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Error Recovery for Interactive Video Transmission
over the Internet
Injong Rhee and Srinath R. Joshi

Abstract—Real-time interactive video transmission in the
current Internet has mediocre quality because of high packet loss
rates. Loss of packets in a video frame manifests itself not only
in the reduced quality of that frame but also in the propagation
of that distortion to successive frames. This error propagation
problem is inherent in any motion compensation-based video
codec. In this paper, we present a new error recovery scheme,
called Recovery from Error Spread using Continuous Updates
(RESCU), that effectively alleviates error propagation in the
transmission of interactive video. The main benefit of the RESCU
scheme is that it allows more time for transport-level recovery
such as retransmission and forward error correction to succeed
while effectively masking out delays in recovering lost packets
without introducing any playout delays, thus making it suitable
for interactive video communication. Through simulation and real
Internet experiments, we study the effectiveness and limitations
of our proposed techniques and compare their performance to
that of existing video error recovery techniques including H.263+
(NEWPRED). The study indicates that RESCU is effective in
alleviating the error spread problem and can sustain much better
video quality with less bit overhead than existing video error
recovery techniques under various network environments.

Index Terms—Computer network protocols, error propagation,
forward error correction, interactive video transmission, packet
loss recovery, retransmission.

I. INTRODUCTION

T RANSMITTING high-quality, real-time interactive video
over lossy networks such as the Internet and wireless

networks is very challenging. Because of limited bandwidth
on networks and the bandwidth-hungry nature of video, video
transmission requires extremely high compression efficiency.
However, state-of-the-art video compression standards (MPEG
I and II, H.261) are not designed for transmission over a
lossy channel. Although they can achieve very impressive
compression efficiency, even small data losses can severely
degrade video quality. A few bit errors in encoded data can
cause the decoder to lose synchronization in the encoded
stream, and can render useless all the data received until the
next synchronization point. Furthermore, motion estimation
and compensation in these codecs pose an even more severe
problem, namelyerror propagation(or error spread). Motion
estimation removes temporal redundancy in successive video
frames by encoding only pixel value differences between a
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currently encoded image and a motion-predicted image created
from a previously encoded image (or reference frame). Image
distortion in a reference frame can propagate to its succeeding
frames and becomes amplified as more bits are lost.

Most of the earlier work on loss recovery focuses on re-
pairing packet losses before the scheduled display times of
those video frames contained in the lost packets (e.g., [35],
[31], [24], [45], [1], [41], [23], [26]). However, this approach is
ineffective for interactive video because data losses inevitably
occur in packet-switched communication, and detecting and
repairing losses incur latency. To handle this latency, existing
techniques introduce additional delays in frame display times.
However, delaying frame playout times greatly impairs interac-
tive communication.

Many researchers [35], [31], [24], [45] have proposed using
retransmission of lost packets by delaying frame playout times
to allow arrival of retransmitted packetsbeforethe display times
of their video frames. Any packets received after their display
times will be discarded. In these schemes, the display time of
a frame is delayed by at least three one-way trip times after its
initial transmission (two for frame transmission and one for a
retransmission request). This latency can significantly impair
interactive communication under the current Internet environ-
ment.

Forward error correction is also commonly proposed for error
recovery of continuous media transmission [23], [1], [20], [6],
[3]. However, conventional FEC schemes do not work well for
interactive video. This is because unless the playout time of
a frame is delayed, both the original packets and their parity
packets must be transmitted within the same frame interval, ren-
dering the schemes very susceptible to burst losses. Moreover,
since FEC is applied to a block of packets, before FEC packets
are computed and transmitted, a large delay must transpire.

In this paper, we propose an entirely complementary ap-
proach to the above-mentioned work by focusing on eliminating
error propagation when distortion on displayed images occurs.
Our point of departure from existing approaches is that packets
do not have to arrive in time for them to be “useful” for the
display of that video frame. Clearly, if packets can arrive before
the display time of their frame, that is optimal. However, due
to packet losses and high latency, repair packets inevitably
arrive late, causing distortion in displayed images which starts
to propagate to succeeding frames. In our approach, frames
are simply displayed at their normal playout times without
any delay, as they are decoded. Thus, if a repair packet arrives
after the playout time of its frame, the frame will be displayed
with errors. However, if we can buffer the displayed frame in
a buffer, and use the late repair packet to restore its buffered
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frame, we can stop error propagation. Because the frame is
used as a reference frame for its succeeding frames, restoring
the reference frame stops error propagation. We call this ap-
proachRecovery from Error Spread using Continuous Updates
(RESCU).

When combined with RESCU, the conventional packet
loss recovery techniques—retransmission and FEC—can also
be used for interactive video transmission since RESCU can
effectively mask out the delays involved in recovering lost
packets. When combined with retransmission, RESCU use
retransmitted packets arriving after the display time of their
frames to stop error propagation, thus enhancing the end video
quality. When FEC is used, FEC packets can be transmitted
over a relatively longer period, interleaving with the packets of
other frames to help reduce the effect of bursty losses. These
schemes are clearly different from the conventional ones in that
they do not introduce any playout delays.

The purpose of this paper is to show potential benefits of
RESCU in enhancing the error resilience of interactive video
transmission so that we can stimulate more research into devel-
oping better RESCU schemes. Using both simulation and actual
Internet experiments, we compare the performance of RESCU,
H.261, and H.263, and other error recovery techniques such as
NEWPRED [22], H.261, and H.263. We also study the strengths
and weaknesses of RESCU over various network situations. In
particular, we investigate network environments where a partic-
ular transport recovery technique combined with RESCU can or
cannot be effective.

This paper is organized as follows. In Section II, we first
describe related work. In Section III, we describe the RESCU
scheme and two recovery techniques each combined with re-
transmission and FEC, respectively. In Section IV, we present
our simulation and experimental results. Finally, in Section V,
we summarize our work in this paper and discuss the impact and
limitations of our work.

II. RELATED WORK

Error concealment is one of the widely proposed error con-
trol techniques (e.g., [14], [19], [27], [46]). Although error con-
cealment techniques can be combined with error recovery tech-
niques, they are not strictly error recovery techniques [7], so we
do not discuss them. We focus only on recovery techniques for
video transmission.

A. Feedback-Based Recovery

Recently, H.263 incorporated two feedback-based tech-
niques:error tracking and reference picture selection. Error
tracking (ET) utilizes the intra-coding of blocks to stop error
propagation, but limits its use to severely impaired image
regions only [40]. ET requires the encoder to know the lo-
cation and extent of erroneous image regions in displayed
images. This can be achieved by feedback from the receiver.
The receiver sends information about missing packets, and
the encoder estimates the region of error propagation in the
displayed images, and intra-codes those blocks contained the
region. The reference picture selection (RPS) mode allows the

encoder to select one of several previously decoded frames
as a reference picture for motion estimation. It is designed to
support a coding technique called NEWPRED [22]. In NEW-
PRED, using feedback from the receiver, the encoder uses for
prediction only those pictures that are reported to be received
(in the ACK mode), or not reported missing (in theNACK
mode). Since motion prediction is always based on the frames
that are received by the receiver, error propagation is effectively
eliminated. Wada [44] also proposed a scheme similar to ET. As
in ET, the encoder computes the extent of error propagation by
lost packets. However, unlike ET where affected macroblocks
are intra-coded, the Wada’s scheme simply excludes them from
next motion prediction. Thus, error propagation can be stopped
when new frames are coded using only those regions that are
not affected by lost packets. In contrast, cascaded RESCU does
not involve the encoder, and error tracking is performed only at
the decoder rather than at the encoder. Thus, it does not require
any change in the encoded bit stream.

