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ABSTRACT
As the network speed grows, inter-layer coordination be-
comes more important. This paper shows 3 inter-layer coor-
dination methods; (1) “Comet-TCP”; cooperation of data-
link layer and transport layer using hardware, (2) “Trans-
mission Rate Controlled TCP (TRC-TCP)”; cooperation of
data-link layer and transport layer using software, and (3)
“Dulling Edges of Cooperative Parallel streams (DECP)”;
cooperation of transport layer and application layer. We
show the experimental results of file transfer at Bandwidth
Challenge in SC2003; one and a half round trip from Japan
to U.S., 15,000 miles, which has 350 ms RTT and 8.2 Gbps
bandwidth. Comet-TCP hardware solution attained max
7.56 Gbps using a pair of 16 IA servers, which is 92% of
available bandwidth and DECP software attained max 7.01
Gbps using a pair of 32 IA servers.

1. INTRODUCTION

1.1 Inter-layer coordination
With the rapid progress of network technology, such as

optical fiber and network switches, speed of network grows
faster than that of CPU, memory, or other computer devices.
Coordination over layers becomes more and more important
to attain actual high performance on high speed network.
TCP offload interface card is now shipped, for preventing
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redundant memory copy or heavy-burden interruption of
main CPU per packet. Intrusion detection or encryption
and decryption using ethernet card is also helpful to invent
efficient system, which we call “inter-layer coordination”.
As the speed of network grows, network-specific function is
going to be cast into hardware at the end-nodes[18], just
like graphics engine on video card computes instead of main
CPU.
This paper tackles the instability problem of streams mainly
caused by the difference of the rates specified by data-link
layer and transport layer.

1.2 Data Reservoir System
“Data Reservoir” system is a file sharing facility to sup-

port data intensive scientific research projects, whose sites
are spread in distant locations but connected each other by
high-speed network. Data Reservoir system consists of sev-
eral file servers and many disk servers. We adopt low level
protocol iSCSI (internet SCSI) for accessing disks and for
transferring data. For local access, a disk server plays the
role of a target like an ordinary hard disk. For bulk data
transfer from site A to site B, a disk server of site A plays
the role of an initiator and a disk server of site B plays the
role of a target. We use parallel streams of striped data
in low level to avoid overheads due to disk seek operations
context-switch overhead and file system overhead (Figure
1). One of the biggest features of Data Reservoir system is
file system transparency achieved by data sharing at stor-
age device level; which enables users to use any existing
software without even compilation. Detailed description of
Data Reservoir system is found in [7].

1.3 TCP/IP on Long Fat Pipe Network
TCP/IP is a standard end-to-end protocol for reliable

transfer. It is well known that TCP has a limitation on
performance when it is used for data transfer over long dis-
tance and high bandwidth network, called “Long Fat pipe
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Figure 1: Burst data transfer

Network (LFN)”. For reliability, TCP uses ACK; a sender
keeps data for re-transmission until ACK returns. Data,
which is sent but not ACKed, is called “inflight” data, and
its maximum size is called “window size”. Data transfer
rate of TCP is roughly window size/RTT , where RTT is
Round Trip Time. Long distance data transfer needs large
window size, since transfer rate is inverse proportional to
RTT . In addition, speed of growth of the window size is
proportional to RTT , since it takes RTT time till ACK
returns. The window size is controlled by widely used loss
based TCP algorithms as follows; in slow start phase doubled
for every RTT , and in congestion avoidance phase “Addi-
tive Increase and Multiplicative Decrease(AIMD)” manner,
i.e., linearly increased while transfer succeeds, and halved
by transfer failure. Many proposals have been shown to
change the window size control algorithm; such as Scalable
TCP (STCP) [12], HighSpeed TCP (HSTCP) [4] and FAST
TCP [9].

