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and multicast packets [1]. The proxy conveys MBone

session directory protocol (SDP [11]) messages to the

hybrid subnet, and configures and controls the

transcoding agents based on requests from hosts on the

hybrid subnet. Ideally, the proxy and the transcoders

should run close to the satellite earth station. A

transcoder is also run on the hybrid host to convert the

incoming unicast packets to multicast packets.

We have demonstrated real-time dissemination of audio

and video streams using the MBone tools, vic [20] and

vat, with the transcoding agents running in our home

environment at UC Berkeley. In the current system the

transcoders are configured manually. In the future,

these configurations will be performed dynamically and

adaptively by the proxy in response to changing link

conditions.

7. Summary

In this paper, we have presented a networking architec-

ture based on the DirecPC Direct Broadcast Satellite

system that supports rapid deployment and easy reloca-

tion, colloquially referred to as a “LAN in a Van’. A

fundamental characteristic of this network is its asym-

metry; the downlink has an aggregate bandwidth of 12

Mbps while the reverse channel has a relatively low

bandwidth. We have presented an asymmetric routing

scheme that can support an entire hybrid subnet rather

than just a single host. We have also discussed perfor-

mance results from UDP and TCP bulk transfers, and

Web-like transfers. Our results indicate that the TCP

socket buffer sizes typically used by Internet hosts

result in sub-optimal performance due to the large

delay-bandwidth product of the DBS network. Because

the connectivity of the earth station to the Internet is

limited by a 1.5 Mbps T1 line, the bandwidth asymme-

try is adequately overcome by techniques such as SLIP

compression. However, the long latency and the limited

reverse channel bandwidth increase latency for Web-

like accesses; our experiments show that persistent con-

nections and pipelined requests lead to significant per-

formance improvements. Finally, we have described

how the hybrid subnet has been integrated with the

MBone to support real-time audio/video dissemination.

8. Future Work

The experiments described in this paper were con-

ducted between an Internet host at UC Berkeley and a

DBS hybrid host. While these end-to-end measure-

ments are useful, the characteristics of the Internet path

(including the T1 line going in to the hybrid gateway)

tend to obscure the DBS downlink. We plan to conduct

experiments, with an additional point of control at the

earth station, to isolate the downlink. These measure-

ments would be very useful for Web caching and

prefetching studies that we plan to do. (A cache at the

earth station can bypass the Internet when sending data

to hybrid hosts.)

We are investigating the benefits of decreasing the fre-

quency of TCP acknowledgements in the presence of

bandwidth asymmetry. We are also investigating the

usefulness of techniques that combine window-based

flow control and rate-based flow control. We plan to

include other asymmetric networks, such as those based

on cable modems, in our study.
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more, each transfer is typically quite short. These

together result in increased retrieval latencies because

of the large number of networks round trips involved

and because each TCP connection does not last long

enough to build up a substantial window. This is partic-

ularly so in the DBS system due to the large end-to-end

latency. There have been proposals to mitigate these

problems by making HTTP use more persistent connec-

tions [10,24].

The asymmetric nature of the DBS system also results

in increased latencies. Web requests are sent over the

bandwidth-constrained reverse channel. Our analysis of

traces indicates that typical Web requests are 250-350

bytes long. Over a 14.4 Kbps SLIP line, this translates

to a transmission time of 150-200 ms. In addition, the

SLIP line has a one-way latency of about 180 ms. Tech-

niques such as pipelined Web requests [24] or issuing

requests in parallel [23] can help minimize the effect of

this large latency. Furthermore, successive Web

requests from a client to the same server have large por-

tions (65-80%) in common, so techniques to coalesce

multiple requests (e.g., [24]) could be also be useful.