Retransmission has recently attracted much attention for
packet loss recovery in video transmission. Ramamurthy and
Raychaudhuri [35] applied a similar technique to video trans-
mission over ATM. They analyzed the performance of video
transmission over an ATM network when both retransmission
and error concealment are used to repair errors occurring from
cell loss. Padopoulos and Parulkar [31] proposed an implemen-
tation of an ARQ scheme for continuous media transmission.
Various techniques including selective repeat, retransmission
expiration, and conditional retransmission are implemented
inside a kernel. Their experiment over an ATM connection
showed the effectiveness of their scheme.

Retransmission is also used for video multicast. Liet al. [24]
proposed an elegant scheme for multicasting MPEG-coded
video. By transmitting different frame types (I- P-, and
B-frames) of MPEG to different multicast groups, they im-
plemented a simple layering mechanism in which a receiver
can adjust frame play-out times during congestion by joining
or leaving a multicast group. Retransmission is used for
high-priority streams. The scheme is shown to be effective
for noninteractive real-time video applications. In a video
conferencing involving a large number of participants, different
participants may have different service requirements. While
some participants may require real-time interactions with other
participants, others may simply want to watch or record the
conference. Xuet al. [45] contended that retransmission can
be effectively used for the transmission of high quality video
to the receivers that do not need a real-time transfer of video
data. They designed a new protocol calledstructure-oriented
resilient multicast(STORM) in which senders and receivers
collaborate to recover lost packets using a dynamic hierarchical
tree structure.

Remarks: A drawback of feedback-based techniques is that
when the networks do not support feedback channels, they are
useless. If feedback channels are supported, but limited in band-
width, then those techniques requiring frequent feedback may
not be effective.

ET and NEWPRED adopted in H.263have a serious lim-
itation. First, they modify their picture coding patterns based
on specific information about lost packets (such as which frame
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lost packets belong to, or which macroblocks lost packets con-
tain). Thus, continuous feedback from a receiver is essential in
their performance. In some networks, such as wireless cable
modems and direct satellites, feedback channels are highly lim-
ited and contention-based, or even unavailable. Often mobile
hosts are too low powered to transmit frequent feedback. It is
also clear that these techniques are not for multicast. Because
their coding patterns depend on knowing exactly which packets
are lost by a receiver, they are not useful in a multicast environ-
ment involving many receivers. As different receivers may lose
different packets, adjusting picture coding or reference frame
address based on specifics about lost packets does not scale well
in a multicast environment.

In contrast, RESCU does not change its coding pattern
based on the specifics on lost packets, but rather based on net-
work characteristics such as loss rates and burst length. It also
relies only on transport-level recovery to recover lost packets
which can adapt to given network environments. For instance,
when feedback channels are limited, then more RESCU-FEC
is used, and under a multicast environment, more scalable
packet loss recovery using retransmission, as in [32] and [12],
can be adopted.

In addition, all of existing retransmission techniques (except
RESCU) use frame playout delays to compensate for retrans-
mission delays.

B. Proactive Recovery

Error propagation can be alleviated by intra-coding more
image blocks, but at the expense of compression efficiency.
Several popular video conferencing tools, such asnv [13],
vic [29], andCU-SeeMe [11], adopt this approach. Using a
technique calledconditional replenishment, these tools filter
out the blocks that have not changed much from the previous
frame, and intra-code the remaining blocks. Since all the coded
blocks are temporally independent, packet loss affects only
those frames that are contained in lost packets.

FEC has been successfully applied to audio transmission [5],
[3], [33], [34]. There are only a few studies on applying FEC to
video transmission.Priority encoding transmission(PET) [1],
[23], [41], encodes different segments of video data with dif-
ferent priority. Each packet contains relatively more redundant
information about the higher priority segments of the data, so
the information with a higher priority can have a higher chance
of correct reception. The PET scheme is also incorporated into
vic [29], and is reported to give a good performance [43]. This
good performance is partially due tovic ’s intra-coding which
limits error propagation caused by loss of lower priority seg-
ments.

Bolot and Turletti [6] proposed an interesting FEC technique
for packet video where a packet contains the redundant infor-
mation of some of previous packets. The redundant information
is created by encoding the image blocks contained in the pre-
vious packets with a large quantization step. They claimed that
if the video source is not bursty, long burst losses are rare, and
the proposed scheme would work well for video.

H.263 also includes a similar technique calledindependent
segment decoding(ISD) [21]. In the ISD mode, each video slice

is encoded as an individual picture (or subvideo) independent of
other slices. In particular, each slice boundary is treated just like
picture boundary. ISD does not eliminate error propagation, but
limits the extent of error propagation to a slice.

MPEG-4 adopted several error resilient techniques for wire-
less video transmission [42]. These include resynchronizations
strategies, data partitioning, reversible VLC’s, and header ex-
tension codes. Most of these techniques focus on preventing lost
data from affecting the decoding of received data. For instance,
loss of some header information affects all the data that tagged
on the header although they are received correctly. These tech-
niques minimize this effect.

Remarks: A drawback of proactive techniques is that it
wastes bandwidth under error-free transmission. Furthermore,
in wireless mobile networks, the assumption made in [6] does
not hold because long burst losses can be common due to fading
and channel interference. Thus, the FEC schemes mentioned
above are susceptible to burst errors because both data and
FEC-encoded packets have to be transmitted at the same frame
interval. Also, if FEC-encoded packets are transmitted over
a longer period, additional playout delays may be incurred.
MPEG-4’s techniques can be used along with RESCU to
further reduce the effect of data loss.

C. Hybrid Recovery

Hybrid techniques combine ARQ (retransmission) and FEC
for better error resilience. There are two types of hybrid tech-
niques:type-I hybrid ARQ[10] and type-II hybrid ARQ[25].
Type-I hybrid ARQ transmits both error detection and correc-
tion data at the initial transmission of data. If the receiver cannot
recover lost packets using the transmitted parity data, it requests
retransmission of the same data from the sender. Type-II hy-
brid ARQ does not send any redundant data with the first trans-
mission, but sends only parity data when retransmission is re-
quested.

Liu and El Zarki [26] applied a hybrid ARQ technique for
video transmission. They proposed a hybrid ARQ technique
that combines the benefit of type-I and type-II techniques, and
showed its efficacy for video transmission over wireless net-
works. They showed that using rate-compatible punctured con-
volutional (RCPC) codes [15], [17], one or two retransmission
attempts achieve a low packet error rate under a perfectly inter-
leaved Rayleigh fading channel.

Hybrid ARQ techniques were also studied in reliable multi-
cast [39], [30]. While FEC helps reduce occurrences of inde-
pendent losses, retransmission repairs correlated packet losses.
They showed that hybrid ARQ reduces the bandwidth overhead
of repairing packet losses in reliable multicast involving many
receivers.

Remarks: Although hybrid ARQ schemes work better than
FEC or retransmission alone, they do not overcome the limi-
tations of traditional recovery techniques. Since retransmission
always incurs delays, and FEC is still susceptible to burst losses,
a hybrid ARQ scheme still falls short of handling the retransmis-
sion delays and burst losses without introducing delays in frame
playout delays.
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Fig. 1. RESCU with PTDD 2.