But the problem of bad performance on LFN is not only
because of the slow growth of window size. For example,
performance of streams in same condition disperse a lot,
which is a serious problem when system use parallel streams
because the slowest stream is the dominant factor. In our
experiment, dispersion is observed only when we use Gigabit
Ethernet interface at the end-point, where bottleneck is OC-
12. And, when we change interface to FastEthernet, this dis-
persion disappears immediately, although TCP stack is com-
pletely same [14]. We guess this dispersion may be caused by
shortage of buffers of intermediate routers; that is, although
macroscopically there exist no congestion, microscopically
there exist buffer overflow in intermediate routers, which
occasionally induces unlucky packet loss, which results in
unnecessary dispersion of performance. This problem be-
comes more serious when we use 10 Gbps interface.

1.4 Overview
We propose 3 inter-layer coordination methods; (1) “ Comet

- TCP ”, a hardware solution and (2) “ Transmission Rate
Controlled TCP (TRC - TCP) ”, a software solution to co-
operation of data-link layer and transport layer, and (3)
“Dulling Edges of Cooperative Parallel streams (DECP)”,
cooperation of transport layer and application layer.

In this paper, first, we show our observation of Japan-
US data transfer experiment in SC2002 between Tokyo and
Baltimore whose bottleneck was OC-12. Then, we explain
the problems we found. Next, we show our proposals and

implementations. Finally, we show the experimental results
of these proposals in Bandwidth Challenge in SC2003. We
transfer data file for one and a half round trip from Japan
to U.S., 15,000 miles, which has 350ms RTT and 8.2 Gbps
bandwidth. Hardware solution Comet-TCP attained max
7.56 Gbps using a pair of 16 IA servers, and software DECP
max 7.01 Gbps using a pair of 32 IA servers.

2. OBSERVATIONS AND PROBLEM

2.1 Experiments over the Pacific Ocean with
bottleneck OC-12

In November 2002, we experimented “Data Reservoir” file
sharing system. Endpoint sites are University of Tokyo in
Tokyo and SC2002 exhibition hall in Baltimore, where dis-
tance is 7500 miles, RTT is 200 ms, and APAN1 OC-12/POS
is the bottle neck. In this experiment, we attained 91% us-
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Figure 2: Network between Tokyo and Baltimore

age of bandwidth using a pair of 26 IA servers when we
used bottleneck line exclusively (Figure 3). But, we encoun-
tered two problems. One is the low performance of each
stream; a server can attain at most 20 Mbps in average.
The other is the disperse speed of streams. Even though the
machine specification is equal, data is equally divided, and
each machine takes equal load, sometimes certain threads
needs longer time. For example, from 150 sec to 400 sec in
Figure 3, the number of active streams decreases little by
little, because faster streams finish its job gradually. Figure
4 shows the sequence number of the fastest and the slow-
est streams out of 4 streams. One thread needs three times
longer time to finish its job than the fastest thread. This re-
sults in that total performance becomes one third, since the
slowest stream is the dominant factor of the system perfor-
mance. Even after other streams finish their jobs, and even
though no competitor exists, slower streams tend to fail to
gain that bandwidth.

2.2 Gigabit Ethernet Interface vs. Fast Ether-
net Interface

After the Bandwidth Challenge, we experimented data
transfer of single stream between FLA (Fujitsu Laboratory
America) in Maryland and University of Tokyo (Figure 2),
using a pair of IA servers. We compare throughput of PC
with interface Gigabit Ethernet (GbE) and Fast Ethernet
(FE) using “iperf” software, while tuning TxQueue length.
Table 1 shows minimum, maximum, and average transfer
rate of GbE and FE. The performance of GbE is not stable
at all and varies from 5.6 Mbps to 120 Mbps with TxQueue

1Asia-Pacific Advanced Network. http://www.apan.net/
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Figure 4: Sequence number (diff) of the fastest and
the slowest stream

size 100 and from 9.2 Mbps to 172 Mbps with TxQueue size
25000. On the other hand, FE achieves always about 25.6
Mbps stably with TxQueue size 100, and around 88.7 Mbps
with TxQueue size 5000. It was our big surprise that tuned
FE is faster than tuned GbE on average and the minimum
throughput of GbE is much worse than FE.