We have developed a simple microbenchmark to help

quantify the various effects discussed above. A simu-

lated client sends a request of a certain size to a simu-

lated server. In response, the server sends back a 5 KB

long file (which is representative of the size of a single

Web transfer). This process is repeated four times to

simulate the download of a Web document comprising

four files. Figure 7 shows the time to complete this

transaction for various configurations. The baseline

case is non-persistent TCP connections with sequential

requests. Using one persistent TCP connection reduces

the time for the transaction by about 12-14%. Combin-

ing persistent connections with pipelined requests

reduces the time by about 50%. Finally, reducing the

requests size from 300 bytes to 60 bytes (reflecting the

coalescing of successive requests) reduces the time by

20-30% for each of the three configurations.

6. Real-time Audio/Video Dissemination

The Internet multicast backbone (MBone [19]) has

been used to support audio/video teleconferencing

applications for the past few years. Currently, our

DirecPC installation does not support IP multicast [7].

We have developed techniques to extend MBone con-

nectivity to a hybrid subnet using application-level

agents integrated in a proxy architecture. The basic idea

is to overcome the lack of multicast support by sending

unicast packets to the hybrid host, which then uses IP

multicast to redistribute packets receivers connected to

the hybrid subnet, possibly via heterogeneous network-

ing technologies (such as Ethernet, WaveLAN, infrared

LAN, etc.). Another issue is the need to control the rate

of the real-time streams in order not to saturate the sat-

ellite downlink.

The architecture includes RTP-aware transcoding

agents and a control agent called the proxy. The RTP-

aware agents are capable of transcoding between differ-

ent audio/video formats and converting between unicast
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Figure 7. The time to complete the Web microbenchmark for various configurations and parameters settings.
The forward path involves the DBS downlink and the reverse channel is a 14.4 Kbps dialup line with SLIP
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takes several seconds for the sender’s congestion win-

dow grow to a large enough size during the TCP slow

start phase [12].

Header compression reduces the size of TCP acknowl-

edgements to about 6 bytes, which yields an upper

bound is 3.1 Mbps on throughput. As mentioned in

Section 5.2, the bandwidth of the bottleneck link in the

system is about 1.4 Mbps, so the flow of acks over the

compressed SLIP line is not the limiting factor for

throughput. The best case throughput is about 880

Kbps. This is lower than the throughput obtained with

an Ethernet reverse channel because the SLIP line

introduces an additional latency of about 180 ms,

resulting in an increased delay-bandwidth product. The

larger delay also causes the window size to grow more

slowly during slow start (Figure 5(b)), which reduces

throughput further.

5.3.2  Effect of large delay-bandwidth product

As Figure 6(a) shows, the throughput at night (with few

Internet losses) over the satellite downlink increases

steadily for small buffer sizes and levels off beyond 130

KB. The large delay-bandwidth product of the network

path necessitates such large buffers to achieve optimal

throughput. During the day, the trend in throughput is

less marked. This is because Internet losses cause the

sender’s congestion window size to fluctuate, resulting

in a small average window size (Figure 6(b)), which

nullifies the benefits of large socket buffers. Prelimi-

nary experiments of TCP enhanced with selective

acknowledgements [3] indicate a 30-50% improvement

in throughput.

Figure 6(a) also shows the variation of throughput with

socket buffer size for Internet-only transfers. A buffer

size of about 16 KB achieves the best throughput, and

there is a 10-20% degradation for larger buffer sizes.

This is so because the delay-bandwidth product of the

Internet-only path is small (about 16 KB), and larger

buffer sizes cause the sender to frequently exceed this

capacity, resulting in losses (and consequently,

degraded throughput).

Internet hosts, such as Web servers, typically use buffer

sizes of 8-32 KB for TCP connections, which results in

good performance for Internet-only transfers but poor

performance for transfers to a DBS hybrid subnet. One

solution is for the servers to use large socket buffers for

all connections at the cost of increased memory

requirements. Client hosts that do not need the large

buffers could advertise smaller windows, thereby

avoiding the possibility of performance degradation (as

discussed above for Internet-only transfers). Another

possible solution is to split the end-to-end connection

for transfers to a hybrid subnet into separate parts for

the Internet path and for the DBS downlink8. Only the

sender of the latter connection needs to have a large

buffer size. In the case of Web accesses, a (caching)

proxy could be located at the satellite earth station to

explicitly split the connection.

