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A Case for Delay-based Flow Control
in CDMA 2.5G Networks

Ranjith S. Jayaram, Injong Rhee

Abstract— This paper presents an early experience with
a CDMA 2.5G wireless network commercially deployed in
South Korea. It finds that there are high signal losses and la-
tency commonly present in packet delivery causing TCP to
under-utilize the available network bandwidth significantly.
In this environment, there is inherent limitation in using
packet losses as congestion indicators because of lack of cor-
relation between congestion and packet losses. To remedy
this problem, a new flow control protocol that uses delay hys-
teresis as a congestion indicator is presented. The protocol
actively manages delays to keep them within a certain bound
by throttling its transmission rate when network delays tend
to increase and also probing for more bandwidth when net-
work delays tend to decrease. A variant of the protocol is
currently incorporated in a cellular-phone based video-on-
demand system as the main transport protocol for video file
download and also for streaming. Our experiment results
suggest that the protocol achieves higher and more consis-
tent throughput than TCP, and exhibits some degree of fair-
ness to its own flows and TCP.

I. INTRODUCTION

Next generation wireless networks are being deployed
in many parts of world. Asia, especially South Korea, has
taken the lead in deploying CDMA 1XRTT 2.5G networks
(144kbps) from year 2000 and now moving into CDMA
EV-DO (2Mbps) and WCDMA as Europe deploys GPRS
networks. The US carriers are also following the suit.
These networks will move voice-centric networks to data
packet-switched networks.

Cell-phones and PDAs are now beyond social status
symbols and became the necessity. For instance, South
Korea (with the total population of 50 million) hosting 28-
30 million cell phone users are now touting more than 10%
of their subscribers being daily users of wireless data net-
works. Spurred by ubiquity and high availability of the
CDMA networks, high popularity of color handsets, and
wide use of Internet, their consumers enjoy a variety of
data applications ranging from ring tone downloads to mu-
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sic and video downloads and streaming. Many new appli-
cations such as mobile lottery, karaoke, and video games
are daily introduced. This fast consumer adoption of wire-
less data applications has created a new fertile revenue
source for carriers over the already saturated voice market.
While this motivates more investment into network infras-
tructures, development of enhanced data transport proto-
cols as a more cost-effective solution invites attention from
research community.

TCP is the most popular transport protocol used by
(wireless) application developers. However, the perfor-
mance of TCP does not catch up to the speed of infras-
tructure. This is a well-known problem, namely TCP’s
misinterpretation of packet losses as congestion signal [1],
[11], [10], [2]. Errors on wireless links tend to be frequent
and occur due to a variety of reasons including not only
congestion, but also path loss, fading, and interference. In
this environment, TCP tends to under-utilize the network
bandwidth since losses may trigger spurious timeouts and
unnecessary rate reduction in TCP. Furthermore, network
delays and jitters are significantly increased as the wireless
networks employ a very large buffer. Buffers may cause
delay when channel conditions deteriorate to cause more
link-level retransmission or when competing flows in the
same cell may take away allocated channels from a flow.
High RTT delays have known to create long and wrong
timeouts for TCP [9].

In a CDMA network commercially deployed, we com-
monly observe 3-5% random packet losses and also fre-
quently over 7-10% losses. The typical round-trip delays
observed are in the range of 500ms to 800ms. However,
delays as high as 3 to 15 seconds are not uncommon. TCP
running in this environment has a very limited, erratic
throughput ranging from 0kbps to 80kbps, which forces
many TCP applications running on handsets frequently to
suffer from loss of connections and services.

Among motivation to study a different protocol than
TCP is the real-time requirement of some applications
such as video streaming that cannot be met using the cur-
rently available transport protocols. As it is obviously
true for video conferencing applications or online game
applications, even less time-constraint applications such
as video-on-demand applications require lower delays and
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delay jitters because of lack of buffer space in cellular
phones. Thus, although these applications can adapt to
bandwidth variations by some simple media scaling tech-
niques, high delay jitters in the range of 10 seconds result
in frequent play stalls or buffering.

In this paper, a new flow control protocol is proposed
that can give a reasonably high performance in this ex-
tremely “hazardous” environment. The protocol uses a
mechanism called delay hysteresis to detect congestion
which helps discerning congestion using delay samples at
the presence of noise in the samples. This technique al-
lows the protocol to control its transmission rate at the
decrease and increase of network delays. By managing
the delays directly, it keeps the system within a safe re-
gion of network delays, preventing network thrashing. Our
experiment shows that the protocol achieves higher and
more predictable throughput than TCP while still exhibit-
ing some degree of fairness to TCP. We incorporated the
protocol in a commercially available wireless VOD sys-
tem. The network infrastructure where we base our work is
a CDMA 1xRTT network commercially deployed in South
Korea. Since it is one type of such systems and different
vendors may provide different implementations and differ-
ent standards, our observation may not be of representation
for all CDMA networks. Our work can be viewed as a pre-
liminary study of an early system of 2.5G networks in its
evolutionary path to high speed reliable wireless networks.