So, we observed detailed packet log, using DR-Giga Ana-
lyzer [15]. Figure 5 for GbE and Figure 6 for FE show the
number of packets received for every millisecond. GbE is
peaky and idle time is long. On the other hand, FE sends
and receives packet constantly, about 8 packets per ms, and
no peak exists. This means, even if the throughputs are
same, behavior of packets completely differs according to its
network interface.

2.3 Flow-level Rate and Packet-level Rate
Since the size of inflight data is transferred for RTT time,

data transfer rate of TCP stream is roughly windowsize/RTT .
We call this rate as “flow-level rate” of transport layer. But
this flow-level rate is too macroscopic when we consider data
transfer on LFN with high speed interface such as Gigabit

TxQueue Min Max Average
Fast 100 25.6 25.6 25.6
Ethernet 5000 88.7 88.7 88.7
GbE 100 5.8 120.0 45.1
Ethernet 25000 9.2 172.0 63.9

Table 1: Transfer rate in Mbps of Fast Ethernet and
Gigabit Ethernet. RTT is 198 msec
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Figure 5: Number of received packets per ms of
Gigabit Ethernet, RTT is 198 ms and bottleneck is
OC-12

Ethernet (GbE). Suppose one packet is 1500 bytes, packets
are transmitted every 12.5 µs from GbE interface as far as
a queue for Ethernet is not empty. We call this microscopic
rate as “packet-level rate”.

Let X denote flow-level rate and Y packet-level rate. While
transferring data, packets are sent via interface for only first
∆t = X ×RTT/Y of every RTT , which we call “busy ∆t”,
then next RTT − ∆t time, that interface is idle. Hence,
network suffers needless load, Z = (Y − X) × ∆t, which is
often absorbed by buffer of routers. This peaky behavior for
busy ∆t easily causes needless shortage of buffer memories
of intermediate routers which results in miss-leading packet
losses to misunderstand that there exists congestion. Note
that busy ∆t is long when RTT is long, and buffer size Z
needs to be large when packet-level rate Y is large and RTT
is long. We consider the way how to decrease dispersion of
the performance of streams. We try to equalize packet-level
rate and flow-level rate, which may decrease the microscopic
burden of intermediate routers. We also consider to balance
the performance of parallel streams directly by exchanging
information and controlling the flow-level rate of parallel
streams.

3. COMET-TCP
Comet-TCP is a hardware approach to stabilize data trans-

fer by TCP on LFN. Comet-TCP utilizes large buffer mem-
ory on Comet network interface card and hardware QoS ca-
pability to send outgoing packets at a constant transmission
rate. Figure 7 shows TCP transmission on a pair of Comet-
TCP network interface card. No modification is required for
application programs on both sides because Comet-TCP has
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Figure 7: TCP on a pair of Comet-TCP network
interface card

compatible API to conventional TCP protocol stack. All the
packets that are not ACKed by the remote TCP receiver are
stored into packet buffer memory on the local Comet-TCP
network interface card (Figure 8). When a sender sends a
packet, Comet-TCP immediately terminate TCP by send-
ing back an ACK to a TCP driver unless packet memory on
the Comet-TCP is not full. Then Comet-TCP encapsulate
TCP packets into fixed-length packets with special header
and sends them to remote Comet-TCP under QoS packet
transmission rate control. When Comet-TCP receives pack-
ets whose transmission rate is more than the pre-determined
value, packet transmission is paced by inserting gaps be-
tween packets. When the remote Comet-TCP receives pack-
ets, Comet-TCP recovers TCP packets and recovered pack-
ets are immediately sent to TCP/IP layer of the remote host
processor. When the received TCP packet is the proper
packet, the TCP layer on the remote host sends back ACK
to the sender. When the Comet-TCP at the sender side
receives the ACK, it removed packets stored in the buffer
memory on Comet-TCP network. When the buffer memory
on the local CometTCP becomes full, CometTCP does not
return ACKs to the TCP driver and thus TCP driver stop
sending packet until the buffer memory becomes available
These functions are based on RFC 3135, “Performance En-
hancing Proxies Intended to Mitigate Link-Related Degra-
dations” [1].

