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Abstract

In this paper, we consider the problem of online smoothing of live video transmissions, where low latency
is critical. To address the low latency requirement, our approach is to wait for a small smoothing window
of video frames to be generated, and smooth them prior to their transmission. We present two classes of
techniques that adapt an optimal offline algorithm[11] for online use: jumping window algorithms, in which
an algorithm executes on consecutive non-overlapping smoothing windows, and sliding window algorithms,
in which an algorithm executes on overlapping smoothing windows. We then evaluate these techniques using
MPEG-1 traces. We find that the videos smoothed by these techniques show dramatic reduction in their peak
rate, coefficient of variation and effective bandwidth. Furthermore, these reductions can be obtained by using
very small window sizes, from 1 s to 5 s, indicating that even live video applications that have extremely tight
latency requirements can benefit tremendously from using online smoothing. It is also of interest to note that
these reductions in peak rate, coefficient of variation and effective bandwidth are very close to those obtained
by the optimal offline algorithm. This implies that most of the smoothing benefits that can possibly be seen by
a live video transmission can be attained by online smoothing operating on a very small smoothing window,
thus incurring only a very small additional latency.

1 Introduction

Digital video, compressed using techniques such as MPEG, can exhibit significant bit-rate variability, often
spanning multiple time scales and in some cases exhibit self-similar behavior[4]. This burstiness is inherently
at odds with the goals of designing efficient real-time storage, retrieval, network transport and admission control
mechanisms capable of achieving high resource utilization. To ameliorate the problem for video that is stored,
several researchers have developed techniques to transmit variable-bit-rate (VBR) video in a less bursty (i.e.,
smoother) manner by exploiting buffering capabilities at the client[3, 8, 9, 10, 11]. Results in [11] show a
reduction in peak bit rate and standard deviation by 70-85%, when video is smoothed into a 1 MB client buffer.
This indicates that smoothing techniques are likely to be deployed for transport of compressed stored video.

In this paper, we consider the problem of smoothing live video transmissions, which have low playback
latency requirements. There is a fundamental tradeoff between playback latency and quality of smoothing.
Offline smoothing algorithms perform better smoothing over long video traces. For live video transmissions,
however, it is necessary to maintain low latency, and therefore it is not desirable to wait for long video sequences
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to be generated. Thus, the dual goals of an online smoothing technique are to achieve a high degree of smoothing
while providing low latency.

To address the low latency requirement, our approach is to wait for a small smoothing window of live video
frames to be generated, and smooth the transmission of these frames prior to transmitting them. Our algorithms,
described in Section 2, are based on the offline algorithm developed in [11]. We use this algorithm because, given
a stored video, it produces the smoothest possible schedule by minimizing its peak rate, coefficient of variation
and effective bandwidth[5, 2].

We evaluate the efficacy of window-based approaches to on-line smoothing by evaluating their performance
on MPEG-1 traces in Section 3. We find that the videos smoothed by these techniques show dramatic reduction
in their peak rate, coefficient of variation and effective bandwidth. For example, the SLWIN(W/2) algorithm
described in the paper reduces the peak and coefficient of variation of a video trace by 63% and 62% respectively,
using only a 5 s smoothing window. These significant reductions can thus be realized by using very small window
sizes, and live video applications with extremely tight latency requirements can benefit tremendously from using
online smoothing. It is also of interest to note that these reductions in peak rate, coefficient of variation and
effective bandwidth are very close to those obtained by the optimal offline algorithm. This implies that most of
the smoothing benefits that can possibly be seen by a live video transmission, can be attained using the algorithms
we investigate in this paper.

Other techniques have been investigated in smoothing of live video. Adas et. al[1] investigate linear prediction
techniques for forecasting bandwidth requirements of future frames. Lam et. al[7] present a lossless smoothing
algorithm which employs heuristics for predicting future frames based on knowledge of compression patterns
in the video. Kanakia et. al[6] have presented adaptive techniques that use congestion control feedback from a
network to regulate and smooth the output bit rate within a video encoder.

2 Problem setting and algorithm description

Given a video trace and client buffer size information, the smoothing algorithm presented in [11] analyzes the
entire trace offline and produces a transmission schedule that is smoother, i.e., has a much lower peak rate as
well as lower rate variability, subject to the constraint that the client buffer must not overflow or underflow. The
technique does work-ahead transmission into the client buffer, using the buffer to absorb the rate variability in the
video. To amortize the transmission of the first frame of the video, particularly for MPEG compressed videos in
which it is a large I frame, a small playback startup latency can be used. This playback startup latency is defined
to be the amount of time the client waits, after receiving the first frame of the video, to begin playback. In [11] it
is shown that a small 0.5 s startup latency is often enough to ameliorate this “first frame” effect.