III. ERRORRECOVERY TECHNIQUES

A. Recovery from Error Spread Using Continuous Updates
(RESCU)

We base our discussion on H.261, an International Telecom-
munication Union (ITU) video standard (although RESCU can
be applicable to any video codec that employs motion compen-
sation such as H.263 and MPEG). In H.261, a video sequence
consists of two types of video frames:intra-frame(I-frame) and
inter-frame(P-frame). I-frame removes only spatial redundancy
present in the frame. P-frame is encoded through motion esti-
mation using another P-frame or I-frame as a reference frame
(R-frame). For each image block in a P-frame, motion estima-
tion finds a closely matching block within its R-frame, and gen-
erates the displacement between the two matching blocks as a
motion vector. The pixel value differences between the orig-
inal P-frame and a motion-predicted image of the P-frame ob-
tained by simply cut-and-pasting the matching image blocks
from its R-frame are encoded along with the motion vectors.
In this codec, because of the interdependency among frames, if
we lose any packet(s) belonging to a video frame, not only is
that frame shown with distortion but the error also propagates
to the succeeding frames until the next synchronization point
(an I-frame). However, I-frames cannot be sent often since they
have a large number of packets, which would increase band-
width consumption.

1) RESCU: Using RESCU, we can increase the error re-
silience of H.261. In RESCU, packets arriving after their display
times are not discarded but instead used to reduce error propaga-
tion. We define thedeadline of a packetto be the time by which
the packet must arrive at the receiver to be useful. RESCU al-
lows this deadline to be arbitrarily adjusted through thetemporal
dependency distance(TDD) of a frame which is the number of
frame intervals between that frame and the frame it temporally
depends on. By extending TDD, we can arrange a frame to be
referenced much later than its display time. This adjustment es-
sentially masks out the delay in repairing lost packets. For in-
stance, we can make everyth frame (which we callperiodic
frame) reference another periodic frameframe intervals away.
The TDD of periodic frame is calledperiodic TDD(PTDD) (see
Fig. 1. Every nonperiodic frame (frames between two consecu-
tive periodic frames) depends only on its immediately preceding
periodic frame. Thus, the TDD of the nonperiodic frames is be-
tween 1 and PTDD-1. Although a periodic frame may be dis-
played with errors because of some loss of its packets, when
these losses can be recovered within a PTDD period, the errors
will stop propagating beyond the next periodic frame. Also, er-
rors in nonperiodic frames do not propagate at all because all

Fig. 2. H.261 decoder modified to handle the recovery of reference frames.

nonperiodic frames temporally depend only on periodic frames.
Note that extending TDD does not affect frame playout times
because all frames are still displayed at their scheduled display
times.

Fig. 2 shows an H.261 decoder modified to handle the
recovery of reference frames using retransmitted packets.
The only difference from the original H.261 decoder is one
additional frame buffer added to handle the recovery. In the
figure, the current frame contains only the prediction error
and motion vectors of the current frame, while the reference
frame buffer contains the fully motion compensated image
of the reference frame (i.e., periodic frame) of of the
current frame, and the base reference frame buffercontains
the reference frame of . When a packet is received and
decoded into an image block, the decoder determines whether
the block belongs to the current frame being decoded or its
reference frame. If it is for the current frame, then the block is
stored into frame buffer along with its motion vector. If it is
for the reference frame, the block is added with its temporally
dependent block in frame buffer and stored into . At
each display time, the current frame is constructed using the
information in and . If the current frame is a periodic
frame, after displaying the frame, is copied to and the
displayed image is copied to . In this scheme, as long as the
packets belonging to arrive before the construction of the
current frame, the packet can be used to prevent errors in the
reference frame from propagating to the current frame.

Figs. 3 and 4 show video clips from a proof-of-concept ex-
periment. The distortion in the second picture of Fig. 3 is due to
packet losses, which propagates even though the rest of frames
are correctly received in time. However, in Fig. 4, when RESCU
is used, the quality of the third picture immediately bounces
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Fig. 3. Error propagation.

Fig. 4. RESCU stops error propagation.

Fig. 5. Cascaded RESCU recovery.

back when the packets for the second frame are recovered be-
fore the decoding of the third frame.

Implementing RESCU in other standard codecs is straight-
forward. For instance, supporting RESCU in H.263does not
require any change in the current standard of H.263. The Inter-
national Telecommunication Union (ITU) adopted a technique
calledreference picture selection[16] which allows the encoder
to select any previously decoded frames as a reference frame for
prediction. Since RPS allows the reference frame address of a
frame to be encoded with that frame, PTDD can be adjusted by
simply modifying this address.

2) Cascaded RESCU:The encoder can determine ap-
propriate PTDD based on the current network conditions.
However, if network conditions change (e.g., latency becomes
longer) after a periodic frame is sent, that frame on the way
to the destination might have too short PTDD for the changed
environment. This could cause the periodic frame to miss its
deadline, resulting in error propagation. Since the frame has
been already encoded and transmitted, there is nothing that the
encoder can do to save the frame.Cascaded RESCU recovery
alleviates this problem without involving the encoder.

In RESCU, each periodic frame temporally depends on the
previous periodic frames. Thus, by employing more reference
frame buffers for periodic frames in the decoder, larger delays in
receiving packets can be accommodated. In cascaded RESCU,
every macroblock in a buffered periodic frame has a data struc-
ture calleddependent block list(DBL). The DBL contains all
the macroblocks of its immediately dependent periodic frame

that use at least part of that macroblock for motion prediction.
This information is recorded when a periodic frame is decoded.
Suppose that a periodic frame is decoded using a frame
as a reference frame. When a macroblockin is decoded,
the decoder can find all the macroblocks of that contain
at least part of the motion-prediction matching area of(de-
termined by its motion vector) and records the i.d. of in
the DBL’s of those macroblocks. When a lost packet in
is recovered, the decoder finds the macroblocks stored in the
DBL of each macroblock contained in the recovered packets,
and recomputes motion compensation for those blocks. Fig. 5
illustrates this scheme when PTDD is one (i.e., all frames are
periodic). The shaded squares represent image blocks, and the
arrows represent temporal dependency among blocks. For ex-
ample, block uses as a reference for motion prediction at least
part of block (i.e., ’s DBL contains ), and so on. Suppose
that the current frame’s sequence number is, and is the base
reference frame and contains the completely reconstructed pic-
ture of frame , while -frame ( contains decoded
prediction error and motion vectors of its frame ( ).
Suppose again that is lost. Then all the blocks , and
contain errors. When is finally restored, can be restored by
restoring using , then using the restored , and then
using the restored .

Cascaded recovery trades additional buffers and computation
for increased recovery times. Note that cascaded RESCU re-
covery allows packet deadlines to be extendedat the receiving
times, but not at the encoding times. This scheme is somewhat
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Fig. 6. The recovery of frames using retransmission.

similar to error tracking [40] or error concealment as done in
[44]. However, they differ from cascaded RESCU since they re-
quire the encoder to be involved in recovery.

3) Replenishment:It is also possible that RESCU can fail.
When buffers are not available, or PTDD is too short for in-
curred repair delays, periodic frames cannot be recovered before
the decoding of their dependent frame. This also leads to error
propagation. To prevent this type of error propagation, we use a
commonly adopted technique calledreplenishment. We use re-
plenishment when the receiver detects losses in periodic frames
not recovered even after a PTDD period. The receiver notifies
the sender about those irrecoverable losses, and the notification
triggers the sender to code the next frame as an intra-frame. The
intra-frame stops error propagation due to the earlier losses be-
cause the intra-frame does not have temporal signal dependency
with any of frames transmitted earlier. Since it significantly in-
creases bandwidth consumption, a recovery scheme has to strive
to minimize the number of replenishments.

