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Abstract

In an earlier paper [3] we proposed the im-
plementation of Loss Profiles (a new QoS mea-
sure for Mobile Computing) as a sub-layer at the
transport layer. In this paper we examine the pos-
sibility of implementing a limited form of Loss
Profiles at the link layer.

1 Introduction

In [3] we identified a new QOS parameter for
the mobile environment, called loss profiles, that
ensures graceful degradation of service (for appli-
cations that can tolerate loss) in situations where
user demands exceed the network’s capacity to
satisfy them. For example, consider a situation
where a mobile user, who has opened a data con-
nection with a bandwidth requirement of 32Kbps,
finds herself in a cell (in the course of roaming)
where the available bandwidth is only 24Kbps. It
is easy to see that such a situation can develop
quite easily because the mobile network can exer-
cise no control on the movement of users. There is
thus nothing to prevent several users with open
connections from congregating within the same
cell.

How can the network deal with such situa-
tions? Our proposal, discussed in our earlier pa-
per [3], is to implement a sub-layer, sitting on top
of UDP and CM (Continuous Media) protocols
that enables the sender to put flags within the
data stream. These flags delineate logical data
segments that can be discarded (by an interme-
diate node) in the event of a bandwidth crunch.
Thus, if the data stream consists of JPEG video,
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each data segment may represent one compressed
frame. If the data stream consists of MPEG
frames, a data segment may represent an I, B
or P frame (Index, Bi-directionally coded and
Predicted frames respectively). The logic behind
inserting such flags is that the mobile network
knows which parts of the data stream may be
discarded together. Thus, if the data stream con-
sists of compressed JPEG frames, it is not a good
idea to discard half of one compressed frame and
half of the next frame. This is because neither
frame can be reconstructed at the destination re-
sulting in two lost frames as opposed to only one
lost frame if data between two consecutive flags
was discarded instead.

Why do we insist on requiring the sender to
insert flags within the data stream (via calls to
the LPTSL — Loss Profile Transport Sub-Layer)?
Why not, instead, require the mobile user to
renegotiate the connection bandwidth with the
sender? The reasons for using our approach are:

o If the data being transmitted by the sender
is multicast to several receivers (mobile or
stationary), then it is inappropriate for the
sender to reduce the quality of the connec-
tion for all receivers just because one receiver
finds herself in a congested cell.

e Periods where a user finds herself in a con-
gested cell may only last a short time (if the
user is actively roaming, she will soon wan-
der out of the current congested cell). Thus,
renegotiating the connection bandwidth ev-
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ery few seconds (if the cell latency is 20-30
seconds, as in the case of a picocellular en-
vironment) may be expensive (protocol over-
head as well as application overhead).

2 Why a new proposal for loss profiles?

Our solution (of implementing LPTSL) works
well for most applications we have studied. How-
ever, the solution is tied-in quite closely with our
three-layer mobile network architecture. To sum-
marize, we consider our mobile network as being
made up of three layers — at the lowest layer are
the Mobile Hosts (MHs) who communicate with
Mobile Support Stations (MSSs) over the wireless
link. The MSSs are simple devices that operate
at the data link and network layer only. Sev-
eral MSSs are controlled by a gateway machine
called the Supervisor Host (SH). The SH provides
connectivity to the Internet (or other wired net-
works). All data connections between a MH and
other hosts are split in two — one from the MH
to the SH and another from the SH to the other
connection endpoint. The reason for doing this
is to ensure efficient implementation of transport
protocols and to shield the fixed network from
the idiosyncrasies of the mobile network. A com-
plete protocol stack specification for the mobile
network may be found in [2]. Observe that imple-
mentations such as I-TCP[1] and MTCP[4] also
split the TCP connection in two. But do so at ei-
ther the MSS or at some node ‘close’ to the MH.
Our architecture generalizes this idea and enables
the SH to exercise greater control on how data is
transmitted to the MH. For example, if a MH
has several open data connections, the SH can
intelligently multiplex data for the various open
connections to meet the negotiated QoS parame-
ters for each connection. As the MH moves from
cell to cell, the SH can keep track of losses seen,
jitter experienced, etc. for all the MH’s connec-
tions and ensure the the QoS parameters are met
over the entire lifetime of the MH’s connections.

While we believe that our architecture is very
well suited for implementing mobile networks of
the future, we do have to be realistic and assume

that not all deployments of such networks will fol-
low our specification! For that reason, we propose
a version of loss profiles that can be implemented
by the base stations (MSSs in our architecture)
and, perhaps, by an ad hoc node ‘close’ to the
MH.