Buffer
Memory

256MB

Comet NP

Intel

82546

SDRAM

128MB

PXA PCI
Bridge

PXA 255

400MHz

PCI 66MHz / 64bit

PCI 66MHz / 64bit

1000BASE-T

1000BASE-T

Figure 8: Block Diagram of Comet-TCP network
interface card

Figure 8 shows block diagram of Comet-TCP network in-
terface card. Comet-TCP is a network interface card with
PCI 66MHz/64bit bus interface. Comet NP is a micro-
programmed network processor that can transform packet
streams and encrypt / decrypt packets into IPsec packet
at wire speed of Gigabit Ethernet [10]. Buffer memory is
used for storing transmitting packets and SDRAM is used
for storing programs for strong-ARM (PXA255) control pro-
cessor. Comet-TCP has two Gigabit Ethernet interfaces but
a single interface is used for implementation of Comet-TCP.

4. TRANSMISSION RATE CONTROLLED
TCP (TRC-TCP)

“Transmission Rate Controlled TCP (TRC-TCP)” is to
relax the burstiness of TCP by approximating microscopic
packet-level transmission rate to macroscopic flow-level trans-
mission rate [16]. TRC-TCP is a combination of data-link
layer approach and transport layer approach; IPG control,
which is done by controlling network adapter’s transmission
rate of packets, and Clustered Packet Spacing, which uses
pseudo software interrupt function ’tasklet’ in Linux kernel.

4.1 Inter Packet Gap (IPG) tuning
According to the IEEE’s Ethernet standard, an Ethernet

adapter should insert a delay between successive transmis-
sions of packets and this delay is called ’Inter Packet Gap’
(IPG). A larger IPG will decrease the effective throughput
and then the IPG can be used to control the aggressiveness
how the sender emits data into network. Many Ethernet
adapters can be configurable for IPG parameter by software.
As for an Intel GbE adapter, the IPG value ranges from 8 to
1023 bytes in increments of 1 byte. We modify the Linux’s
driver called ’e1000’ to make it configurable for IPG using
’ethtool’, and the default value is minimum 8 bytes.

Figure 9 shows the maximum, minimum and average through-
put when we change the IPG from 8 to 1023 bytes. It’s true
that IPG tuning is effective to make bursty behavior of GbE
milder, i.e., busy ∆t becomes (IPG + MTU)/MTU times
longer, when we assume one packet is about MTU long. But
shortcoming of IPG tuning is that it affects all communica-
tion over LFT-tuned interface.

4.2 Clustered Packet Spacing
To realize packet spacing by software, we modify the packet

transmission scheduling during the slow start to disperse one
window of packets over one RTT. Since TCP congestion con-
trol is ACK-arrival event-driven and has “self-clocking” na-
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ture but the network can’t help pacing for high bandwidth-
delay-product flows, it’s important to distribute packets over
one RTT until cwnd grows to appropriate size.
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Figure 10: Histogram of our high resolution timer.
During transferring a on-disk file on Linux 2.6

After that, the normal congestion control algorithm takes
over and these isolated packets are growing into small bursts,
which have more chance to be handled without loss in routers,
and become one large window as a whole. We implement
this method using pseudo software interrupt function ’tasklet’
in Linux kernel. First, we compute the desired transmission
interval cwndn+1/RTT every RTT where cwndn+1 is the
target cwnd during next RTT. To schedule packet trans-
mission in target interval, we use tasklet to implement high
resolution timer that triggers TCP’s data transmission func-
tion. Figure 10 shows the resolution of our high resolution
timer using Linux 2.6. The tasklet can be scheduled at least
every 1 µs.

Figure 12 shows how well TRC-TCP can approximate the
packet-level rate to the flow-level rate during slow start,
while normal TCP sends packets in burst at the beginning
of every RTT (Figure 11).
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Figure 11: Flow- and packet-level rate of TCP dur-
ing slow start. RTT is 200 ms
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during slow start. RTT is 200 ms

5. DULLING EDGES OF COOPERATIVE
PARALLEL STREAMS (DECP)

“Dulling Edges of Cooperative Parallel Streams (DECP)”
is to smooth the speed of parallel streams.