5.4  Web performance

The World Wide Web [4] uses TCP as the underlying

transport protocol. The base HyperText Transfer Proto-

col (HTTP [5]) uses a separate TCP connection for

each file retrieval (HTML, GIF, JPEG, etc.). Further-

8.  The DirecPC hybrid gateway can be configured to spoof

TCP acknowledgement packets to effect such a split.

Figure 6. (a) shows the TCP throughput over the DBS downlink with a 14.4 Kbps dialup line as the reverse
channel. Curves are shown for both for experiments conducted during the day and at night. (b) shows the vari-
ation of the TCP congestion window for a transfer during the day. The rapid fluctuations due to fast retrans-

missions and coarse timeouts result in a small average window size.
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Suppose packets of size s are clocked out by the sender

every t seconds. Let i be the index of the packet that

marks the beginning of the period of sustained losses7.

At this point in time, the amount of data the sender has

sent is si. The amount of data that has been drained out

of the bottleneck buffer in the same period can be esti-

mated as itb. The bottleneck buffer size, B, can then be

estimated as si - itb.

The offered load, l, must be greater than b to avoid the

possibility of the bottleneck link being idle at times.

However, it should not be too much greater because

that might cause a link which is earlier in the path than

the bottleneck link and has a bandwidth that lies

between b and l, to cause packet drops. We conducted

several experiments with offered loads in the range 1.6

Mbps to 2.25 Mbps, and consistently estimated the bot-

tleneck buffer size to be between 56 and 64 KB.

We also used UDP packet streams to measure the end-

to-end delay jitter. The sender clocks out packets with a

constant inter-packet spacing, and the receiver records

the spacing between the received packets. The jitter is

then computed as the mean deviation of the inter-packet

spacing at the receiver. Our measurements show that

the jitter of the satellite downlink (measured at night) is

6.  Other traffic at the bottleneck link will lead us to underesti-

mate the buffer size. We conducted these experiments late at

night to minimize the chances of such interference.

7.  The bottleneck buffer must employ a drop-tail policy for i

to be useful. Since successive experiments with the same

offered load yield similar values for i, we can (at least) deduce

that the gateway does not employ a random-drop policy.

25-30 ms.

5.3  TCP experiments

We conducted a series of TCP bulk transfers between

the same pair of hosts as before using three kinds of

reverse channels for acknowledgements: (i) a 14.4

Kbps dialup line without SLIP compression, (ii) the

same with SLIP compression, and (iii) a 10 Mbps

Ethernet link that directly connected the receiver to the

sender. We also conducted transfers between two hosts

connected by a 19-hop Internet path not involving

either the DBS downlink or the SLIP link. Figure 5

shows the results obtained for 2 MB long TCP trans-

fers.

5.3.1  Effect of asymmetric paths

Figure 5(a) shows the throughput over the DBS down-

link with the three different kinds of reverse channels.

Without SLIP header compression, each acknowledge-

ment packet is 40 bytes long. Since the line speed is

14.4 Kbps, a maximum of 45 acknowledgement pack-

ets can flow over the SLIP line every second. In our

experiments, the MSS used by the sender is 1280 bytes

but that used by the receiver (the hybrid host) is only

about 300 bytes. This causes the receiver to acknowl-

edge every incoming segment which is larger than

twice its MSS of 300 bytes, thereby defeating the TCP

delayed acknowledgements scheme. This limits the

data rate to 45 segments per second, yielding an upper

bound of 460 Kbps on the throughput. The best case

throughput observed in our experiments is only about

350 Kbps; one of the reasons for the shortfall is that it

Figure 5. (a) shows the variation of TCP throughput with socket buffer size for several configurations: (i) a
DBS downlink with one of these reverse channels: a 14.4 Kbps dialup line with or without SLIP header com-
pression or a 10 Mbps Ethernet reverse channel, and (ii) an Internet-only path involving 19 hops. The experi-
ments were conducted at night when the Internet is presumably lightly loaded. (b) shows the initial growth of
the TCP congestion window during slow start for two configurations. The total duration of the 2 MB transfers