For live video transmission, however, the entire video is not available to perform optimal smoothing. The
fundamental idea behind our approach to online smoothing is to adapt the offline smoothing algorithm to execute
on small segments of a live video as they are generated. These segments over which smoothing is performed are
referred to as smoothing windows. Thus the online algorithm is executed repeatedly during the video transmission,
each time on a different smoothing window. We investigate the viability of this heuristic approach, by comparing
the peak rate and rate variability of the video smoothed by window-based online algorithms with the unsmoothed
video and the smoothed video generated by the optimal offline approach.

Without loss of generality, we consider a discrete time model where data is transmitted at time slots, each slot
corresponding to a video frame period. If the smoothing window size is , any smoothing algorithm has to wait
for time units after a live video transmission begins, in order that frames are generated. Thus the effective
latency for the video as seen at the client, ignoring propagation delay, is when the playback startup latency
is .

We assume that the execution time of the smoothing algorithm is negligible. The algorithm is and takes less than 40 on the
average to smooth one frame on a MIPS R4400 processor with 32 MB of memory, i.e., it takes less than about 12 ms to smooth 1 s worth
of 30 frame/s video.
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Policy Normalized Normalized
Peak COV

UNSMOOTHED 100.00 100.00
FAR 42.89 42.55

SLWIN(W/2) 37.10 38.30
OFFLINE 28.07 26.60

(e) Comparison of different policies

Figure 1: Smoothing ofMTV trace. For OFFLINE and SLWIN(W/2), the startup latency is 0.5 s and the client buffer size
is 512 KB. The smoothing window size for SLWIN is 5 s.

We refer to the first class of algorithms we investigate as jumping window algorithms, since they execute
on consecutive non-overlapping smoothing windows, each of length . They execute every frame periods,
smoothing the frames that are generated in that time period. For MPEG traces, we choose to be an integer
multiple of a group-of-pictures(GOP). The baseline algorithm, called BASE, simply applies the offline smoothing
algorithm[11] on consecutive segments of the video. In MPEG, every GOP begins with a large I frame, and
hence BASE is likely to perform poorly because it will attempt to smooth an frame at the beginning of every
smoothing window except in the first window, where the transmission of the first frame is amortized over a
startup latency period. We thus consider a variation called , which places the first frame farther within
a smoothing window. We denote the size of a GOP as . chooses the first smoothing window size to
be , thus keeping the first frame in every other smoothing window frames away, which is the
farthest an frame can be from the beginning of any window.

The second class of algorithms are called sliding window algorithms. They execute on consecutive over-
lapping (i.e., sliding) smoothing windows of size . denotes a sliding window algorithm that
slides over frames in a video and smoothes frames starting from that position. In this paper, we report the
performance of . The sliding window algorithms are expected to perform better than the moving
window algorithms for the following reason. Consider executing with a smoothing window size
. At time , it smoothes a video segment from frame position to . At time , when additional

video frames are generated for transmission, the algorithm starts to smooth frame positions starting from
frame position to . Since the offline algorithm uses work-ahead transmission,
whenever possible, it sends more data into the client buffer than needed by the client. Thus several frames in the
range may be completely or partially transmitted by time , leaving fewer than frames
worth of data to be smoothed over a transmission time period of . This occurs for each and every window of
data smoothed by the sliding window algorithms, and thus they are expected to perform better than the jumping
window algorithms in reducing the peak rate and the rate variability in the live video. However, this improved
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Figure 2: Comparison between performance of different jumping window policies usingMTV trace.

performance does come at a cost. , operating on a smoothing window size , smoothes each frame
times on the average. This effectively increases the scheduling and execution overhead of the smoothing

algorithm, which could become a factor in this real-time live transmission scenario, particularly when the server
is heavily loaded.

3 Trace-based Evaluation

In this section, we examine the impact of online smoothing algorithms on video stream characteristics. To
evaluate the performance of the smoothing algorithms, we use the metrics of peak rate, coefficient of variation
(standard deviation divided by the mean rate) and effective bandwidth of the video stream. The second two
metrics gives us a measure of the rate variability present in a smoothed stream. The effective bandwidth of a
video trace with frame sizes , is computed as follows. Assume that the video is passing through
a network link with buffer and the tolerable loss rate is . Defining , the effective bandwidth
estimate of the video is expressed as [2].

We evaluated the performance of the algorithms on MPEG-1 traces of an MTV (27 min. 46 sec long with
mean rate 590.5 kbps) and a CNN (91 min 32 sec long, mean rate 1.2 Mbps) telecast. Here we present and
analyze results forMTV. We depict characteristics of the original unsmoothed trace (labeled UNSMOOTHED in
the graphs) to represent a lower bound on the performance. The performance of the optimal smoothing algorithm
if it ran offline (labeled OFFLINE in the graphs), i.e., if the entire video were available to it a priori, represents
an upper bound on the performance.