B. RESCU Retransmission

Retransmission is the most commonly used error recovery
technique for reliable data transport. The sender (or another
receiver in a multicast environment) simply retransmits the
packets reported missing by a receiver. Since repair packets
are retransmitted only when some indications exist that the
packets are lost, retransmission incurs very low bit overhead.
In addition, retransmission is less susceptible to burst losses.
This is because the time distance between the time when
the initial losses occur and the time when the corresponding
retransmission is effected large enough for the initial losses to
not affect the loss of retransmitted packets.

However, for interactive video transmission, conventional re-
transmission techniques do not work well. Conventional tech-
niques require retransmitted packets to arrive within a single
frame interval after the time that they are first lost, but the as-
sociated delays in detecting and retransmitting the lost packets
are often larger than one frame interval.

In contrast, RESCU effectively masks out repair delays since
retransmitted packets need to be received only within a PTDD
period. Fig. 6 illustrates error recovery using RESCU and re-
transmission in a video stream containing two packets per frame
and PTDD 2. Packet 3 is lost, and the receiver receives packet
4 at time and recognizing that packet 3 is not received, sends
a retransmission request (NACK) to the sender. The sender gets
the NACK at time and retransmits packet 3. The retransmitted
packet arrives at time which is before frame 3 is displayed.
Packet 3 is now used to restore the reference frame of frame 3
(frame 1), so frame 3 can be decoded and displayed without an
error. This retransmission technique is fundamentally different
from other retransmission techniques [35], [31], [24], [45] in
that it does not introduce any delay in frame playout times.

The automatic repeat request (ARQ) scheme adopted for
RESCU is very simple. Suppose that the receiver can buffer up
to periodic frames which can be used for Cascaded RESCU
(in our experiments, we set it to 2). The sender assigns a unique
integer as a sequence number for each packet being transmitted,
and the sequence number is consecutively incremented for each
packet. The sender keeps all the packets of the lastperiodic
frames.

The receiver detects packet losses through gaps in the se-
quence numbers of received packets. Every time the first packet
of a new frame is received, the receiver sends feedback to the
sender notifying all the packets it has not received that belong
to the last periodic frames. When the sender receives the feed-
back, if the packets reported missing are in the sender’s buffers,
then it retransmits those packets. If the sender does not have
the missing packets (which means that the sender removes them
from its buffers), then it simply ignores the feedback.

C. Forward Error Correction (FEC) RESCU

One main disadvantage of retransmission-based error re-
covery is that its performance is too sensitive to transmission
delays. Although RESCU can accommodate larger transmis-
sion delays than conventional retransmission schemes, a larger
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Fig. 7. Interleaving of packets in RESCU of PTDD 4 with (5, 8) LBC encoding.

transmission delay requires larger PTDD. As PTDD increases,
compression efficiency gets lower because two consecutive
periodic frames may not have much temporal redundancy,
and the TDD of nonperiodic frames also increase. In addition,
packet losses in periodic frames can be restored only after one
round trip time. Thus, during the time, nonperiodic frames can
have error propagation.

Furthermore, in some networks, sending feedback to the
sender can be costly. Over direct broadcast satellite links or
cable modems, feedback channels are highly bandwidth limited
and contention-based. Some mobile wireless hosts simply do
not have extra capacity to send feedback frequently to the
sender. In video multicast, it is also not desirable to have direct
feedback from each receiver to the sender because of the known
ramification of the acknowledgment implosion problem. In
these circumstances, using feedback is very limiting.

FEC is a very compelling alternative for all these environ-
ments. A Reed–Solomon erasure correcting code (RSE code),
such as the one described by McAuley [28], is a commonly used
FEC encoder wheresource packets of bits are encoded into

packets of bits (i.e., data packets plus parity
packets). This group of packets is called as anFEC block.
The RSE decoder at the receiver side can reconstruct the source
data packets using anypackets out of its FEC block. Efficient

RSE encoding and decoding algorithms have been de-
veloped and implemented to achieve real-time performance [2],
[18], [38], [30]. For instance, the throughput of the software
coder by Rizzo [38] can achieve 11 MB/s on a 133-MHz Pen-
tium.

In RESCU, the original data of a periodic frame packetized
into source packets are transmitted at the frame interval of
the periodic frame, and then its parity packets are trans-
mitted over the PTDD period. The transmission time of each
parity packet is evenly spaced over the period, interleaving with
the packets of other frames. Fig. 7 shows a transmission se-
quence of data and parity packets in RESCU. When several data
packets are lost, the corresponding periodic frame and its depen-
dent nonperiodic frames will be displayed with errors. However,
as ensuing parity packets can be received to recover the periodic
frame, this will cause the remaining nonperiodic frames within
the PTDD period and the next periodic frame to be displayed
without error propagation.

Conventional FEC schemes can be categorized into two
kinds. One type is to transmit both data and their parity packets

within the same frame interval. The other scheme is to transmit
the parity packets in later frame intervals than the interval in
which data packets are sent. The former scheme is susceptible
to burst packet losses and since FEC is applied to a block of
packets, before FEC packets are computed and transmitted,
large delay must transpire. The latter scheme has to introduce
additional delays in frame playout times to allow enough
time for the receiver to receive parity packets and restore the
currently displayed images. Although these schemes can be
effective for a one-way, near-real-time video transmission, it
seriously impairs interactive video communication.

In general, the bit overhead of FEC schemes is sensitive to
packet size. This is because each packet contains a set of pro-
tocol headers which incur almost a constant bit overhead no
matter how small a packet is. Over the Internet, the header size
could be at least 40 octets (IPv4) or 60 octets (IPv6) when
RTP/UDP/IP is used for video transmission. Thus, it is more ad-
vantageous to use larger packets to reduce the bit overhead due
to protocol headers. However, larger packets increase the gran-
ularity of forward error correction, potentially also increasing
bit overhead. Recognizing this header overhead, researchers are
proposing new Internet standards for header compression [8],
[9] which reduce the header size up to 2 octets. It is expected
that the sensitivity of an FEC scheme to packet size will not be
critical in the future.

IV. EXPERIMENTAL RESULT

The objective of our experimental work is to study the poten-
tial effectiveness of the two transport recovery techniques—re-
transmission and FEC—when integrated with RESCU for en-
hancing the error resilience of real-time interactive video trans-
mission over the Internet. To achieve this objective, we first
show the superior performance of the RESCU techniques to
other existing recovery techniques in terms of error resilience
and bit overhead. We then investigate the behavior (strength and
weakness) of RESCU under various network environments. Of
particular interest is the examination of its behavior under var-
ious loss rates, transmission delays, and loss burstiness.

In what follows, we first describe our experimental method-
ology, and then we discuss the results of the experiments. For
convenience, we refer to the FEC technique integrated with
RESCU asRESCU-FEC, and the retransmission technique
combined with RESCU asRESCU-REC.
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TABLE I
TEST VIDEO SEQUENCES

A. Testing Methodology

We modified H.261 to incorporate RESCU, and use that im-
plementation for our testing throughout this paper. Note that
RESCU can be incorporated into any motion compensation-
based codecs such as H.263. We expect that the performance
of RESCU combined with H.263 would be better because of its
better motion estimation than H.261.