is 19.3 seconds with an Ethernet reverse channel and 27.4 seconds with a compressed SLIP reverse channel.
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pick the minimum of the two as the MSS for the con-

nection. Typically, TCP computes its advertised MSS

value as the maximum transfer unit (MTU) of the out-

going network used to communicate with the peer, less

the sizes of the TCP and IP headers. This could lead to

inefficiencies in the presence of asymmetry. Consider a

hybrid host, with a satellite link downlink with an MTU

of 1500 bytes and a SLIP reverse channel with an MTU

of 300 bytes, receiving data from an Internet host. The

MSS chosen for the connection will be 300 bytes,

although all data segments will traverse the satellite

downlink which has a much larger MTU.

This problem can be solved by suitable modifications to

the way TCP at the hybrid host chooses the MSS to

advertise. When a connection is initiated by an Internet

host, the hybrid host uses the MTU of the interface on

which the SYN packet arrives to compute the adver-

tised MSS. In the more common case when the hybrid

host initiates a connection, it assumes that the incoming

packets will arrive via the DBS downlink and uses the

corresponding MTU. (Ideally, the MSS should be rene-

gotiated once the actual incoming interface is known,

but TCP implementations typically do not allow this.)

In the case of other hosts on the hybrid subnet, the

incoming and outgoing interfaces are presumably the

same, so this problem is not present. However, to avoid

fragmentation along the network path, the peers should

perform path MTU discovery [21].

5.2  UDP experiments

We describe a set of experiments involving the transfer

of data from an Internet host to the hybrid host using

UDP. The path traverses the Internet from UC Berkeley

to the earth station in Germantown, Maryland and

includes a satellite hop, for a total of 16 network hops.

Our goals in performing these experiments are:

1. To determine the characteristics of the bottleneck

link in the path between the Internet host and the

hybrid host. Since we would like to characterize

this link independent of other traffic in the net-

work, we conducted experiments late in the night

to minimize the effect of interfering traffic.

2. To determine the performance of UDP transfers in

terms of the end-to-end delay and delay jitter. This

is of interest in the context of real-time applica-

tions such as Internet audio and video, which use

UDP as the underlying protocol.

To characterize the bottleneck link, the sender clocks

out UDP packets at a constant rate, which determines

the offered load. Figure 4(a) shows the throughput

observed by the receiver as the offered load is varied.

The “night” curve, corresponding to low Internet load,

levels off beyond an offered load of about 1.4 Mbps.

Furthermore, the packet loss rate (Figure 4(b)) also

shows a sharp upswing at the point. Thus we estimate

the bottleneck bandwidth to be about 1.4 Mbps, which

closely matches the bandwidth of the T1 link that con-

nects the hybrid gateway to the Internet (Section 2). It

is very likely that this link is the bottleneck in these

experiments.

We also gather additional information from the above

experiments to help estimate the buffer size at the bot-

tleneck router. Suppose the offered load, l, is greater

than the bottleneck link bandwidth, b. For some initial

period after the UDP transfer begins, the buffer will be

able to absorb the excess inflow of packets. Once the

buffer fills up, there will be sustained losses, with a loss

rate of (l-b)/l. By observing how long it is before sus-

tained losses begin, we attempt to estimate the buffer

size6 as we now explain.

Figure 4. The throughput (a) and packet loss rate (b), as observed by the receiver, for UDP transfers with dif-
ferent levels of offered load during the day and at night.
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This routing scheme works for multiple hosts with pos-

sibly different home subnets. However, the involvement

of the home agent makes routing more complicated

than in the previous scheme. Techniques such as

Mobile IP route optimization [22] should mitigate this

problem, but we have not yet investigated them.