We begin by considering the results obtained by executing SLWIN(W/2) on MTV, transmitted with a 0.5 s
playback startup latency into a 512 KB client buffer, using a 5 s smoothing window. Figure 1 demonstrates the
transmission rates over the entire video for UNSMOOTHED (Figure 1(a)), FAR (Figure 1(b)), SLWIN(W/2)
(Figure 1(b)), and the OFFLINE algorithms (Figure1(d)). The figures visually demonstrate the tremendous
benefit of online smoothing in reducing the rate variability in the unsmoothed stream. It also shows that by using
only a 5 s smoothing window, the performance of FAR and SLWIN(W/2) are very close to that of the OFFLINE
algorithm.

Figure 1(e) presents the peak rate and coefficient of variation (labeled COV) for MTV, normalized w.r.t.
UNSMOOTHED, using FAR, SLWIN(W/2) and OFFLINE algorithms, when smoothed into a 512 KB client
buffer using a 5 s smoothing window. Again we note that all the algorithms reduce the peak rate as well as the
coefficient of variation dramatically, producing a much smoother live video. The peak rate reduction is in the
range of 57-62% and the coefficient of variation reduction is in the range of 57-61%.

We now focus on examining the performance of the different policies across parametric variations. Focusing
on the jumping window policies, Figure 2 plots the performance of BASE and FAR. Figures 2(a) and 2(b) graph
the variation in peak rate and the coefficient of variation against the smoothing window size respectively. First
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Figure 3: Comparison between performance of different policies.

of all, note that there is a significant difference between the lower bound (OFFLINE) and the upper bound
(UNSMOOTHED) indicating the benefits of smoothing. Both the policies BASE and FAR reduce the peak rate
and the coefficient of variation significantly, although FAR performs substantially better than BASE. FAR reduces
the peak rate by 54% over UNSMOOTHEDby using just a 1 s smoothing window, while the OFFLINE algorithm
reduces it by 71%. This indicates that even very low-latency live applications can benefit significantly from
online smoothing of video traffic. We also note that although the peak rate reduces with increasing smoothing
window size, the reduction is small in this range. However, the coefficient of variation reduces steadily with
increasing window size, indicating that although the peak rate may not reduce substantially, the overall traffic
is smoother for larger smoothing windows. In fact, for a 10 s smoothing window, the coefficient of variation
reduces from 0.94 in UNSMOOTHED to 0.37 in FAR. The corresponding coefficient of variation in OFFLINE
is 0.25, indicating the proximity in smoothness of the FAR and OFFLINE algorithms.

Figure 2(c) plots the variation in peak rate when the client buffer is varied from 256 KB to 2 MB, for a
smoothing window of 5 s. It is interesting to note that although the performance of the offline algorithm improves
with increasing buffer size, the performance of the online algorithms are insensitive to the buffer size. The
offline algorithm has the entire video trace available to it, enabling it to perform better smoothing into larger
client buffers. But, for low-latency live video transmissions, the smoothing window size is too small for these
online smoothing algorithms to take full advantage of the client buffer sizes. This suggests that for these video
applications, smaller client buffers are likely to be sufficient.

Figures 3(a) and 3(b) plot the performance of the sliding-window policy SLWIN(W/2) along with FAR, the
best performing jumping window policy. Figures 3(a) and 3(b) graph the variation in peak rate and the coefficient
of variation against the smoothing window size respectively. In Figure 3(a), the performance of the two policies
are very similar for a 1 s smoothing window, but the sliding window algorithms perform better than FAR for
larger smoothing windows. This demonstrates the superiority of sliding window algorithms. In fact, using just a
10 s smoothing window, the performance of SLWIN(W/2) approaches that of OFFLINE. This demonstrates that
even for small latencies, the peak rate reduction of sliding window smoothing is very close to optimal. Figure
3(b) indicates that SLWIN(W/2) produce video that have lower coefficient of variation than the jumping window
algorithms. The coefficient of variation decreases, i.e., the video is smoother, with increasing smoothing window
sizes. As in the case of the jumping window algorithms, the performance of SLWIN(W/2) does not change with
buffer sizes.

Figure 3(c) graphs the effective bandwidth estimates of FAR and SLWIN(W/2), along with UNSMOOTHED
and OFFLINE, for a client buffer size of 512 KB and a startup latency of 0.5 s. The video MTV is assumed to
pass through a network link and the loss rate is fixed at 0.001. Figure 3(c) plots the effective bandwidth of the
algorithms as the link buffer is varied from 25.6 KB to 512 KB. As expected, the effective bandwidth of all the
four curves decay exponentially with linear increase in buffer size. However, for small network buffer sizes, the

The performance of SLWIN(W/2), SLWIN(W/3) and SLWIN(W/4) are very similar. We analyze only SLWIN(W/2) here due to lack
of space.
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effective bandwidth of FAR and SLWIN(W/2) is significantly lower than that of the UNSMOOTHED trace, a
corroboration of the rate variability reduction performed by these algorithms. Once again, the performance of
FAR and SLWIN(W/2) are comparable to that of OFFLINE. The decay rate of the effective bandwidth is also
highest for UNSMOOTHED and the least for OFFLINE, and they all converge with increasing buffer size. Once
again, this corroborates the efficacy of our online smoothing algorithms.
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