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The 1-Byte Wireless QoS Solution

Abstract
For bursty traffic with a large peak-to-average ratio and a stochastic channel, is it
possible to minimize the response time of every frame while maximizing the effective
channel utilization and maintain fairness? This is the question fee resolve in this paper.

In wireless networks with a single shared channel, channel access is a core issue for
flows with throughput and timeliness requirements on the uplink. This paper presents a
detailed MPEG-4 packet-level simulation comparing two Medium Access Control
(MAC) architectures and four scheduling strategies that cover a range of classes:
Dynamic-TDMA, Proportional Share Algorithms, Real-Time Scheduling Algorithms,
and Size-based Scheduling Algorithms.

Our results demonstrate that only a single byte is necessary for Quality of Service (QoS)
support in infrastructure-based wireless networks. Our adaptation of the Shortest
Remaining Processing Time (SRPT) algorithm, Fair-SRPT, is a superior scheduling
algorithm and outperforms other algorithms in terms of QoS performance, channel
utilization efficiency and response time under all utilization levels and error rates. In
addition, a MAC protocol based on dynamic superframes and group polling scales well
with higher data rates and under all error rates. An attractive feature of the proposed
approach is that it can be implemented with no modifications to the IEEE 802.11e
standard. We have extended the ns-2 network simulator to model centralized wireless
MAC protocols (e.g. IEEE 802.11e and high-rate 802.15.3), and a modular framework
to plug-in scheduling algorithms.

Keywords: Scheduling algorithms, wireless MAC, QoS, link layer protocols, MPEG-4.
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1. Introduction

The wireless link is considered a bottlenecked resource due to the relative low datarate
capability and difficulty in effectively allocating the shared resource to provide service
guarantees [1]. In networks with a shared channel, link access is a core issue for flows
with QoS (throughput and timeliness) requirements on the uplink. Whether the wireless
link is at the edge of the network or between multiple hops in an ad hoc network, the
common resource allocation challenges are due to the stochastic nature of the channel,
the network being interference dominated and the bursty nature of multimedia traffic.
QoS is defined as the ability of the system to maintain timeliness guarantees for frames
delivered over a shared link.

The goal of this paper is to outline and evaluate a simple and efficient scheme to deliver
timeliness guarantees for MPEG-4 multimedia traffic in a wireless network with a
centralized medium access controller (MAC)° The centralized controller or access point
(AP) enjoys privileged access to the channel and is responsible for allocating medium
access opportunities to every associated node. The scheduling algorithm within the AP
arbitrates which node accesses the medium when, for how long and on which
logical/physical channels. We aim to maximize the user perceived quality of service by
minimizing the response time for delivering frames across a wireless link. The focus is
on the particular cases of frames sent from a node to its associated AP and from one
node directly to another and not via the commonly associated AP. We identify the first
case as an uplink frame delivery and the latter as a peer-to-peer frame exchange.

-" ,, ,, Node 4
Node 1

/, ",,

(~Peer-to-peer’
lin~("),.

Node 2 Node 3

-~ Data transmission

---~ Channel access grant

Figure 1. Centrally controlled LAN/PAN topology illustrating uplink and peer-to-peer communication

This paper is organized as follows: In order to analyze the performance of our proposed
wireless link-scheduling algorithm we state the thndamental problem in the next section
followed by the solution approach and key contributions. Sections 4 through 7 provide
an overview of standardized MACs, scheduling algorithm classes and application traffic
categories. We outline our proposed scheduling scheme, Fair-SRPT, which is a
modification to the Shortest Remaining Processing Time algorithm. Following this,
sections 8 through 10 describe detailed packet-level simulations to analyze the
performance and level of QoS delivered by Fair-SRPT and present key observations and
analysis.
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2. Problem Statement

Given bursty traffic with a large peak-to-average ratio and a stochastic channel, the goal
is to minimize the response time of frame delivery while maximizing the effective
channel utilization. A secondary goal is to maintain fairness across all flows being
serviced. Both these goals should be met for all loads and under a practical range of bit
error rates.