Full-search motion estimation and a default quantization
step size 8 are used for all experiments. We use three MPEG-4
test sequences as test video sequences for our experiments.
The three video sequences are described in Table I. For every
experiment, the frame rate is set to 10 frames per second. The
image size of CIF (352 288 color) is used for experiments.
The test video sequence is first compressed using each codec,
and the encoded video frame is packetized into approximately
256-byte packets such that the individual packets contain an
integral number of macroblocks.

Cascaded RESCU recovery with one additional buffer
is adopted for RESCU-REC. This effectively doubles the
deadline of packets of periodic frames for RESCU-REC. In
RESCU-FEC we also space parity packets evenly over a PTDD
period, interleaving with the packets of other (nonperiodic)
frames.

We generate a packetized sequence corresponding to 190
frames. This sequence is replayed several times for about 2
min. The replay does not reduce the integrity of the experiment
because the first frame is always intra-coded in all the tested
schemes.

Performance study is conducted in two ways: simulation and
actual Internet experiments. In most cases, we use Internet ex-
periment traces to compare the performance of different tech-
niques. However, when studying the effect of particular net-
work parameters, we resort to simulation because it is difficult
to control a certain parameter of real network environments. Un-
less indicated as simulation in performance all the figures pre-
sented in the next section are taken from the results of Internet
trace-driven experiments.

1) Simulation Method:We model burst packet losses using
a two state continuous Markov chain where .
A packet transferred at timeis lost if and not lost
if . The two-state Markov model is commonly used to
model the loss behavior of the Internet [4], [39].

The stationary distribution associated with this chain is
where and .

Let be the probability that the process is in stateat time

given that it was in stateat time . Network conditions are
characterized by the packet transmission rate, the loss prob-
ability , the mean burst loss length, and the mean network
delay . Then, and .
The network delay is modeled by an exponential distribution
with the mean delay .

Given a packetized sequence, we determine whether each
packet is lost or not through the Markov loss model. When re-
transmission is used for recovery, for each lost packet that be-
longs to a periodic frame, we find out whether the packet is re-
ceived by retransmission before its deadline. Each retransmis-
sion attempt costs one round trip time which is calculated from
the network model. A packet can be retransmitted as many times
as it is allowed by its deadline.

After obtaining a transmission trace of a video sequence, we
run the decoder on the trace to measure the image distortion
due to packet losses. The image distortion is computed using
the peak signal-to-noise ratio (PSNR) of decoded images over
the original images.

2) Internet-Transmission Test:We conducted actual video
transmission tests over the Internet from Korea to the U.S. These
testing sites are chosen because transmission delays between
two sites vary over a wide range of delays between 100 ms and
1 s. The transmission tests were conducted every 45 min be-
tween October 10 and October 13, 1998, to obtain traces. Each
packet of a frame is transmitted at a regular interval by the given
frame rate and the number of packets within that frame. One
intra-frame is sent at every 95th frame in addition to intra-frames
sent for replenishment. We use only the “container” sequence
for the actual transmission tests. The tests with other video se-
quences are conducted using the traces obtained from the actual
transmission tests.

We first obtain a packetized sequence of a test video sequence
and transmit that sequence by using a recovery scheme. In our
transmission tests, we transmit only the packetized sequences
of RESCU-REC. For each transmission test, we obtain a 2–min
trace that records the packet sequence numbers, the arrival times
of all received packets, and the number of retransmission at-
tempts for each packet if any.

For fair comparison between any two schemes, we apply a
technique calledmappingwhich works as follows. An actual
transmission trace is fed into a trace-driven simulator which em-
ploys a well-known UCB/VINT network simulatorns . The en-
coder/packetizer generates a packetized sequence of each frame
at a rate of 10 frames per second, and passes it tons .

We modified the error model ofns so that it maps the loss
state of each packet in the input trace to that of a received
packet from encoder. If packet is marked as lost in the trace,
then packet is dropped, and not delivered to the receiver. Note

or can also be repair packets (i.e., retransmission or FEC
packets). After is mapped, then its next packet in the trace
is mapped to the next packet arriving from the encoder. This
process is continued until the trace runs out of packets to map.
The transmission delays withinns are also varied according to
the exponential distribution over the mean of the network delays
of packets transmitted around the same transmission time of the
current packet being mapped in the trace. Feedback messages
are assumed to be received reliably in the mapping. Based on
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TABLE II
STATISTICS FORTEN DIFFERENTTRANSMISSIONTRACES

the feedback received from the receiver, the encoder may vary
its coding patterns if it is required by the recovery scheme.

Through the actual transmission tests, we obtained 66 traces
of RESCU-REC for PTDD 3, 68 traces for PTDD 6, and 68
traces for PTDD 9. On these transmission traces and the mapped
traces, we run the off-line decoder to measure the distortion in
the video frame due to packet losses. The image distortion is
computed using the peak signal-to-noise ratio (PSNR) of de-
coded images over the original images.

B. Comparison of RESCU to Other Recovery Schemes

For clarity of presentation, we categorize traces into groups
with a similar loss rate and round trip time (RTT). We selected
ten groups, each of which shows a different loss rate and RTT,
and consists of six traces of a similar loss rate and RTT (in most
cases, the traces in the same group are taken at the same 45 min
period). Table II summarizes the average traffic characteristics
of the ten groups.

Five different schemes are being compared: RESCU-REC,
RESCU-FEC, NEWPRED, H.261, and H.263. We run the two
RESCU schemes over the 60 traces summarized in Table II.
At each run, we vary PTDD and the number of FEC packets
(for RESCU-FEC only) used to protect a periodic frame to find
the best performance of RESCU, and obtain the average PSNR
and bit rate. For each of the 60 traces, we find the run with the
best ratio of the average PSNR over the average bit rate, and
record its average PSNR and bit rate. We then take the average
of the recorded PSNR and bit rate for each group. The results
of RESCU-REC and RESCU-FEC on the three test video se-
quences are plotted in Figs. 8–13.

C. Comparison to H.261 and H.263

We first provide a strawman’s comparison of RESCU, H.261,
and H.263 to determine the effect of error propagation. There
are many techniques that can improve the performance of H.261
and H.263, such as error concealment [14], [19], [46], [27] or
error tracking [40]. However, the comparison discussed in this
subsection is to find the baseline performance when no recovery
mechanism (other than-frame refresh) is provided for H.261
and H.263. This will give an insight on how much improvement
RESCU can achieve from the baseline.

Fig. 8. The average PSNR forcontainer.

Fig. 9. The average bit rate forcontainer.

Fig. 10. The average PSNR fornews.

Tables III–V show the percentage increase of average bit rate
per frame for each video sequence as PTDD increases when
RESCU is combined with H.261 (RESCUH.261) and with
H.263 (RESCU H.263). When PTDD is set to one, the av-
erage bit rates of RESCUH.261 and RESCUH.263 are the
same as the average bit rates of H.261 and H.263. The tables
also show the average bit rate increase of periodic frames in
RESCU H.261 (denotedPeriodic framein the tables), and the
average bit rate when we intra-code every frame (denotedIntra
framein the tables). The results indicate that for each increment
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Fig. 11. The average bit rate fornews.

Fig. 12. The average PSNR forchildren.