5.1 Basic Design
It is natural idea to utilize information of other streams to

unify the recognition of network condition and make perfor-
mance of streams balanced. But, we have to carefully design
the way to exchange the information to avoid needless over-
head, because, for example, a packet is processed every 12.5
µsec for 1 Gbps Ethernet. In addition, we want to keep
current TCP’s AIMD framework including its parameters
in this work; i.e., the influence of our modification is limited
to the performance on parallel streams which user explicitly
specifies. For this reason, we select poling to get informa-
tion of all streams and add the interface on TCP to get and
set information. We implement a simple external scheduler,
whose policy can be changed very easily, even while in the
middle of parallel data transfer.



As we have seen in section 1, data, which is sent but
not ACKed, is called “inflight”, and its maximum size is
called “window size”. To control throughput of each stream,
Linux TCP kernel has variables, “awnd” Advertised Window
size, and “cwnd” Congestion Window size. The former is set
by the receiver and the latter is set by the sender. And,
window size is set to the smaller value of either awnd or
cwnd. To avoid any unexpected side-effect, we introduce a
new variable uwnd, User Window size, which can be specified
by user-land. uwnd is independent from cwnd or awnd, and
window size is decided using uwnd, cwnd, and awnd.

We prepare a server-client system; a client program gets
information “inflight” of its all streams, and a server pro-
gram of the cluster collects information from their clients
and notify summarized information to client program, in
turn, then the client program set the information uwnd to
its streams.

5.2 TCP kernel interface Implementation
To get information of window size of TCP connection,

inflight, and to set information from user-land uwnd, we
add entries to set/getsockopt() system calls. uwnd is cur-
rently a structure consists of the members uwnd.max and
uwnd.min, so that user can specify range of preferable win-
dow size of streams. A variable uwnd is independent from
cwnd, and is only used in testing function of packet send-
ing; e.g., tcp snd test() of Linux. When cwnd is smaller
than uwnd.min or cwnd is bigger than uwnd.max uwnd.min or
uwnd.max is used instead of cwnd. We also need to name a
group of TCP connections.

The added entries to get/setsockopt() is

TCP ATTACHGROUP Set group name of TCP con-
nection. (set only)

TCP WININFO Argument is group name.

• get − return array of inflight information of each
connection of specified group.

• set − set upper and lower limit of window size of
each connection of specified group. If 0, no limit
is set.

5.3 External Scheduler and window size con-
trol

We implement simple server-client system; one server for
a cluster and one client for each node of the cluster. First,
clients set group name to streams using TCP ATTACHGROUP.
Then, clients periodically get information of streams using
getsockopt(TCP WININFO) function, and report them to the
server. Then the server computes preferable range of win-
dow size for streams, and notify this information to clients,
in turn. Then, clients set the range of window size via
uwnd.max and uwnd.min using TCP WININFO. These programs
can start and finish at anytime without any side effect.

Once uwnd is set, as we have described before, a packet
test routine, tcp snd test(), checks whether window size is
within the range which user specifies, and when it’s out of
the range, the value of uwnd is used instead. When uwnd.max

is same as uwnd.min, window size of all streams is set to same
value.

Now, the question is how to find out preferable range of
window size by collected information, i.e., inflight of parallel
streams. We compare algorithms on real LFN by changing
server program in user-land.

5.4 Preliminary test and Comparison of algo-
rithms

Figure 13 and 14 shows the result when using 2.4 Gbps
line without limit, i.e. using normal TCP. We use a pair
of 8 IA servers and each IA server has 4 connections, so 32
connections are made in total. Figure 13 shows the total
inflights over time of 32 streams an d Figure 14 shows the
maximum and minimum inflights.
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Figure 13: Total inflights over time of 32 normal
streams from 8 nodes on OC-48
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Figure 14: Maximum and minimum inflights over
time of 32 normal streams from 8 nodes on OC-48

Figure 13 shows that the total throughput decreases af-
ter the one thirds of total time passes. This performance
decrement is caused by that the fastest stream finishes its
data transfer. After this, each time a connection finishes,
throughput decreases. On the other hand, figure 14 shows
that the maximum and minimum inflights of all connections
differs about 4 to 5 times at the beginning of data transfer.
But when the total throughput is decreasing, that is, after
some connections has finished, maximum and minimum in-
flights get closer. After about 85% of total time has passed,
only one connection remains. From this experiment, paral-
lel streams of normal TCP fail to use bandwidth effectively
for about 30% of the total execution time, and lower connec-
tions makes total communication time increase, and average
throughput decreases.

