8):885–890, August 1989.

[3] G. Falk et al. Integration of Voice and Data in the Wideband Packet Satellite Network . IEEE Journal on Selected Areas in Communications, pages 1076–1083, 1983.

[4] D. Bantz and F. Baucho. Wireless LAN Design Alternatives. IEEE Network Magazine, 8(2):43– 45, March-April 1994.

[5] D. Raychaudhuri et al. WATMnet: A Prototype Wireless ATM System for Multimedia Personal Communications . IEEE Journal on Selected Areas in Communications, 15(1):83–95, 1997.

[6] S. Biswas, D. Reininger, and D. Raychaudhuri. User Parameter Control Based Bandwidth Allocation for VBR Video in Wireless ATM Links. In Proceedings of IEEE ICC’97, Phoenix, AZ, June 1997.

[7] B. Walke, D. Petras, et al. Wireless ATM: Air Interface and Network Protocols of the Mobile Broadband System. IEEE Personal Communication Magazine, 3, August 1996.

[8] G. Anastasi, D. Grillo, and L. Lenzini. An Access Protocol for Speech/Data/Video Integration in TDMA-Based Advanced Mobile Systems. IEEE Journal of Selected Areas in Communications, 15(1), January 1997.

[9] C. Chang, K. Chen, M. You, and J. Chang. Guaranteed Quality-of-Service Wireless Access to ATM Networks. IEEE Journal of Selected Areas in Communications, 15(1), January 1997.

[10] J. Capone and I. Stavrakakis. Achievable QoS and scheduling Policies in Integrated Services Wireless Networks. Performance Evaluation, 26 and 27(1), October 1996.

[11] J. Capone and I. Stavrakakis. Delivering Diverse Delay/Dropping QoS Requirements in a TDMA Environment. In Proceedings of ACM MobiCom, Budapest, Hungary, Sept. 1997.

[12] J. Capone and I. Stavrakakis. Determining the Call Admission Region for Real-Time Heterogeneous Applications in Wireless TDMA Networks. IEEE Network, 12(2), March/April 1998.

[13] J. Bibb Cain and D. McGregor. A Recommended Error Control Architecture for ATM Networks with Wireless Links. IEEE Journal of Selected Areas in Communications, 15(1), January 1997.

[14] Arne Brøndsted. An Introduction to Convex Polytopes. Springer-Verlag, 1983. [15] Y. Nakayama and S. Aikawa. Cell Discard and TDMA Synchronization Using FEC in Wireless ATM Systems. IEEE Journal of Selected Areas in Communications, 15(1), January 1997.

[16] D. Petras and A. Hettich. Performance Evaluation of a Logical Link Control Protocol for an ATM Air Interface. To appear in International Journal of Wireless Information Networks, 1997.

[17] G. Chen and I. Stavrakakis. ATM Traffic Management with Diversified Loss and Delay Requirements. In Proceedings of IEEE INFOCOM, San Francisco, CA, March 1996.

[18] Y. Jeon and I. Viniotis. Achievability of Combined GOS requirements in Broadband Networks.

In Proceedings of IEEE ICC, pages 192–196, 1993.