Fig. 13. The average bit rate forchildren.

of PTDD, the compression efficiency of RESCU drops about
3% to 5% incontainer, and about 2% to 12% innewsandchil-
dren. From the tables, we can see that as more motion becomes
present, the bit overhead of RESCU increases. We will see in
Figs. 8–13 that RESCU achieves the best quality and bit rate
tradeoffs compared to all the techniques we tested. The com-
pression efficiency sacrifice of H.263 for increased PTDD is
larger than of H.261, although H.263 gives much better com-
pression efficiency. This is because H.263 relies more on motion
compensation than H.261 (using a technique such as half-pixel

motion estimation). As PTDD increases, the temporal redun-
dancy between two adjacent periodic frames and between a pe-
riodic frame and its dependent nonperiodic frames get reduced.
Thus, motion compensation becomes less effective. However,
as we see in Figs. 8–13, this bit overhead is much less than what
H.261 or H.263 has to pay to be as error resilient as RESCU.
In addition, since the bit overhead of periodic frames is much
less than I-frames, there exists much advantage in exploiting
temporal redundancy between two periodic frames than coding
them as I-frames.

In all video sequences tested, the average PSNR’s of H.261
and H.263 fall rapidly (to as much as 12 dB lower) as loss rates
increase because of error propagation. Even at low loss rates,
quality degradation is quite significant in all video sequences.
The PSNR degradation of H.263 is more severe than that of
H.261. This is because H.263 relies heavily on motion estima-
tion to get the bit rate as low as 50% of what H.261 gives. Thus,
the impact of error propagation is larger.

We observe that RESCU shows the best ratio of PSNR over
the bit rate. The quality degradation of RESCU is much slower
as loss rates increase than the other recovery schemes. For in-
stance, incontainer, under low loss rates below 5%, with only
less than 12% bit overhead, it can achieve more than 5 dB higher
PSNR than H.261. Even under very high loss rates, RESCU
can show about 10 dB higher PSNR than H.261 with only 25%
bit overhead incontainer. We expect that the bit overhead of
RESCU will be further reduced when it is combined with H.263
instead of H.261. The effectiveness of RESCU reduces as there
is more motion in the input video. While it can sustain over
30 dB under low and medium motion sequences even under the
highest loss rate, its quality drops below 30 dB under high loss
rates in high motion. While still achieving much higher PSNR
than H.261 under high loss rates, the bit overhead of RESCU
has increased to 60% inchildren. This is because motion pre-
diction using only periodic frames as references becomes less
effective as rapid motion becomes more present.

From the figures, we also notice the sensitivity of
RESCU-REC to network delays. Under less than 300 ms
round trip time (RTT), RESCU-REC gives slightly less bit
overhead than RESCU-FEC, while both give similar PSNR.
However, under high delays traces (8, 9, 10), its PSNR degrades
substantially. We will study further the performance impact of
network delays to RESCU in Section IV-F2.

We also estimate the bit overhead of H.261 and H.263 to
achieve similar video quality as RESCU over the tested traces.
To show this, we run various instances of H.261 and H.263,
each with a different intra-frame refresh rate. For each trace,
we find all the instances that give a similar average PSNR value
as RESCU under that same trace. Among them, we select the
instance that gives the highest ratio of the average PSNR over
the average bit rate, and record its PSNR and bit rate. At the
end, we average PSNR and bit rate values for each group, and
plot them along with the values of RESCU. The results are la-
beled asH.261(with intra)andH.263(with intra)in the figures.
The results indicate the following. To maintain similar video
quality as RESCU, H.261 needs about 70% more bit overhead in
container, 55% innews, and 15% inchildren, and H.263 needs
about 40% incontainer, about 15% to 35% innews, and 5% to



RHEE AND JOSHI: ERROR RECOVERY FOR INTERACTIVE VIDEO TRANSMISSION OVER INTERNET 1043

TABLE III
BIT RATES PERFRAME OF VARIOUS IMPLEMENTATIONS OFRESCUAS PTDD INCREASESUSING CONTAINER

TABLE IV
BIT RATES PERFRAME OF VARIOUS IMPLEMENTATIONS OFRESCUAS PTDD INCREASESUSING NEWS

TABLE V
BIT RATES PERFRAME OF VARIOUS IMPLEMENTATIONS OFRESCUAS PTDD INCREASES USINGCHILDREN

Fig. 14. The performance of RESCU and H.261 in a 10% mean packet loss trace.

20% inchildren. This high bit overhead indicates that RESCU
achieves very good tradeoff of video quality over bit rates.

We can also study the video quality of H.261 and RESCU
when they both use the same bit rate. The bit rate of a RESCU
technique can be matched to that of H.261 by either using condi-
tional replenishment [29] or increasing quantization steps. We
show only the case with conditional replenishment, as the re-
sult with the other case is similar. Fig. 14 shows the result of a

technique combining FEC and RESCU, and H.261 for a single
trace with about 10% loss rates. The bit rate of both H.261 and
RESCU is set to a similar rate (around 180 kbps). The top picture
compares the PSNR of H.261 and RESCU for each frame, while
the bottom picture indicates loss rates for each frame. They are
plotted against packet sequence numbers (i.e., time).

The overall mean PSNR of RESCU is very good although its
quality has to be reduced due to conditional replenishment. The
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PSNR of RESCU drops quite substantially when a frame un-
dergoes high loss. However, in most cases, its quality quickly
bounces back when the loss rate of the subsequent frames re-
duces. This is because repair packets sent later restore dam-
aged periodic frames and subsequent frames will be displayed
without error propagation. Generally, we can also observe many
plateaus for RESCU in Fig. 14. This is because losses in nonpe-
riodic frames do not affect the quality of next frames as nonperi-
odic frames are not used as reference frames. Thus, when subse-
quent frames do not have losses, they can be displayed without
errors as long as their referenced periodic frames are restored in
time.

On the other hand, error propagation takes a heavy toll on the
video quality of H.261. Clearly, when losses occur, the quality
of frames containing lost packets degrades. However, even when
loss rates get better, its quality does not improve because of error
propagation. For instance, around sequence number 13 000, the
trace experiences almost 100% losses for a period longer than
10 s. Congestion collapse on the network path allows no packets
to be delivered to the receiver. After that period when the loss
rate becomes low, both techniques perform replenishment at
the same time (around sequence number 13 300). Both schemes
suffer losses in the intra-frames sent at that time, and display
damaged frames. H.261 cannot recover from these losses until
near sequence number 14 000 when a new intra-frame is re-
ceived. On the other hand, RESCU recovers the lost packets be-
fore the reception of the next periodic frame, and restores the
video quality immediately. This result shows that eliminating
error propagation tremendously increases the error resilience
and video quality of interactive video transmission.

D. Comparison to NEWPRED

The reference picture selection (RPS) mode adopted in
H.263 allows the encoder to select any previously transmitted
frame as reference frame for motion compensation. It is de-
signed to support a coding technique called NEWPRED [22].
In NEWPRED, using feedback from the receiver, the encoder
uses as reference frames for motion prediction only those
pictures that are reported to be received (in theACK mode),
or not reported missing (in theNACK mode). Since motion
prediction is always based on the frames that are received by
the receiver, error propagation is eliminated.