Roughly, streams are categorized into two groups; fast
connections and slow connections. Since slow connections
cannot recover due to fast connections, the total throughput
is not high. Once unbalance of window size occurs, it needs
a lot of time to recover. Fast connections give a burden to
networks, especially when the route is same, and it gives



bad effects to other connections. But the judgment whether
it’s too fast or not is difficult. In addition, if window size
is too big, the penalty is big accordingly when pack et loss
occurs. The target of our algorithm is to suppress excessive
connections and realize the normalized transfer rate.

We compare several naive algorithms such as set largest,
larger, average value to all clients, or set upper or lower limit
using average or weighted average of window sizes. Surpris-
ingly, setting larger value or setting lower limit seems to
make the performance worse. For example, if each client
takes the maximum window size of all streams as its win-
dow size, the performance decreases very badly. As for our
experiments for SC2003, we didn’t set lower limit and only
use upper limit.

5.5 Dulling Edges of Cooperative Parallel
Streams (DECP)

To improve total performance of a system using parallel
streams, we take a strategy that decelerates faster streams,
in order to help slower streams to catch up quickly and re-
liably. Then, we compare several naive algorithms how to
co-operate parallel streams, and decide the policy of algo-
rithm. We adopt majority decision algorithm using score-
board with the history, in order to avoid being too sensitive
to the slowest stream or latest packet loss event. First, we
quantize a value of inflight and divide into several blocks and
record collected inflights using so-called “scoreboard” table.
Clients send notification of the value of inflight periodically
to the server.
(1) Periodically, a server counts up the points of the score-
board. First, all score is decreased with a fixed rate.
(2) According to an inflight value sent from a client, a score
is added in the convex form. It means that the exact block
gets full points and the neighboring blocks also get partial
points.
(3) If the score of all connections are added, the block of
highest score is taken as the most favorable block, and the
corresponding window size is used as a goal.
(4) A bit larger value than selected window size is notified
as new upper limit to clients.
By using such kind of scoreboard algorithm, it’s possible
to increase the upper limit of window size gradually while
waiting for most connections to grow up.

For this experiment, a window size is quantized by 30
packets and counted every 1 second. We use the decreasing
ratio of score of 10% and 3 points for an exact block, 2 points
for neighbors and 1 point for neighbors’ neighbors. The
value with extra 60 packets is notified to clients and they
select the smallest from their congestion window, advertised
window and the notified window size.

6. EXPERIMENTAL RESULTS

6.1 Network and Hardware Environment
For the SC2003 Bandwidth Challenge, we used four trans-

Pacific OC-48 lines in addition to an trans-Pacific OC-192
line between Tokyo and Portland provided by IEEAF2 used
as loop-back circuit (Figure 15). Two of them are between
Tokyo and Seattle provided by NTT Communications (NTT-
C), which can be used exclusively. One is between Tokyo

2Internet Educational Equal Access Foundation.
http://www.ieeaf.org/

and Los Angels provided by APAN, which is connected to
our servers via three non-aggregated GbEs. The last one
is between Tokyo and New York provided by NII3, which
is connected to our servers via one GbE. These lines are
peered with Abilene. The aggregate bandwidth is 8.2 Gbps.
Since data goes through the Tokyo-Portland loop-back on
the way between Tokyo and Phoenix, the distance is 15,000
miles (24,000 km) and the RTT is 350 ms.
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Figure 15: 15,000miles Network, 3 different routes
merged to 8.2Gbps

As for Data Reservoir system, we use IBM x345 that con-
sists of Dual Intel Xeon 2.40 GHz, 2 GB memory, Intel
82546EB GbE adapter, Redhat Linux 7.3, Kernel 2.4.18,
and four 146 GB 10,000rpm Ultra320 HDDs.