We also considered using the IP loose source routing

(LSRR) option [6] to obtain the desired routing behav-

ior. In this scheme, a host in the hybrid subnet sends out

packets with the LSRR option specifying HHDBS as the

intermediate node to visit. The destination host is

required to reverse the addresses listed in the LSRR

option when sending back its reply [6], causing it to be

routed via HHDBS. However, two practical problems

forced us to abandon this approach: some operating

systems (including certain flavors of UNIX) do not per-

form the route reversal required by [6]; more impor-

tantly, the hybrid gateway is configured to filter out

source-routed TCP packets for administrative reasons.

5. Transport Protocol Performance

In this section, we discuss some issues pertaining to

end-to-end data transport over the DBS system. We

begin by pointing out two distinguishing features of

this system as far as data transport is concerned: large

delay-bandwidth product and asymmetric connectivity.

We then present performance results for different types

of transfers: UDP transfers, TCP bulk transfers and

Web-like accesses.

5.1  Fundamental Issues

Reliable data transport over the DBS system has to con-

tend with the large delay-bandwidth product because of

the satellite hop and with the asymmetry between the

upstream and downstream bandwidths available to the

hybrid host and other hosts on the hybrid subnet. We

discuss these in turn.

5.1.1  Large Delay-Bandwidth Product

The delay-bandwidth product of a network path deter-

mines its capacity to hold data packets. Reliable trans-

port protocols attempt to match the amount of

outstanding data at the sender to this capacity5. For

instance, a TCP sender constantly probes the network,

adjusting its window size to best match the available

4.  In our experience, the routers in the DirecPC domain do

not filter out packets based on their source addresses. How-

ever, the routers in our home domain at UC Berkeley do so.

capacity.

In the DBS system, the long latency of the satellite hop

(about 280 ms) coupled with the latency of a typical

reverse channel (about 180 ms one-way for a SLIP dia-

lup line) results in a much larger end-to-end delay than

for regular Internet paths. This also leads to a large

delay-bandwidth product. For instance, a T1 down-

stream capacity with a round trip delay of 1 second

yields a delay-bandwidth product of about 180 KB.

This implies the need for large windows and the ability

to handle multiple packet losses in a single TCP win-

dow. Several extensions to TCP, including window

scaling and selective acknowledgements, have been

proposed to improve performance over such networks

[14, 15, 18], and implementations are available (e.g.,

[3]).

5.1.2  Asymmetric Paths

Reliable transport protocols require bidirectional flow

of traffic to ensure reliability. In the case of TCP, the

acknowledgements that flow from the receiver to the

sender are used both for loss recovery and flow control.

Therefore, a steady flow of acknowledgments is needed

to sustain the flow of data segments in the forward

direction. In steady state, a TCP receiver acknowledges

every incoming, in-sequence data segment (or every

other one with delayed acks [26]) and the sender sends

new data segments as it receives these acknowledge-

ments (ack clocking [12]).

With asymmetric bandwidth, the flow of acknowledge-

ments over the slow reverse channel could throttle the

flow of data packets. One way of alleviating this prob-

lem is to reduce the size of the acknowledgement pack-

ets using techniques such as SLIP header compression

[13]. Another is to send TCP acknowledgements less

frequently (e.g., [16]), although care must be taken to

ensure that the sender does not become very bursty as a

result. This may be achieved by regulating the trans-

mission of data at a consistent rate within the TCP con-

gestion window, using the ratio of window size to

smoothed round-trip time as an estimate of this rate.

Another problem arises because of the way TCP

chooses the maximum segment size (MSS) for a con-

nection. During connection setup (SYN exchange), the

peers exchange the MSS they are willing to support and

5.  Routers along the path are provisioned with buffers to

accommodate temporary fluctuations in the flow of data, so

the sizes of these buffers should also be added to determine

the capacity of the path.



4.2  Home agent-based routing

In order to extend the asymmetric routing mechanism

to all hosts in the hybrid subnet, we use a home agent-

based routing scheme similar to that employed by the

IETF Mobile IP protocol [25]. Each host in the hybrid

subnet is assumed to have a home subnet which is well-

connected to the Internet, and a corresponding home

address, HIP. When a host is away from home and part

of the hybrid subnet, it informs a software agent (the

home agent) in its home subnet of its new care-of

address, which is the hybrid subnet’s DBS gateway

(HHDBS).