We tested the performance of NEWPRED in Nack mode over
the ten trace groups shown in Table II. Figs. 8–13 show the per-
formance comparison of RESCU and NEWPRED. The average
PSNR of NEWPRED seems similar to that of RESCU-REC.
However, its bit rate overhead is much more than RESCU, es-
pecially under high loss rates. This can be explained as follows.
Under high loss rates, only a small number of frames are re-
ceived without loss. Since only those frames that do not con-
tain packet losses can be used as reference frames, NEWPRED
might have to reference a frame transmitted many frames before.
Since there is little redundancy between the reference frame and
the encoded frame, compression efficiency is greatly reduced.
Further, when NEWPRED sends an intra-frame, the packets of
that intra-frame can also be lost. Thus, when a NACK is received
indicating losses in the earlier intra-frame, a new intra-frame

Fig. 15. The average PSNR of RESCU-FEC and conventional FEC schemes
over various loss rates (container).

has to be sent since no frame can be used as a reference frame.
Sending intra-frames more frequently causes high bit overhead.

The performance of NEWPRED is also sensitive to RTT be-
cause error propagation will continue until feedback is received
indicating whether a certain frame is received (in ACK mode) or
not received (in NACK mode). This is the reason why it shows
similar PSNR as RESCU-REC.

RESCU is more effective under low and medium motion se-
quences such ascontainerand news. The bit rate difference
between NEWPRED and RESCU is much smaller in thechil-
dren sequence. NEWPRED incurs about 30–40% more over-
head than RESCU undernewsandcontainer,while only about
10% inchildren.

E. Comparison of RESCU-FEC to a Conventional FEC
Scheme

We study the improvement of RESCU-FEC over a conven-
tional FEC scheme combined with H.261 where parity packets
are transmitted immediately after the transmission of their pro-
tecting data packets in a back-to-back fashion. Since, in H.261,
every frame temporally depends on its immediately preceding
frame, we add parity packets for every frame to prevent error
propagation. In addition, we allow H.261 to perform replenish-
ment when a frame suffers from packet losses that cannot be re-
covered by parity packets (i.e., when losing more packets than
parity packets) to prevent error propagation. We ran experiments
to measure the bandwidth required to achieve the video quality
of H.261 comparable to that of RESCU-FEC when H.261 is pro-
tected by FEC. The results for experiments with 4 and 6 parity
packets per frame are shown in Figs. 15 and 16.

The results show that under low loss rates, four parity packets
are enough for H.261 to sustain good video quality. However,
as loss rate increases, we notice that with four parity packets,
the receiver often requests for replenishment. This is why we
see a high increase in bandwidth usage. Before a replenishment
request is received and serviced by the encoder, error propaga-
tion occurs. We see the effect of this error propagation on video
quality under high loss rates where the quality gradually de-
grades. In contrast, the bit overhead is somewhat steady when



RHEE AND JOSHI: ERROR RECOVERY FOR INTERACTIVE VIDEO TRANSMISSION OVER INTERNET 1045

Fig. 16. The average bit rate of RESCU-FEC and conventional FEC schemes
over various loss rates (container).

6 parity packets per frame are added to H.261, although it also
shows slight turn upwards near high loss rates.

In RESCU-FEC, nonperiodic frames are not protected.
Thus, if they lose any packets, they are displayed with distor-
tion. Moreover, periodic frames are recovered relatively later
than in the conventional FEC scheme since FEC packets are
transmitted over a PTDD period after the transmission of the
frame they are protecting. This is the reason why we see that
the conventional FEC scheme gives a PSNR about 1 or 2 dB
higher than RESCU-FEC. In fact, no matter how large PTDD
is, RESCU-FEC cannot perform better than the conventional
FEC scheme due to distortion in nonperiodic frames, since only
periodic frames are protected in RESCU. However, the better
video quality of the conventional FEC scheme comes only
at the expense of bit overhead caused by replenishment and
parity packets. Our experiment indicates that conventional FEC
scheme needs about 15–20% more bit overhead to maintain
similar or better video quality than RESCU-FEC.

In summary, the experimental result implies that transmitting
data packets and their corresponding parity packets all within
the same frame interval (as in the conventional FEC schemes)
leaves the video stream vulnerable to burst losses and does not
effectively use bandwidth. RESCU-FEC allows a more effec-
tive use of bandwidth while providing a reasonably good error
resilience.

F. Evaluation of RESCU over Various Network Environments

Several network parameters are critical to the performance
of RESCU, particularly: loss rates, transmission delays, and
loss burstiness. In this subsection, we explore these parametric
spaces, and investigate the impact they have on the error re-
silience, final video quality, and bit overhead of interactive video
transmission over the Internet.

1) Impact of Loss Rates:Figs. 17 and 18 show the video
quality of RESCU-FEC and RESCU-REC over various
loss rates. To eliminate the impact of network delays, for
RESCU-REC, we take the results from the traces with less
than 300 ms round trip delays. Both techniques show high
error resilience under 10% loss rate. However, when the loss
rate becomes larger than 12%, they suffer degradation in their
quality.

Fig. 17. The average PSNR of RESCU-REC for traces with less than 300 ms
round trip delays.

Fig. 18. The average PSNR of RESCU-FEC with various loss rates
(container).

The advantage of RESCU-REC over RESCU-FEC becomes
evident in their bit consumption. The good video quality of
RESCU-FEC comes at the expense of higher bit rates. As shown
in Figs. 19 and 20, the bit rate of FEC is generally 5–8% higher
than that of REC. There are two reasons why RESCU-REC
gives lower bit rates. First, retransmission occurs only when
packet losses occur while FEC packets are continually sent re-
gardless of packet losses. This effect can be seen from the good
video quality with less bit overhead than RESCU-FEC under
low transmission delays. Second, REC is less sensitive to burst
losses. Since retransmitted packets take more than one round
trip time to arrive, if a loss burst starts at the time of the first
loss that triggers retransmission, the same burst is most likely
to be ended by the time when retransmitted packets arrive at the
receiver. However, this is not the case for FEC. Although the ef-
fect of burst losses is much less critical for RESCU-FEC (due
to its coarse-grained interleaving) than for conventional FEC
techniques, the performance of RESCU-FEC is still affected by
burst losses. This effect is not clearly visible from Fig. 20. Later,
we investigate this issue in more detail.

2) Impact of Transmission Delays:The disadvantage of
RESCU-REC is its sensitivity to transmission delays. When
transmission delays are too long, retransmitted packets do
not arrive before their deadlines, causing error propagation.
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Fig. 19. The average bit rate of RESCU-REC with various loss rates
(container).

Fig. 20. The average bit rate of RESCU-FEC with various loss rates
(container).

RESCU-FEC does not have this problem because the inter-ar-
rival times of repair packets after a packet loss are independent
of transmission delays. Figs. 21 and 22 clearly show the effect
of transmission delays on the performance of RESCU-REC.

In Fig. 21, RESCU-REC shows good video quality under low
network latency (less than 250 ms) even with PTDD 3. However,
in all other cases, RESCU-REC is highly sensitive to network
latency. RESCU-REC shows total ineffectiveness under high
RTT’s. As PTDD becomes larger, the video quality generally
improves, but larger PTDD increases bit overhead due to lower
compression efficiency (see Fig. 19). In Fig. 22, RESCU-FEC
is clearly much less sensitive to RTT’s. As RTT’s increase,
its performance degrades a little because high latency usually
occurs at the time of congestion (under heavy packet losses).
However, its sustained performance is much higher than that of
RESCU-REC.