6.2 SC2003 Bandwidth Challenge

6.2.1 Comet-TCP
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Figure 16: Throughput for Bandwidth Challenge
(Comet-TCP)

Figure 16 shows performance result of 15,000 miles data
transfer using a pair of 16 disk servers. Unstable perfor-
mance behavior before 2000 seconds is caused by frequent
temporary cut-down of the network between Tokyo, Japan
and Portland, U.S. This kind of unstable network is difficult
situation for TCP because temporary cut-down reset the
size of congestion window and growth rate of the congestion
window size is very slow on high-latency network. However,
Comet-TCP regain almost maximum bandwidth right af-
ter temporary cut-down of the network because the size of

3National Institute of Informatics. http://www.nii.ac.jp/



congestion window can grow very rapidly because latency
from TCP driver and local Comet-TCP is very small. After
2000 second, performance behavior became stable and 7.56
Gbps peak bandwidth was observed. This peak bandwidth
is about 92% of available bandwidth (8.2Gbps) between two
points.

6.2.2 TRC-TCP
For TRC-TCP, we use Data reservoir system consists of

16 disk servers and each node makes 4 streams, and this
means 64 parallel streams within one system. These nodes
are divided into 4 nodes for each NTT-C’s OC-48, 6 nodes
for APAN’s OC-48 and 2 nodes for NII’s GbE. 6 nodes for
APAN are further divided into 2 nodes for each GbE.

Figure 17 shows the throughput over time we measured
by switches. Figure 18 shows the total size of inflights of
each line.
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Figure 17: Throughput for Bandwidth
Challenge(TRC-TCP)

The official record is found at http://scinet.supercomp.org/
2003/ bwc/results/
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Figure 18: Total inflights of TRC-TCP streams for
Bandwidth Challenge on each line. NTT 1/2: 16
streams from 4 nodes on OC-48, APAN: 24 streams
from 6 nodes on OC-48, NII: 8 streams from 2 nodes
on GbE

6.2.3 DECP
DR system consists of 32 disk servers and each node makes

4 streams, and this means 128 parallel streams within one
system. These nodes are divided into 10 nodes for each
NTT-C’s OC-48, 9 nodes for APAN’s OC-48 and 3 nodes
for NII’s GbE. 9 nodes for APAN are further divided into 3
nodes for each GbE.

Figure 19 shows the throughput over time we measured by
switches. The official maximum instantaneous throughput
is 7.01 Gbps. Figure 20 shows the total size of inflights of
each line.
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The official record is found at http://scinet.supercomp.org/
2003/ bwc/results/
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Figure 20: Total inflights of DECP streams for
Bandwidth Challenge on each line. NTT 1/2: 44
streams from 11 nodes on OC-48, APAN: 36 streams
from 9 nodes on OC-48, NII: 12 streams from 3
nodes on GbE

6.3 Discussion
To our surprise, both TRC-TCP and DECP can almost

keep growing its transfer rate gradually until some of the
streams finish transfer of their striped data. They succeed
to alleviate rate dispersion.

Actually, it’s strange that DECP doesn’t fail to grow,
since flow-level rate and packet-level rate is different and
self-made congestion likely occurs. One of the biggest rea-
sons might be that bottleneck lines can be used almost ex-
clusively and packet loss is rare. But still, it’s obvious that
As for TRC-TCP, it grows for more than 15 minutes, and
maximum usage of bandwidth is about 80%. As for DECP,
it grows for more than 30 minutes, and maximum usage of
bandwidth is more than 85%. The reason why growing speed
of DECP is faster than TRC-TCP is because the number of
streams is twice.

7. RELATED WORK
The idea of limiting the packet transmission rate from a

TCP source host is shown, for instance, in [11]. Efficient use
of high-bandwidth network with long latency has been one



of central issues for realizing global data sharing and useful
grid computing. Methods to realize efficient but network
friendly use of LFN can be classified into three categories;
i.e. (1) improvement of single TCP stream, especially TCP
congestion control mechanism, (2) use of parallel and multi
TCP streams, and (3) instrumentation methods to analyze
actual behavior of LFN.