Our focus is on QoS support for MPEG-4 traffic over wireless links. MPEG-4 provides
efficient video coding from very low bit rates of cellular communications to bit rates and
quality levels beyond high definition television (HDTV). Efficiently servicing MPEG-4
multimedia streams is hard due to the large peak-to-average ratio of the frame sizes that
must be delivered across the network link. Furthermore, our aim is to support real-time
multimedia applications such as teleconferencing, high rate interactive gaming, and
digital television. This exacerbates the link resource allocation problem as we do not
have the privilege of a large delay buffer since the source generates data at runtime and
is not from a common stored video server. Each frame therefore has a deadline specified
at the time of encoding and must be delivered to the receiver for decoding before that
time. We also consider cases where this constraint may be relaxed.
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Figure 2. Example frame size distributions of actual MPEG-4 movie traces. Source [2].
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The peak-to-average ratio of MPEG-4 frames can range from 3 to around 20 depending
on the quality of encoding, the activity (in terms of rate of change of brightness) and the
frame rate. In [2], Fitzek and Reisslein provide a good source of MPEG-4 traces and
their statistics. We observe that for the same scene, different quality encoding produce
dissimilar frame size distribution envelopes. Also, scenes of different movies with the
same mean could have distinct variances and mean bit rates. Depending on the similarity
of frame size envelope statistics, flows may be considered homogenous or
heterogeneous. In section 7 we provide a more detailed overview of MPEG-4 traffic
characteristics.

In principle, there are two approaches to reduce the variability of a flow: temporal
averaging or smoothing on a stream-by-stream basis and spatial averaging or
aggregation by means of statistical multiplexing of flows. While for real-time video, we
cannot use a work-ahead approach by sending frames well ahead of their playback time;
a delay buffer may be used for delivery of stored video. The work-ahead approach often
requires knowledge of the end-to-end network delay to avoid buffer overflow/undertow
at the client side. This requirement, in practice, is hard to meet for high datarate
applications, as there may be several links out of the control of a single entity. Thus,
statistical multiplexing of flows at run-time is the variability reduction method for which
we optimize the effective link utilization. Effective link utilization or bandwidth gain
may be understood as the difference between the peak rates of the individual streams
and the allocated bandwidth.

Krunz and Tripathi [3] derive expressions for the optimal bandwidth gain for statistically
multiplexed homogenous MPEG flows by arranging the starting times of delivery. This
however requires application level information that is not easily accessible at the link
layer. We assume no application level knowledge besides the average datarate
requirement.

The wireless channel capacity is time variant due to fading, multipath and interference.
Various techniques such as error detection, error correction, source coding, equalization,
and robust modulation are among many used to alleviate the temporal channel variations
at Physical layer (PHY). We consider the channel to be in a state of outage if after
application of all the physical layer error resilience techniques the packet arrives at the
link layer with at least a single bit error. Therefore the bit error rate observed in our
simulations is at the link layer and must be resolved by the MAC.

By service fairness, we mean that the flow must have available to it at least the
proportion of the channel promised to it at admission time or a guaranteed reservation in
terms of an absolute minimum average datarate. We can alternatively state that the
average idle capacity of the channel must be fairly distributed among overloaded flows
in the ratio of their resource reservations. This goal may be verified by observing that
the waiting time of all frames is the same for homogenous flows with different means.
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3. Solution Approach

Our solution is simple and can be divided into two steps:

Phase h Idle Capacity Reclamation
At periodic intervals the AP is informed of the instantaneous throughput required by the
active flows to meet their current deadlines. Using this information we partition the
flows into two categories: under-loaded flows for those whose instantaneous throughput
are below or equal to their reserved share and overloaded flows for the remaining flows.
Figure 3 provides an illustration of an actual MPEG-4 flow that oscillates around its
mean resource requirement in intervals of overload and under-load. We point out here
that the total idle capacity of the link is the sum of the unreserved capacity and idle
capacity derived from under-loaded flows.

8000
: ~’ Overload

6O00

Average ,

Underutilized

O
O 100(30 20000 30000 40000 50000 60000 70000 800(K)

-frame ]ndex
Figure 3: Instantaneous datarate required by and MPEG-4 flow varies over time

Phase Ih Idle Capacity Allocation
We allocate the service time required to the under-loaded flows and compute the
residual idle time till the next resource assignment instance. The overloaded flows are
sorted in the ascending order of their overload. The residual idle time is divvied up by
satisfying the least overloaded flow first.

In figure 4, we illustrate the idle capacity allocation between two flows whose average
channel utilization requires the full link capacity. We note here that the idle capacity
reclaimed from under-loaded flows is a significant proportion of the total idle capacity.
It is later demonstrated that the significant gain in channel utilization efficiency is
essentially due to servicing overloaded flows in the ascending order of the magnitude of
their overload. We, therefore attempt to maximize the number of fully satisfied flows

rather than ensure service to all overloaded flows. It is due to this efficient reclamation
of instantaneous idle capacity we are able to deliver tight timeliness guarantees.