With this association established, routing works as

shown in Figure 3(b). A host on the hybrid subnet uses

its home address, HIP, as the source address for outgo-

ing packets. As before, it tunnels the packets to the

hybrid gateway, which decapsulates and forwards them

on to the final destination. This host sends back its

response packets to the address HIP, which get routed to

the receiver’s home subnet. As in Mobile IP, the home

agent (with address HAIP) intercepts these packets and

tunnels them via the Internet and the satellite downlink

to the hybrid host, HHDBS. The hybrid host decapsu-

lates the packets and delivers them to the destination

host. The hybrid host acts like a Mobile IP foreign

agent, and uses either link-layer connectivity or a host

route to deliver packets to the destination. Note that we

have assumed that a host uses a local address (in the

hybrid subnet) that is the same as its home IP address

thereby facilitating local delivery of the decapsulated

packet. This requirement can be eliminated by having

the home agent do two levels of encapsulation: first

with the host’s new address in the hybrid subnet and

then with the DBS address of the hybrid host.

From Figure 3(b) we see that packets forwarded by the

hybrid gateway to the Internet have a source address,

HIP, which is outside the DirecPC domain. This may be

a problem in the presence of security-conscious rout-

ers4. An intermediate level of encapsulation solves this

problem, as depicted in Figure 3(c). The source address

in this intermediate header is HHDBS, which avoids

problems with security-conscious routers in both the

DirecPC domain and the home domain.

Figure 3. Two schemes for asymmetric routing: (a) tunnel-based, and (b) home agent-based. The rectangular
boxes show the headers of an outgoing packet sent to the Internet server and the corresponding reply. The

source IP address is in the upper box and the destination IP address in the lower one. The vertical lines sepa-
rate multiple IP headers when there is encapsulation and the shaded boxes denote data. The hybrid host is

assumed to be the gateway for the reverse channel. (c) shows the additional level of encapsulation in the header
of an outgoing packet to avoid filtering by security-conscious routers.
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ture. For example, soldiers might access battlefield

information via portable computers connected to base

stations located in a mobile command center, or medi-

cal personnel may view medical images from inside a

repositioning ambulance.

4. Asymmetric Routing

Asymmetric connectivity has implications for the rout-

ing of packets to the hybrid host and the hybrid subnet.

Outgoing packets from the subnet must traverse the

bandwidth-constrained reverse channel. For many types

of applications, including Web access, the volume of

outgoing traffic is small compared to the incoming traf-

fic. This mitigates the effect of the limited reverse chan-

nel bandwidth. While the reverse channel might

actually be able to support duplex traffic3, its limited

bandwidth would make it undesirable to receive incom-

ing traffic over it. It would be better to receive such traf-

fic via the high-speed DBS downlink. In Section 4.1,

we discuss how this asymmetric routing is achieved in

the DirecPC system. (As mentioned in Section 1, the

original DirecPC software assumes a dialup reverse

channel, but our software can be configured for any

form of IP connectivity.) In Section 4.2, we describe

our extensions for the more general hybrid subnet case.

4.1  Tunnel-based routing

Figure 3(a) illustrates a tunnel-based solution designed

for a hybrid host that is not part of a hybrid subnet. The

hybrid host typically has two different IP addresses:

one for the DBS downlink (HHDBS) and one for the

reverse channel (HHR) (such as the address assigned by

3.  In the DirecPC system, subscription keys are exchanged

over the duplex reverse channel.

a SLIP service provider). If the outgoing packets sent

by the hybrid host to an Internet host (SIP) use HHDBS

as the source address in the IP header, then the reply

from the Internet host will be sent to the address

HHDBS. This is exactly the desired routing behavior.