II. RELATION WORK

There has been much work in improving TCP perfor-
mance in wireless cellular networks. Most work focuses
either on adding link-level or router mechanisms to re-
duce packet losses at wireless RF ends through retrans-
mission or forward error correction [1], [2], [11], or mod-
ifying TCP to improve its reaction to packet losses [5],
[7]. Some work related to handling high rate and delay
variations in the wireless networks also proposes router
or transport level additions and modifications to ease ack
compression caused by the variations [4], [6]. However,
most of the proposed techniques require changes in infras-
tructure (i.e., changes in link level or routers)– not so cost
effective, or present some deployment problem as they re-
quire changes in both TCP sender and receiver. Not much
work has been done in proposing a new flow control that
handles delay variations and achieves high performance
without changes in infrastructure or deployment problems.
Delays have been used as congestion control [3], [13], [8].
However, these are proposed for the environments where
losses are still primary congestion indicators or for more
deterministic network environments.

III. EXPERIMENTAL SETUP

We omit the description of CDMA 2.5G architecture for
lack of space.

To minimize chances of packet losses in the wired net-
works, we run a server at an ISP’s Internet Data Center
(IDC) which is a managed network by an ISP with 45Mbps
to 144Mbps connections to other ISPs including the wire-
less carrier’s networks. The server runs on Microsoft Win-
dows 2000 Server while the clients embedded in a cellular
phone running BREW version 1.1 which is Qualcomm’s
run time environment for wireless applications. During the
experiment, all cellular phones are stationary in a location
that is not so busy while providing consistent connectivity
to wireless networks throughout day. The server transmits
dummy data to the client through TCP or UDP sockets on
top of PPP connections. When sending UDP packets, each
packet contains a unique sequence number with a times-
tamp. When receiving a UDP packet, the client sends back
acknowledgment containing the sequence number. The
server computes the round trip time from the timestamp
of the packet and its acknowledgement and records the
RTT. In our experiment, we choose 512 bytes as the packet
size for UDP. The size of acknowledgment (payload) is 12
bytes containing the sequence number of the packet it ac-
knowledges and other book-keeping information.

IV. NETWORK CHARACTERISTICS

In this section, we present the packet losses and delay
characteristics of the network we study.

0 100 200 300 400 500 600 700 800 900 1000
−200

0

200

400

600

800

1000

1200

1400
CBR Transmission @ 30kbps

Sequence Number

R
T

T
 (

m
s)

Fig. 1. Round-trip delays of UDP packets transmitted at a con-
stant bit rate of 30kbps

Figures 1 and 2 show the observed round-trip times over
transmitted UDP packets (shown in packet sequence num-
ber) with fixed sending rates of 30kbps and 60kbps respec-
tively. The packets with zero RTTs are lost packets. In
this experiment, we observe that the network conditions
are good and the RTTs are between 500-800ms most of
the time. Such high RTTs arise primarily due to the high
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Fig. 2. Round-trip delays of UDP packets transmitted at a con-
stant bit rate of 60kbps

propagation latency of wireless links. However, even un-
der good conditions, the loss rate of around 3-5% is com-
mon which is still very high compared to that of wired net-
works. The losses are highly unpredictable and random;
we did not observe much correlation between losses and
delays. Similar loss and delay patterns were also observed
for lower sending rates. It is hard to distinguish which
packet losses are attributed to congestion. Since these ran-
dom losses were present in most of our experiments, we
conjecture these losses are likely due to signal degradation
rather than congestion.
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Fig. 3. Round-trip delays of UDP packets transmitted at a con-
stant bit rate of 80kbps

We observe that the sending rate increases result in a
dramatic increase in the loss rates and end-to-end delays.
Figure 3 shows the results for a run with a constant send-
ing rate of 80kbps. We find that the RTTs are above 1
second most of the time. The packet loss rate increases
beyond 10% with longer and more frequent burst losses.
These losses are likely due to congestion as we observe
these loss rates and high latency under high transmission
rates. However, again it is hard to distinguish which losses
are attributed to congestion.

Sending at a low constant rate (e.g., well below 80kbps)
does not necessarily guarantee the lower delays and loss
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Fig. 4. Round-trip delays of UDP packets transmitted at a con-
stant bit rate of 50kbps

rates. Figure 4 shows the case where even if the sending
rate is set to 50Kbps, the RTTs increase continually up to
17 seconds and then the network finally thrashes with more
than 100 packets being lost in a row. The network delays
are affected by a number of things including the channel
conditions and channel scheduling. For instance, when
channel conditions are bad, the link layer retransmission
will cause delays as more packets are kept in the buffer
longer. When there are more users in a cell, channels al-
located to one flow can be moved to others. The chan-
nel allocation algorithm is proprietary and varies from one
vendor to another. When a channel is de-allocated from
a handset, the handset’s bandwidth decreases accordingly
which causes high delays for the data in transit. When
the delays are not actively managed by the transmission
source, the delays can shoot up to the point where network
thrashing occurs. Flow control must be able to detect this
type of congestion early enough to avoid network thrash-
ing by reducing transmission rates.