For flows with the same variance and envelope characteristics, such a strategy of
resource allocation favors flows with smaller mean datarates and penalizes flows with

higher mean datarates, There is, therefore, a need to normalize the channel capacity
required by each overloaded flow by its average datarate. We show that such a
scheduling algorithm not only minimizes the response time of every frame but also is
fair.
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Figure 4: Idle capacity allocation from an under-loaded flow to an overloaded flow

Summary of contributions:
1. The effect of queue state information on uplink and peer-to-peer scheduling is

illustrated.
2. We present a performance analysis of Fair-SRPT for MPEG-4 traffic over all link

utilization levels and a comparison with real-time and proportional share algorithms.
3. The effectiveness of Fair-SRPT over other scheduling algorithms for error prone

wireless channels is demonstrated.
4. The fairness of Fair-SRPT over SRPT for a mix of MPEG-4 and constant bit rate

flows with different means is confirmed.
5. We show that scheduling algorithms that are not deadline aware outperform real-time

scheduling algorithms for QoS support in realistic wireless scenarios.
6. The effect of super frame sizes and the advantage of dynamically sized superframes

for MPEG-4 traffic are illustrated.
7. We present complete and open-source as2 (network simulator V2.0) simulation

models for IEEE 802.1 le HCF and IEEE high datarate 802.15.3 MAC.

Summary of results (in terms of mean deadline miss rate):
1. We show that the QoS delivered for uplink flows can be improved by a factor of 5-20

on an average (between 40-100% link utilization) by using a single byte with queue
state information.

2. Fair-SRPT based scheduling outperforms proportional share resource allocation and
CBS (a generalization of EDF) by 150-350% (for link utilizations between 40-100%)
under similar assumptions and identical error-free conditions.

3. Fair-SRPT based scheduling outperforms proportional share resource allocation and
CBS consistently by 200% for packet error rates between 1% and 8% (for link
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o

utilizations between 75-100%) under similar assumptions and identical error free
conditions.
Fair-SRPT fairly allocates resources under all utilization levels for flows with
different mean datarates.
The complexity of Fair-SRPT is similar to that of proportional share resource
allocation and CBS. Fair-SRPT does not require additional CPU processing or
network assistance.

4. Background

This and the next section provide an overview of the three key components for a
wireless system with QoS support. The MAC layer provides mechanisms and hooks for
channel access. For application traffic and users with a range of throughput and
timeliness requirements, packet-scheduling algorithms use the mechanisms provided by
the MAC to deliver frames within their QoS constraints.

4.1 The Medium Access Control Layer

The MAC is the lower half of the link layer and interfaces with the physical layer. It is
responsible for reliable packet delivery across the link by means of acquiring exclusive
access to the shared channel. Channel access is performed by two general mechanisms: a
contention mechanism and a contention free mechanism. In the former, all nodes are
peers; they monitor the channel and make an attempt to transmit a packet. If the packet
is not successfully delivered (packet loss is detected by a acknowledgement timeout),
then the sender may retry at later time determined by a congestion control algorithm. In
the contention free mode, a node is designated as the polling coordinator or AP and polls
clients to give them a channel access grant. Current standardized LAN MACs support
both modes of channel access for ad hoc and infrastructure-based networks. Packet
transmission and reception is made reliable by supporting packet fragmentation, error
detection and correction, and retransmission of dropped packets.

4.2 Traffic Types and Notation

Multimedia application bandwidth requirements range from G.729 8Kbps speech codec
and H.263 64Kbps video codec to 19.2 Mbps MPEG2, P, 4:2:0 (US - standard) based
videoconferencing and 63Mbps SXGA 3D computer games [4]. Applications may also
have periodic traffic for real-time applications, aperiodic traffic for web browsing
clients, aperiodic traffic with maximum response times for interactive devices like the
mouse and keyboard, and non-real time traffic for file transfers. Thus we see that the
range of bandwidth and timeliness requirements for multimedia applications is large and
diverse.

In order to systematically describe application requirements and analyze their
performance under normal (channel utilization < maximum utilization bound, low BER
and multi-path fading) and overloaded channel conditions, we characterize traffic based
on its timeliness and loss tolerance constraints, and on traffic attributes in terms of
arrival rate and frame size distribution.
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