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Streaming Video over TCP with Receiver-based Delay Control
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SUMMARY  Unicasting video streams over TCP connectionsis a chal-
lenging problem, because video sources cannot normally adapt to delay
and throughput variations of TCP connections. This paper describes a
method of extending TCP so that TCP connections can effectively carry
hierarchically-encoded layered video streams, while being friendly to other
competing connections. We call the method Receiver-based Delay Control
(RDC). Under RDC, a TCP connection can slow down its transmission rate
to avoid congestion by delaying ACK packet generation at the TCP receiver
based on congestion noti  cations from routers. We present the principle be-
hind RDC, argue that it is TCP-friendly, describe an implementation that
uses 1-hit congestion noti cation from routers, and demonstrate by simu-
lations its effectiveness in streaming hierarchically-encoded layered video.
key words: video streaming, layered video, TCP, retransmission timeout,
delay control

1. Introduction

TCP is adominant transport layer protocol in current Inter-
net. It would be desirable if video and audio streams could
be carried over TCP connectionsto take advantage of TCP's
congestion control capabilities. However, it is well recog-
nized that current TCP implementations are not suited for
this purpose because TCP connections could introduce sig-
ni cant delay and throughput variations in the delivery of
data[1].

There have been many proposals on new transport pro-
tocols for the purpose of solving this video transport prob-
lem, see e.g. thework by Rejaie et. a [2]. These protocols
need to be TCP-friendly to ensure that they will not cause
network collapse [1][3][4]. However, proving a new trans-
port protocol to be TCP-friendly can bedif cult, becausethe
dynamics of TCP congestion control is extremely complex
[5].

In this paper, we take a different approach: we extend
TCPto makeit suitablefor transporting video, without mod-
ifying the TCP congestion control algorithm. In particular,
we do not change the TCP sender code that governs TCP's
behavior in the slow-start and congestion avoidance phases.
The only change we make is on the TCP receiver side. In
fact, our changeisno more than extending the delayed ACK
feature [6] in current TCP implementations, so that alonger
delay can be imposed on ACKing (sending of ACK packets
for received data packets) to avoid network congestion. For
these reasons, we believe that our approach is, by design,
TCP-friendly. We call this method Receiver-based Delay
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Control (RDC).
The three main contributions of this paper are summa-
rized as follows:

e We propose RDC, which can slow down a TCP con-
nection by extending ACKing delay, rather than shrink-
ing its congestion window as in traditional TCP. As
we shall argue this slowing down method increases the
consistency of TCP performance.

¢ We demonstrate that RDC connections can behave like
constant bit rate (CBR) pipesin the steady state. Asa
result, RDC connection iswell-suited for video stream-
ing.

o We describe a method of controlling the add and drop
of video layersin streaming layered video over a TCP
connection based on the buffer occupancy level of the
TCP sending buffer. Our simulation results show im-
proved performance of this layered streaming method
when it is used together with RDC connections.

The rest of the paper is organized as follows. In Sec-
tion 2, we describe the concepts and properties of a pure
form of RDC ( exact RDC ) that uses exact delay noti ca
tion from routersin calculating ACKing delay, aswell asan
approximate version of RDC that uses 1-bit congestion no-
ti cation fromrouters( 1-bit RDC ). Exact RDC isinstruc-
tive in explaining the principle behind RDC, and serving as
an ideal design point for performance comparison purposes,
whereas 1-bit RDC represents a practical implementation of
RDC. In Section 3, we present simulation results which es-
tablish the basic properties of RDC. Then in Section 4, we
describe design and implementation of a source algorithm
for transporting layered video streams[7] over TCP. In Sec-
tion 5, we show our simulation results demonstrating the
performance of RDC with the source a gorithm in transport-
ing layered video streams. In Section 6, we discuss some
related work. Finally, in Section 7, we summarize and con-
clude the paper.

2. RDC Concepts

We rst introduce the basic concepts and properties of exact
RDC by comparingit with traditional TCP. We then describe
two useful properties of exact RDC. Findly, we present 1-
bit RDC that requires reduced network support similar to
that of Explicit Congestion Noti cation (ECN) [8].



2.1 ExactRDC

Consider atraditional FIFO-based router with incoming and
outgoing links. As depicted by Fig. 1(a), each outgoing link
has a FIFO buffer. Packets arriving on incoming links are
forwarded to the FIFO buffer of an outgoing link. Packets
are removed from that buffer and sent to its outgoing link at
the link rate. The buffer occupancy, the number of packets
that are currently stored in the FIFO buffer, increases when
the arrival rate exceeds the departurerate. In the congestion
avoidance phase of traditional TCP, a connection will grow
its sending rate gradually until the FIFO buffer is exhausted
and a packet is dropped.