However, security mechanisms employed by the

reverse channel service provider could pose difficulties

for this simple solution. Packets with an IP source

address in a foreign domain, such as the DBS domain,

may be disallowed from traversing the link (“IP-spoof-

ing” protection). In order to solve this problem, the

hybrid host encapsulates each outgoing packet in an

outer packet with the reverse channel IP address, HHR,

as the source address, and tunnels it to the hybrid gate-

way (with address HGIP), which decapsulates it. The

hybrid gateway routes the inner packet, with HHDBS as

the source address and SIP as the destination address, to

the Internet host. As before, the Internet host sends any

reply packet to the address HHDBS, which gets routed

via the DBS downlink. This tunneling mechanism also

facilitates the use of techniques such as TCP acknowl-

edgement spoofing [9] by forcing acknowledgement

packets from the hybrid host to be routed via the hybrid

gateway.

A limitation of this scheme is that it works only for a

single hybrid host. Other hosts on the subnet cannot use

the address HHDBS to receive incoming traffic via the

DBS downlink because the identities of the original

senders would be lost in the process, making it impossi-

ble to deliver the received packets to the correct host.

Another limitation of this scheme is that outgoing pack-

ets are always routed via the hybrid gateway which

might be far from the most direct route to the destina-

tion.

Figure 2. A hybrid subnet (“LAN in a Van”). Note that the gateway for the reverse channel need not necessarily
be different from the hybrid host. As shown, the DBS address, the address of the reverse channel gateway and

the addresses used on the hybrid subnet are independent.
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one of several different means: a SLIP or PPP dialup

line, a cellular modem, a Cellular Digital Packet Data

(CDPD) modem, etc. The reverse channel bandwidth is

typically much lower than the aggregate downlink

bandwidth (15-30 Kbps versus 12 Mbps), resulting in

asymmetric (“hybrid”) Internet connectivity.

In addition to having an uplink to the satellite, the earth

station has a gateway to the Internet. There is a host

called the hybrid gateway, which acts as an intermedi-

ary between the hybrid hosts and other Internet hosts.

The earth station has several hybrid gateways, one for

each group of more than a hundred hybrid hosts. Each

hybrid gateway is connected to the Internet via a 1.5

Mbps T1 line. The downstream data rate to each

hybrid host advertised in the system specification is 400

Kbps. However, several hybrid hosts share the T1

capacity associated with the hybrid gateway to which

they are connected. Moreover, the 12 Mbps satellite

downlink is shared by all hybrid hosts. Thus, depending

on the number of active traffic streams, the bandwidth

available to a single hybrid host could be lower than the

advertised rate, or could actually exceed it.

3. Easy Relocation: “LAN in a Van”

In this section, we describe a networking architecture

based on the DirecPC Direct Broadcast Satellite (DBS)

system that supports rapid deployment and easy reloca-

tion. The motivation for this is to enable an instant

infrastructure capability.

In our architecture, the hybrid host at the user’s pre-

mises is connected to a subnet with multiple hosts,

which we call the hybrid subnet. Figure 2 shows the

organization of the local network at the user’s premises.

As before, there is a hybrid host, with an associated

DBS address, which receives data from the satellite’s

broadcast channel. The hybrid host is also connected to

a local area network such as an Ethernet. In general, the

reverse channel gateway could be different from the

hybrid host. This is useful if the hybrid host cannot be

configured as the gateway for the desired reverse chan-

nel for any reason, such as hardware or software limita-

tions.

Figure 2 also shows multiple hybrid subnets in the

vicinity of the hybrid host. In our testbed, these include

a radio-frequency wireless LAN (WaveLAN [2]) and

an infrared wireless LAN (IBM Infrared), both of

which form a part of the BARWAN wireless overlay

testbed [17]. The base stations for both these LANs are

connected to the hybrid host and the reverse channel

gateway via a 10 Mbps Ethernet.

The entire collection of hybrid subnets is easy to relo-

cate. Establishing the downlink only requires the satel-

lite dish to be oriented in the correct direction2, while

setting up the reverse channel requires low speed con-

nectivity such as a wired phone line or cellular cover-

age. Because of the ease of relocation, we colloquially

refer to this networking architecture as a “LAN in a

Van”. Many practical scenarios map onto this architec-

2.  The current DirecPC DBS antenna must be pointed manu-

ally; Hughes is developing a satellite antenna that can orient

itself automatically.