3) Impact of Burst Losses:The Internet traces we obtained
do not show a wide range of loss burst lengths. Most of the long
loss bursts happen under relatively low loss rates. These traces
have long loss burst lengths because they include one or two oc-
currences of very long burst lengths (larger than 100 packets).
When loss rates are low, these traces result in long mean burst
lengths. We have very few occurrences of long loss burst lengths
for high loss rates. Most of those traces have mean loss burst

Fig. 21. The average PSNR of RESCU-REC with various round trip delays
(container).

Fig. 22. The average PSNR of RESCU-FEC with various round trip delays
(container).

lengths between 1 and 3. The short burst lengths we observed
from most traces confirms the result of earlier Internet study [4]
indicating that long loss bursts are rare in the Internet, while
short mean burst lengths less than 3 are common. The perfor-
mance study using our Internet traces does not show the impact
of burst length to video quality because low loss rate traces gen-
erally give very good video quality (even though with occasional
long loss bursts). To show the performance impact of loss burst
lengths on a variety of network environments, we resort to sim-
ulation.

We run simulation experiments which simulate network en-
vironments with a wide range of loss burstiness while fixing the
mean loss rate to 10%. In the experiments, we also fix PTDD
to 6, and vary the number of parity packets from 2 to 6. Parity
packets are evenly spaced over each PTDD period. Figs. 23 and
24 illustrate the impact of burst losses in the performance of
RESCU-FEC. The loss rate of 10% is applied in all simulation
experiments. While the PSNR remains relatively the same over
different burst lengths, the replenishment count clearly shows
the effect of bursts. Replenishment with an intra-frame occurs
when RESCU-FEC fails. Thus, the count represents how effec-
tive RESCU-FEC with a given amount of redundancy can be.
For each additional redundant packet with a PTDD period, the
bandwidth increases by a factor of about 1.6% since each frame
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Fig. 23. The average PSNR of RESCU-FEC with various numbers of
parity packets within PTDD 6 over different loss burst lengths (simulation on
container).

Fig. 24. The number of replenishments for RESCU-FEC with various
numbers of parity packets within PTDD 6 over different loss burst lengths
(simulation oncontainer).

consists of about 10 packets. Clearly from Fig. 24, we can see
that two parity packets within PTDD 6 are not enough in all loss
burst lengths tested—more than 48 replenishments within the
2–min playout time were made in all cases. The count reduces
as more redundant packets are added. It is also shown that a
long loss burst length causes more replenishments. Under mean
burst length 1, four parity packets are enough, while under burst
lengths 1.5 and 2, five and six parity packets are needed which
is only 6–8% bit overhead. This indicates that RESCU-FEC
can perform very well with only a small amount of redundancy
even under high burst losses. Since replenishment confines error
propagation very well, the video quality of RESCU-FEC does
not show many variations under varying burst lengths.

G. The Summary of Experimental Results

In comparison to NEWPRED, NEWPRED shows relatively
good video quality through its solution for the error propaga-
tion problem. However, it tends to incur very high bit overhead

under high loss rates, especially when losses are somewhat uni-
formly distributed. As (a small number of) packet losses spread
over many frames, NEWPRED cannot find a reference frame
that is not damaged, and incurs high compression overhead. In
contrast, the bit overhead of RESCU seems much lower than
NEWPRED over a wide rage of loss rates while maintaining
comparable video quality to that of NEWPRED.

In comparison to various protection mechanisms applied
to H.261 and H.263, such as frequent intra-frame replenish-
ments, and more forward error correction per frame, the result
shows that eliminating error propagation in H.261 and H.263
tremendously increases error resilience and video quality of
interactive video transmission. However, the bit overhead of
these schemes that must be incurred to achieve the same video
quality as RESCU is very high, requiring over 15–70% more bit
rates over RESCU. Even when bit rates are fixed the same for
RESCU and H.261, the video quality of RESCU shows more
than 5 dB higher PSNR than H.261 in an Internet experiment.
The conventional FEC scheme which transmits data packets
and their corresponding parity packets all within the same
frame interval leaves the video stream very vulnerable to burst
losses and does not effectively use bandwidth. RESCU-FEC
allows a more effective use of bandwidth while providing a
reasonably good error resilience.

We also notice that as more high motion becomes present
in a test video sequence, RESCU’s performance degrades sig-
nificantly. This is because the effectiveness of RESCU relies
heavily on motion prediction, and video scenes with high mo-
tion do not contain much temporal redundancy for motion pre-
diction to be effective. We observed this behavior in the test se-
quences with high motion (children). However, RESCU gen-
erally gave higher performance than any other techniques we
tested.

Through the study of RESCU under various network condi-
tions, we learned that RESCU-REC can give very good error
resilience with low bit overhead under low transmission de-
lays. However, under long delays, the quality of RESCU-REC
suffers a great setback. The advantage of RESCU-FEC is that
FEC repairs lost packets more quickly than retransmission since
no loss detection and feedback delays are incurred in FEC. In
RESCU-REC, lost packets are detected only by a gap in re-
ceived packet sequence numbers and, furthermore, feedback has
to travel to the sender to trigger retransmission. RESCU-FEC
does not have these problems and is the reason for its good per-
formance. Our experimental results indicate that with a small
amount of bit overhead (6–8%) for parity packets, RESCU-FEC
can achieve good error resilience under significantly high loss
rate and loss burst length.

V. CONCLUSIONS ANDLIMITATIONS

In this paper, we show that retransmission and forward error
correction could be made effective error-recovery techniques for
interactive video applications without introducing any artificial
extension of frame playout times. The key idea is that correcting
errors in a reference frame due to packet losses could be used to
prevent error spread. Our performance comparison study based
on real Internet traces and simulation experiments indicates that
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RESCU gives superior error resilience with lower bit overhead
for interactive video transmission when compared to other ex-
isting recovery techniques. In this paper, we show the result of
performance comparison only for variations of H.261, H.263,
and NEWPRED. In our preliminary work reported in [37] and
[36], we also reported that RESCU gives much higher perfor-
mance than Intra-H.261 (adopted invic MBone tool [29]), and
layered coding techniques.

The main implication of our work is that for most of the prac-
tical situations on the current Internet, retransmission and FEC
techniques are proven to effectively alleviate the problem of
error spread with only lower bandwidth overhead than other re-
covery schemes. Especially, FEC has an advantage in making a
minimal use of a feedback channel, and retransmission has an
advantage in efficiently using bandwidth. The techniques have
the potential to be very useful also in multicast and wireless or
satellite based communications.

The two main limitations of RESCU are noteworthy. One
is that it is effective only when neighboring frames in the
video sequences contain significant temporal redundancy.
Since RESCU buys recovery times by increasing temporal
dependency distance, this point is essential. Therefore, under
high motion scenes, RESCU would be less effective. Second, it
exacts extra computation and buffer space at the receiver side
because the receiver has to engage in restoring reference frames
before decoding a dependent frame, and displayed reference
frames have to be buffered. This problem becomes more
severe as the technique employs cascaded recovery involving
many buffers. However, as we limit the cascade to one or two
buffers, this problem becomes manageable. Since only the
currently damaged part of reference frames has to be restored,
computation overhead is not too much. The buffer requirement
of RESCU is also much less than NEWPRED, because in
NEWPRED, the receiver does not know which frame will be
selected to be referenced by the sender, and thus it has to buffer
many reference frames.

The work presented here also has a limitation. Since network
conditions vary over time, the PTDD period and the number of
parity packets have to be adjusted to optimize error resilience
and bandwidth usage. We leave the study of such an adaptive
technique as future work.
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