In contrast, exact RDC depicted in Fig. 1(b) is able
to keep the occupancy of the FIFO buffer low. The router
will calculate a delay for each arriving packet using atoken
bucket based mechanism, and append adelay noti cationto
the packet when it is forwarded to the next hop.

After receiving a data packet with adelay noti cation,
the TCP receiver will forward the payload of the packet to
the application immediately, but will impose a delay on the
ACKing according to the received delay noti cation. How-
ever, if a data packet arrives out of order, an ACK packet
will be sent immediately. Thus, duplicate ACK packets,
triggered by out-of-order packets, are not delayed. Thisis
essential for the proper working of fast retransmit and fast
recovery [9].

The router of Fig. 1(b) computes a delay for each ar-
riving packet using a token bucket. The objectiveis that the
computed delay for the packet should be the same as the de-
lay the packet would experienceif it was delayed in a FIFO
buffer of atraditional router of Fig. 1(a). This ensures that
exact RDC has the property described in the paragraph be-
neath Eq. (2). For simplicity, in the rest of the section we
assume all packetsin the FIFO buffer are of equal size, and
atoken in the token bucket represents a packet in the FIFO
buffer. When packets are of different sizes, we may use a
token to represent a byte of the packet.

More precisely, for each packet arriving at the router,
not only it is forwarded to the outgoing FIFO buffer, atoken
is aso inserted into the token bucket. We use token bucket
level to represent the number of tokensthat the token bucket
currently has. Thetoken bucket drainstokensat arate (in to-
kens per unit time) smaller than the rate (in packets per unit
time) that the outgoing link drains packets from the FIFO
buffer. The token bucket may till drain even thought when
the FIFO buffer isempty. Thedrainratio p isde ned as the
ratio of the token bucket’s drain rate over the link’s output
rate. Thedrainratio p isawayslessthan 1 for reasonsto be
explained |ater.

For each packet arriving at the FIFO buffer of Fig. 1(b),
adelay Dj,cqr IS computed as follows:

Diocat = Tiransmission X (Otb - 0FIFO)7 (1)

where Tyransmission 1S the packet transmission time over
outgoing link, Oy, is the token bucket level in tokens, and
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Fig.1 Compare RDC with traditional TCP. (a) In traditional TCP, pack-
ets are delayed in the FIFO buffer in the router during congestion; (b) in
exact RDC, the router computes the delay of each arriving packet that it
would experience in traditional TCP, using a token bucket method, and no-
ti es the TCP receiver to impose the delay on the ACKing of the packet;
and (c) in 1-bit RDC, the FIFO buffer in the router sets the Congestion
Experienced bit (CE bit) with amarking probability determined by the cal-
culated delay.

Orrro isthe FIFO buffer occupancy in packets.

Suppose that the arriving packet is already appended
with adelay noti cation D;pcoming. A NEW delay noti ca-
tion Doytgoing IS calculated using

Doutgoz'ng = maX(Dz’ncomz’ng; Dloca,l); (2)

and is appended to the packet before it departs from the
router.
After receiving adata packet with delay noti cation D,
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the TCP receiver will delay the ACKing of the data packet
by D. A TCP connection under exact RDC behaves the
same as the traditional TCP connection when the router has
alarge FIFO buffer and the outgoing link runs at a reduced
speed that is p timesthe original. The only differenceis, in-
stead of delaying data packets in the FIFO buffer, the ACK
packets are delayed at the receiver. Exact RDC, therefore,
behaveslike traditional TCP. Thus, it is TCP-friendly.

Token bucket level can grow without bounds, if the in-
put rate is higher than the output rate for a long period of
time. This could happen when the number of TCP owsis
expanding. To prevent the calculated delay from growing
unbounded, we limit the size of the token bucket to sizeyp.
When the token bucket level exceeds sizey, the incoming
packet is dropped. We note that although the computed de-
lay may become large, it does not necessarily prevent RDC
from utilizing available bandwidth. Large delay resultsin
large round-trip time, in this case, by using alarge conges-
tion window size the connection till can achieveahighrate.