Figure 1. The architecture of the DirecPC DBS system.
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Networking using Direct Broadcast Satellite1

Abstract

In this paper, we present a networking architecture based on

the DirecPC Direct Broadcast Satellite (DBS) system that

supports rapid deployment and easy relocation. A funda-

mental characteristic of this network is its asymmetry — the

downlink has an aggregate bandwidth of 12 Mbps while the

reverse channel, such as a dialup line, has a relatively low

bandwidth. We describe our extension of the DirecPC rout-

ing scheme, which is designed for a single host, to support a

subnet with multiple hosts connected to it. We also discuss

performance results from UDP and TCP bulk transfers, and

Web-like transfers. Finally, we describe how the hybrid sub-

net has been integrated with the MBone to support real-time

audio/video dissemination.

1. Introduction

With the surge in interest in the Internet in recent years,

there have been several proposals for providing high-speed

network connectivity to homes and offices. These include

Hybrid Fiber Coax (HFC), such as those based on cable

modem technology, Digital Subscriber Loop (DSL), such as

ADSL (Asymmetric DSL), and Direct Broadcast Satellite

(DBS), such as Hughes’ DirecPC system [8]. Cable

modems and ADSL operate over the existing cable TV and

telephone networks respectively. Despite the high degree of

penetration of these technologies, the uneven quality of wir-

ing and other network components has so far hindered their

large scale deployment. In contrast, DBS requires minimal

terrestrial support infrastructure and provides universal cov-

erage over a large geographical region.

In this paper, we present a networking architecture using the

DirecPC DBS system and discuss the results of several

experiments. The DBS system provides asymmetric connec-

tivity with a high-speed DBS downlink and a separate low-

speed reverse channel. The original system from Hughes

1.  Daedalus project URL: http://daedalus.cs.berkeley.edu

This work was supported in part by DARPA Contract DAAB07-C-

D154.

provides connectivity to a single end host and support for

dialup return over a telephone line. We have extended it to

support multiple hosts and arbitrary reverse connectivity

(including an Ethernet that gateways into the Internet). Our

TCP bulk transfer experiments indicate that the socket

buffer sizes typically used by Internet hosts result in sub-

optimal performance due to the large delay-bandwidth prod-

uct of the DBS network. Because the connectivity of the

earth station to the Internet is limited by a 1.5 Mbps T1 line,

the bandwidth asymmetry is adequately overcome by tech-

niques such as SLIP compression [13]. However, the long

latency and the limited reverse channel bandwidth increase

latency for Web-like accesses; we show that techniques such

as persistent connections and pipelined requests (e.g., [24])

lead to significant performance improvements.

The rest of this paper is organized as follows. Section 2 pre-

sents an overview of the DirecPC DBS system. In Section 3,

we present an architecture for supporting easy relocation

using DBS. In Section 4, we motivate the need for asym-

metric routing and discuss various schemes for achieving it.

In Section 5, we discuss the performance of reliable and

unreliable bulk data transport, and shorter Web-like trans-

fers. In Section 6, we describe an extension of the Internet

MBone connectivity to hosts on a DirecPC subnet, to sup-

port real-time audio and video dissemination. We summa-

rize our work in Section 7 and discuss plans for future work

in Section 8.

2. DBS Overview

Figure 1 depicts the architecture of the DirecPC DBS sys-

tem, which is designed to provide asymmetric network con-

nectivity to users. The system has a geostationary satellite

that receives data from an earth station and broadcasts it

directly to the user’s premises. The bandwidth of this broad-

cast channel is about 12 Mbps and is shared among all users

in a large geographical region via packet-level multiplexing.

The user is equipped with a 24-inch wide dish antenna

which is pointed towards the geostationary satellite. A coax-

ial cable connects the antenna to an ISA bus adapter card

installed in a PC called the hybrid host. The reverse connec-

tivity from the user’s premises to the Internet is provided via
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