V. DELAY BASED PROTOCOL (DBP)

A. Protocol sketch

Instead of using packet loss as congestion indication, we
use the round-trip time as an indication of network conges-
tion. We call this protocol Delay Based Protocol (DBP).
In the protocol, the sender measures RTTs by taking an
exponentially weighted sample of RTTs (similar to TCP’s
RTT estimation). When it finds that the round-trip delays
are increasing beyond a certain limit, it invokes the rate de-
crease. The sender responds by cutting down its sending
rate and this results in a lowering of the RTTs. At first we
experimented with a single RTT threshold, i.e., whenever
the RTT falls below beyond this threshold, the rate grows,
and when the RTT increases beyond the threshold, the rate
shrinks. This rudimentary scheme results in high rate os-
cillations because of its sensitivity to noise in delay es-
timation and thus the network makes rapid back and forth
transitions between the regions that lie on either side of the
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threshold. To overcome the oscillatory behavior, we intro-
duce the notion of delay hysteresis. Hysteresis is a com-
mon phenomenon in physical systems and it represents the
history dependence of physical systems. The term is most
commonly applied to magnetic systems and is the operat-
ing principle behind magnetic tape storage - because the
magnetization lags behind the field from the tape head,
when the field drops to zero, the tape stays magnetized,
thereby storing data.

R1

R2

increase

descrease

Fig. 5. Delay hysteresis loop

Hysteresis loops happen when a system is repeatedly
wiggled back and forth between “safe” and “unsafe” re-
gions of RTTs. Figure 5 shows the delay hysteresis loop
we use to dampen its sensitivity to noise in sampled delay
estimation. The idea is to introduce a buffer between the
safe and unsafe regions in order to absorb the noise sig-
nals that might occur during transitions between the two.
This buffer region helps avoiding high rate oscillations.
When the RTT is in the region to the left of R1, DBP’s
response is to increase its rate and when the RTT is in the
region to the right of R2, DBP responds by reducing its
rate. Finally, when the RTT is in the hysteresis region be-
tween R1 and R2, DBP’s response depends on the history
of the network. If the current RTT was reached in the pro-
cess of a rate increase, DBP increases the rate further. If
the current RTT was reached in the process of a rate de-
crease, DBP decreases the rate further. The response sig-
nal (rate increase) lags behind the congestion signal (the
round-trip time) when approaching from the direction of
R2 and hence we say that the loop exhibits hysteresis. For
our implementation we have used fixed values for R1 and
R2, with R1 =800ms and R2 = 1200 ms.

Each rate adjustment happens only at one RTT period
after the previous adjustment. The amount of increase and
decrease in the rate adjustment is determined by the history
of rate fluctuation. We use the rate smoothing similar to
the one used in TEAR protocol [12]. The details of this
smoothing is omitted for lack of space.

We note that the current scheme does not yield enough
flexibility to seamlessly migrate between various networks
which have different delay characteristics. The packet la-
tency on wireless networks depends on a whole range of
factors ranging from link-level retransmission mechanisms

to transport-level data interleaving. Thus it can be ex-
pected to vary widely between different networks. Mod-
ifying the DBP scheme to adapt to varying network con-
ditions and heterogeneous networks and have dynamically
varying hysteresis thresholds is work for the future.

B. Performance Evaluation

We implemented DBP on top of reliable UDP which is
implemented using a form of selective acknowledgment.
The receiver tells the sender of missing packets, and the
sender retransmits the lost packets until the receiver ac-
knowledges the reception of the lost packets. We don’t
give much detail on this functionality due to space.

We compare the performance of DBP and TCP since
TCP is the most common protocol used in wireless ap-
plications (surprisingly even in streaming application be-
cause of its convenience and reliability) and DBP can be
used for many applications including file transfer as well
as streaming. All the measurements below are taken at the
receiver (i.e., client).
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Fig. 6. The instantaneous and aggregate rate fluctuations of
DBP

Short-term characteristics: We first observe whether
DBP does not overrun the system so that it operates within
a bound of oscillation. Figure 6 shows the instantaneous
and aggregate rate variations of a single DBP flow. DBP
keeps increasing its sending rate until the measured round-
trip times exceed the threshold R2. Thereafter, it decreases
its rate to bring the network back into the safe region be-
low the threshold R1 and then it starts probing for band-
width again by increasing the rate gradually. The process
keeps repeating and results in a number of triangular re-
gions formed by successive increase and decrease runs.
This property allows DBP to contain the delays within a
certain bound by actively managing the delays through rate
adjustment at the increase or decrease of delays. Although
not shown in the figure, our measurement indicated that
DBP contains the delays well within the bounds of R1 and
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R2. The average throughput DBP reaches is about 40kbps.
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Fig. 7. The instantaneous and aggregate rate fluctuations of
TCP