When the drain ratio is set to be less than 100% of the
link rate, it helps to lower or even avoid the buffer occu-
pancy. To illustrate this, consider the case when packets ar-
riveat aratethat ishigher than thedrain rate but lessthan the
link rate. In this case the token bucket level will arise while
the buffer occupancy will not. Because of the raised token
bucket level, departing packets will be marked to signal the
TCP receiver to slow down the connection by extending the
ACKing delay. Thus the slowdown can be achieved even
without the associated increase in the buffer occupancy.

Choosing the p value is a matter of balancing between
link utilization and buffer occupancy. Aswe will show later
in the paper, when p is 90%, the FIFO buffer occupancy
under exact RDC can be kept below a few packets. How-
ever, because the utilization on the outgoing link is bounded
above by p times the bandwidth of the output link, we nor-
mally should not set p to be too low, e.g., below 90%. Al-
though, for our simulation results reported in this paper, p
is set to be 90%, we have observed that basically the same
performancelevel can also be obtained if p is set to be 95%.
Thus, when higher bandwidth utilization is required, we
should choose a p value higher than 90%.

2.2 Propertiesof Exact RDC

A RDC connection is suited for transporting video. First, it
can reduce the number of timeouts by allowing alarger con-
gestion window size, resulting from extending round-trip
time (RTT) by delaying ACKs. Second, it allows packets
to experience reduced queueing delaysin routers.

2.2.1 Reduced Number of Timeouts

We note that during the congestion avoidance phase, therate
of aTCP ow is determined by cwnd/RTT, where cwnd is
the congestion window size and RTT isthe round-trip time.
Thus, when the number N of TCP ows competing for the
same network link increases, each  ow must either decrease

its cwnd or increase its RTT.

Recall that cwnd cannot be smaller than one packet.
To avoid TCP timeouts, cwnd needs to be larger than four
packets to allow TCP fast retransmit and fast recovery to
work [9][10]. Infact, to be non-fragile, thatis, resilient to
retransmission timeouts, cwnd needs to be about six pack-
ets if Explicit Congestion Noti cation (ECN) is not used
[11][12].

Since it is undesirable to reduce cwnd below certain
limit, such as six packets, as noted above, increasing RTT
becomes necessary when the number N of competing ows
is suf ciently large. The RDC approach provides a way
of extending RTT without introducing queueing delays in
routers. That is, RDC delays the ACKing of packets at the
TCP receiver instead.

2.2.2 Reduce Network Queueing Delays

As discussed above, under RDC a network does not build
up queueing delays, and average queueing delaysin arouter
can be kept below a few packets. This ensures low latency
of packet delivery and alows the network to be responsive
to congestion and ow control. Both of them are important
for streaming applications. Keeping network queueing de-
lay low is generally regarded as a good practice, asis often
pointed out in the literature [13] [15].

2.3 1-bitRDC

To simplify the router requirements, we suggest that RDC
implementation use 1-bit Congestion Experienced (CE) no-
ti cations from routers, rather than noti cations containing
actual delays asin exact RDC described above. The CE bit
is placed in the header of an IP packet and is used by ECN
[8][16].

Recall that under exact RDC, the router calculates and
appends delay for each packet, so the receiver can delay the
ACK packet accordingly. As depicted in Fig. 1(b), the de-
lay is calculated by the router using a token bucket based
mechanism. An advantage of this approach is that the de-
lay calculated re ectsexactly the current congestion level at
the router, so the receiver can quickly adjust to it. A dis-
advantage, however, is that there are no natura places in
the TCP/IP headers to include the multi-bit delay value. We
could use a header option eld or the 16-bit ID €ld in the
IP header as discussed in[17] for this purpose, but these are
not standard methods.

As shown by 1-bit RDC of Fig. 1(c), RDC could be
implemented using the CE bit in the IP packet header. The
router could till employ a token bucket and update to-
ken bucket levels. But instead of appending each outgoing
packet with the calculated delay, it only sets the CE bit in
the I P packet header with a certain marking probability de-
termined by the difference between the token bucket level
and the FIFO buffer occupancy. That is, instead of using
Eq. (1) and (2) to calculate Djpeq; @nd Doyigoing, the router

rst calculates the difference to determine a marking prob-



ability. Then, if the incoming packet does not have the CE
bit set, the router will set the bit with the marking proba-
bility. The marking probability increases linearly from 0 to
1, asthe differenceincreases from O to acon gured thresh-
old, threshy. When the differenceis larger than threshyy,
the CE bit is always set to the incoming packet. (As noted
in Section 7, the CE hit can also be set by RED-like [14]
algorithms without using the token bucket.)