3 Loss Profiles at the MSS

The central idea is to require, as in [3], that
the sender insert flags within the data stream to
delineate logical data segments. However, these
flags are not interpreted by the MSS. Rather, the
LPTSL layer at the MH keeps track of losses and
requests retransmissions of partial data segments
from the MSS since part of a data segment may
have been discarded by the MSS prior to trans-
mission or because that part of the data segment
may have beed transmitted while the MH was in
a fade. Note that the MH may have to sacrifice
some other portion of its data stream in order to
receive the retransmission. To explain this ap-
proach better, let us define the function of each
component involved in the data transfer.

e The sender applications makes calls to
LPTSL, rather than to the transport layer
protocol such as UDP, whenever it needs to
write data to a connection. Each call rep-
resents one logical data segment. LPTSL at
the sender inserts flags into the data stream
being transmitted. These flags may contain
information such as priority of the segment
(e.g., I frames in MPEG are very important
because losing one will cause 12 consecutive
frames to be lost) and other information.

e The data stream is transmitted to the MSS
(Mobile IP or some other protocol ensures

that the data stream arrives at the correct
MSS).

e The MSS has allocated some bandwidth to
the MH. Let us assume that the bandwidth
allocated is B, while the bandwidth re-
quested is B,. If B, < B,, unless the MH
goes into a fade, it is unlikely that any data
will be lost. On the other hand, if B, > B,,
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(B, — B,) bytes/sec of the data stream will
have to be discarded prior to transmission to
the MH. Let us consider two models of the
MSS:

— A dumb MSS: The MSS maintains a
byte-oriented FIFO buffer for the MH’s
connection. When the buffer overflows
(this happens if B, > B, or if B, = B,
but the MH requested a retransmission
of some bytes lost during a fade), new
data is discarded.

— A smart MSS: The MSS is aware of
B, and B,. It discards data from the
connection using some pre-defined al-
gorithm. For instance, the algorithm
may require that the MSS discard (B, —
B,)T bytes of data from the end of the
FIFO buffer every T seconds. Or, an-
other algorithm may be to discard this
amount of data randomly uniformly.
The policy used is in no way connected
to the requirements of the data connec-
tion itself, however. For example, for
an audio connection, a random uniform
loss would be preferred, by the user, to
a clustered loss at the end of every T
seconds. While the latter may be ap-
propriate for a video connection (see the
user studies reported in [3]). However,
we assume that the MSS does not know
about the application and implements a,
loss function built into its design by the
manufacturer.

e The LPTSL at the MH makes no assump-

tions about the MSS itself(smart or dumb)
and instead keeps track of the losses as they
occur in the data stream. We assume that
the data stream is treated as a byte stream
and each flag (that precedes a segment) con-
tains the starting and ending byte number
of data in that segment. This information is
sufficient to determine which segments have
suffered partial data loss.

Assume that the application running at the
MH has a predefined acceptable loss profile
specified as a library function.

— In [3] we propose that loss profiles, such
as uniform loss, clustered loss, etc., be
parameterized as function calls. A sim-
ple example is a function that imple-
ments uniform loss. This function takes
as input the bandwidth, percentage of
loss desired and a time interval over
which this loss must be enforced (giv-
ing a time interval of, say, 2 seconds,
ensures that the appropriate loss per-
centage is achieved every 2 seconds)
and outputs an acceptable loss behavior
(e.g., bytes 200-400, bytes 1000-1300,
bytes 3000-3100 may be lost if neces-
sary).

LPTSL examines the output of this function
and may, if necessary, request retransmis-
sion of some bytes from the MSS in order
to match the loss profile.

— A more complex strategy may be the
following. If the data stream is CBR,
LPTSL at the MH can easily predict the
future composition of the byte stream
for some applications and deliberately
sacrifice some portions of this stream by
sending control messages to the MSS to
discard portions of its buffer. This en-
sures that other portions of the buffer
are not discarded by the MSS. This last
proposal may or may not be feasible de-
pending on the complexity of the MSS
and the existence of a protocol between
MHs and the MSS that allows the MHs
to control the buffer of the MSS.

Thus, LPTSL at the MH ensures that the
loss profile achieved matches the applica-
tion’s needs (and does so without interven-
tion from the SH, as in our earlier paper).
The request for retransmission is transmitted
over the wireless link and consumes scarce
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bandwidth but, we believe, it is small enough
to be justified.

4 Conclusions

We have proposed an alternative approach to
implementing Loss Profiles in mobile networks.
This new proposal does not depend on a three-
layer mobile network hierarchy. This will ensure
that Loss Profiles can be implemented in most
mobile networks of the future.
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