Progress in control of congestion window size and retrans-
mission in TCP have been improved during past ten years
such as TCP NewReno[8] and TCP Vegas [2] and exten-
sion of these protocols. Recently, with the rapid growth of
latest optical networking technology, several works try to
meet LFN by changing window size more effectively than
standard TCP, such as Scalable TCP (STCP) [12], High
Speed TCP (HSTCP) [4] and FAST TCP [9]. One big dif-
ference of our work and these works is that they assume that
congestion can be guessed properly by current scheme; i.e.,
ACK or RTT , but we don’t. We believe that the differ-
ence between flow-level rate and packet-level rate or parallel
streams cause self-made congestion which can be sometimes
avoidable, and we try to reduce needless packet losses by
pacing or slow down. And, our technique can be used with
other window size control mechanisms just same as current
TCP. Pacing has been studied well in the field of multimedia
communication, where response time is important [13].

Hacker studies parallel streams using theoretical model [5].
PSockets [17] is an implementation of parallel TCP. It offers
the user level library written by C++ and users can avail
them without system parameter modification. But, since
striping and buffering is done by its library, it cannot treat
well direct communication with smaller number of memory
copies or striped data in several hosts. There exist applica-
tions such as GridFTP [21], bbftp [19] and pftp [20]. Hacker
also proposes to manage parallel streams by suppressing
growing speed of window size to keep fairness [6]. Ensemble-
TCP is to make TCPReno like parallel streams [3]. The
biggest difference of our DECP and others is that we have
an external scheduler to use information of window size of
other machines; i.e., information inside kernel of other hosts.

8. CONCLUDING REMARKS
In this paper, we show that LFN is not a straight pipe of

high-bandwidth network but a complicated network that is
lossy on bursty traffic of TCP workloads. We show Comet-
TCP, TRC-TCP and DECP are effective to improve effi-
ciency and stability of TCP on LFN. Our hardware approach
use 90% of bottleneck bandwidth and software approach at-
tains max 85% of bottleneck bandwidth on real network of
15,000 miles, which is longer than going half around the
globe. At a glance, what we do seems to be negative; i.e.,
both Comet-TCP and TRC-TCP puts additional interval
between packets and DECP executes slow down of the faster
stream among parallel streams, which after all reduces need-
less self-made congestion.

Current Comet-TCP is not fit to be used in the ordinary
Internet environment because they cannot share the band-
width in friendly way. But, still, Comet-TCP can work well
in the situation such that when a quantity of bandwidth is
allocated in advance. One of good points of TRC-TCP and
DECP is, both are independent from window size control
parameters and can be applied with most existing meth-
ods. We evaluate both methods one by one, due to the time
limitation of experiments on LFN; actually we can use 8.2

Gbps bandwidth only for 15 hours (5 hours per day for 3
days) because of the fiber trouble under the sea, which oc-
curred just before the experiments. As for TRC-TCP, since
congestion window size changes dynamically, it is preferable
that packet interval can be changed dynamically along con-
gestion window size. The packet interval of GbE is about
12.5 µs and that of 10GbE is 1.25 µs for 1500-byte pack-
ets, thus, to solve this problem, it must be reasonable to
use a kind of TCP offload engine; i.e., partial information
of transport layer is informed to intelligent network card of
link layer, which has buffer for each stream and is informed
congestion window size and RTT by its host. As for DECP,
due to the limitation of current implementation, which can’t
change congestion window size gradually, DECP converges
slowly but steadily, but adjusting the parameter of addi-
tive increase makes convergence of streams’ speed faster. In
addition, DECP brings scalability to the system of paral-
lel strems by equally sharing the bandwidth with negligible
overhead.

For inter-layer cooperation, designing how to notify infor-
mation over layers with very small overhead is important,
especially when we use hardware. To develop network card
which automatically control its packet-level rate using infor-
mation of parallel streams is one of our future works.
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