Thereceiver will adjust the delay that is to be imposed
on ACKing based on the percentage of received packets that
have the CE bit set. The receiver estimates the round-trip
time and uses it as an observation period over which the
percentage is computed. That is, the observation period is
the round-trip time of the ow, including the delay imposed
to the ACK packet. We use two parameters, a and b, to
denote some high and low thresholds, respectively. These
thresholds will be used to determine whether to increase or
decrease delay. For example, fora = 0.9 and b = 0.1, if
90% or above of the packetsreceived in a period of time are
set with the CE bit, the receiver will increase the delay for
every future ACK packet. On the other hand, if only 10% or
less of the packetsreceived in the period of time are set with
the CE bit, the receiver will decrease the delay.

When adjusting the delay, the receivers retain the
same additive-increase and multiplicative-decrease (AIMD)
[18][19] congestion window control behavior of traditional
TCP. That is, during congestion avoidance phase, the TCP
sender increases its sending rate additively by growing its
window size additively (add one packet to the window size
per round trip time) if it does not receive congestion signal
during theround-trip time. It will reduce the window size by
half to decrease its sending rate by half if thereis a conges-
tion signal. The AIMD behavior is important as it assures
that TCP connections can reach equilibrium when they are
in the congestion avoidance phase [18][20]. In RDC, the
receiver maintains a value as the amount of time to delay
the ACKing of each packet. This value will increase when
suf cient congestion signals are received from the network,
and will decrease when only few or no congestion signals
are received. To retain the same behavior as AIMD con-
gestion window control, we adjust the delay so that it is
increased multiplicatively and decreased additively. This
control method is thus additive-decrease and multiplicative-
increase.

We use D,, to represent the amount of delay to be im-
posed on ACK packets in the nth observation period. Ini-
tially, the receiver imposes no delay for ACK packets, that
is, Do = 0. When the observed percentage of packets with
CE bit set ishigher than the threshold a, the delay will be set
to be the estimated round-trip time. Because ACKing to all
packets received in the next observation period are delayed
for thisamount, it effectively doublesthe round-trip time be-
tween the two end points. The length of the next observation
period isthen updated to be this new length, sum of the esti-
mated round-trip time and the delay. The receiver continues
to observe received packets and calculates the percentage
for the next period of time. If the observed percentage is

|IEICE TRANS. COMMUN., VOL.E82 77, NO.1 JANUARY 1999

higher than the threshold a, the delay will be doubled. That
is, Dpt1 =2 x Dy, for D, > 0, where D,,; and D,, are
new and old delays, respectively. On the other hand, if the
observed percentageis lower than the threshold b, the delay
will be reduced according to the following equation:

cwnd
Dy = ——— D, 3
+ (cwnd + 1) % @

As shown in Eq. (3), the decrease in the delay is in-
versely proportional to the congestion window size (cwnd)
plus1. Thus, our delay updatefollows AIMD [18] principle.

In 1-bit RDC the CE bit is used as asignal for the re-
ceiver to estimate the value of the proper delay that would
have been computed exactly in exact RDC. If the receiver
underestimates the required delay on the ACKing of pack-
ets, then the sender’s sending rate will still be higher than
that the network allows. This means that packets with the
CE hit marked will continue arriving at the receiver with
high probability. The receiver, when still receiving pack-
ets with high marking probability, will further increase the
amount of ACKing delay to decrease the sender’s sending
rate. On the other hand, when the sender’s sending rate be-
comes lower than that the network can support, the receiver
will not receive packets with high marking probability. The
receiver will then decrease the delay to increase the sender’s
sending rate. Thus 1-bit RDC achieves the delay control
effect that approximatesthat of exact RDC.

3. Simple Simulation for RDC

To study RDC, we have performed simulations for a sim-
ple network con guration in ns-2 [21]. Fig. 2 depicts the
con guration, which is based on one of the con gurations
in[14]. Two ows, originating from two sources each with
a 100 Mbps link to the gateway and having the same end-
to-end round-trip delay of 42 ms, compete for the bottle-
neck link with a bandwidth of 45 Mb/s. The gateway has a
buffer of 140 packets. The packet size is 1,000 bytes. The
maximum window size of both owsis set to be 240 pack-
ets, whichisdightly morethan each ow’sbandwidth-delay
product (236.25 packets).
Note that if only one of the two ows is running, the
ow’s congestion window could reach the maximum win-
dow size of 240 packets. Thisis because some packets can
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Fig.2 Thecon guration for asimple network used in the simulation.