In comparison with DBP, Figure 7 shows the receiving
rates of one TCP flow from the server to the client. It
shows both instantaneous and aggregate rates (arithmetic
mean over the transmission period). As expected, TCP’s
instantaneous rates fluctuate quite severely over the wide
operating rates between zero and 80kbps. It shows high
sensitivity of TCP to packet losses in the network. The av-
erage throughput reached by TCP is about 30kbps. There
is no way to ascertain whether this is the actual available
bandwidth, but it is highly likely that because of the prob-
lems discussed before, TCP ends up under-utilizing the
network.
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Fig. 8. Two flows of DBP competing

Fairness and TCP-friendliness: We find out how DBA
flows compete with each other. Figure 8 shows the instan-
taneous rate variations of 2 DBP flows running together
and sharing the network. The rate variations of both the
flows are similar and consist of a sequence of triangular
regions. The aggregate throughput obtained by the flows
is just over 20kbps, which can be considered to be the fair-
share because a single DBP flow running alone achieves a
maximum throughput of 40kbps.

It is also important that DBP does not starve TCP flows
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Fig. 9. One TCP and DBP flows competing

when competing against TCP although DBP achieves
higher throughput. Figures 9 shows the instantaneous rate
variations of one DBP flow and one TCP flow running
together. The variations in TCPs rate are drastic, some-
times the rate shoots up to 100kbps and many times it
falls to zero. Most of the time, however, the rate falls be-
low 20kbps and the throughput achieved by TCP is about
16kbps. Note that TCP’s rate is around half of the single
flow experiment. This suggests that DBP does not neces-
sarily take away the bandwidth of TCP, but rather use the
bandwidth left unused by TCP. More tests, however, are
required to confirm this behavior. Although this is much
lower than the 25kbps that DBP is able to get from the net-
work, it is important to note that DBP does not drive TCP
to ground and is still able to share the bandwidth. This
sharing is due to the correlation between losses and delays
when the network is congested as observed earlier with
UDP experiment.
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Fig. 10. Bluk transfer of 20KB file using TCP and DBP taken
at different times of day from 10AM (left) to 8PM (right)

Bulk transfer: We compare the throughputs achieved by
TCP and DBP protocols and their consistency with which
they achieve their respective throughputs. Figures 10 and
11 show the transfer time samples of files sized 20KB and
100KB, respectively. The tests are taken at regular inter-
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Fig. 11. Bluk transfer of 100KB file using TCP and DBP taken
at different times of day from 10AM (left) to 8PM (right)

vals from 10AM (leftmost) to 8PM (rightmost). Each TCP
transmission test is immediately followed by a DBP test
so that TCP and DBP can run under a reasonably similar
network condition.

At 20KB, TCP’s throughput is comparable with that
of DBP. When the network conditions are good, TCP is
sometimes superior because of its more aggressive band-
width probing. But even for short transfers TCP cannot be
trusted to provide this performance consistently. There are
cases of severe degradation in transfers throughput - these
can be seen as spikes in Figure 10. For 100KB transfer, the
performance difference between DBP and TCP becomes
wider. TCP’s throughput often goes below 15kbps as the
transfer size increases. Although DBP is not immune from
such performance degradations either, it is more consis-
tent and predictable than TCP in achieving higher through-
puts under varying network conditions and during different
times of the day.

VI. CONCLUSION

Wireless networks have different characteristics from
the wired Internet and provide different challenges. One
of the main problems protocols face on wireless networks
is the inability to distinguish packet losses caused by lossy
wireless links from those caused by network congestion.
This severely degrades the performance of protocols like
TCP. We described how a delay based protocol that uses
round-trip delays instead of packet losses as an indication
of congestion can be adopted in wireless networks. We
presented and analyzed our preliminary results from run-
ning DBP over commercially deployed wireless networks
in South Korea. We showed that DBP achieves superior
throughput compared to TCP. It also exhibits lower fluc-
tuations in its sending rate and its behavior is more pre-
dictable than TCP. DBP is friendly to TCP over wireless
networks in that it does not drive TCP to starvation. Fi-

nally we presented our results comparing the throughputs
for bulk transfer achieved by TCP and a reliable protocol
we implemented over DBP. Much work needs to be done to
improve the performance of DBP over wireless networks.
Modifying the simple hysteresis based approach of react-
ing to congestion to a more generic delay-gradient as in [8]
based approach is worth considering.
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