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Abstract. Traffic smoothing is an efficient means to reduce the band-
width requirement for transmitting a VBR video. For live video appli-
cations, Sen et al. present an online algorithm referred to as SLWIN (k)
to compute the transmission schedule on the fly. SLWIN (k) looks ahead
W frames to compute the transmission schedule for the next k frame-
times, where £ < W. Note that W is upper bounded by the initial delay
of the playback. The time complexity of SLWIN (k) is O(W * N/k) for
an N frame live video. In this paper, we present an O(N) online traf-
fic smoothing algorithm denoted as AT'S (Aggressive Traffic Smoothing).
ATS aggressively works ahead to transmit more data as early as possible
for reducing the peak rate of the bandwidth requirement. We compare the
performance of ATS with SLWIN (k) based on several benchmark video
clips. Experiment results show that ATS further reduces the bandwidth
requirement, especially for interactive applications in which the initial
delays are small.

1 Introduction

A growing number of applications such as digital libraries and newscasts require
real-time multimedia to be accessed on networks. For continuous playback, the
client player must render a new frame after one frametime has passed. To pre-
vent the client from starvation, the video server has to transmit the video data
into the client buffer before it is going to be rendered. However, video streams
are compressed and often exhibit significant burstiness of frame sizes on many
time scales due to the encoding frame structure and their natural variations
within and between scenes [12][13]. This burstiness complicates the design of a
multimedia system for high resource utilization, such as network bandwidth and
the client buffer.

For a prerecorded video, the video server knows all the frame sizes. The
server can use a traffic smoothing algorithm that takes advantage of the knowl-
edge of upcoming large frames and starts more data transmission in advance of
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the burst. By working ahead, traffic smoothing is proved efficient at reducing the
bandwidth requirement for VBR video transmission [I]-[9]. In live video applica-
tions, however, the server has limited knowledge of frame sizes at any one time.
Sen et al. introduce a sliding-window traffic smoothing algorithm referred to as
SLWIN (k) that computes the transmission schedule on the fly [II]. Given an
initial delay, SLWIN (k) looks ahead a window of W frames and uses an offline
traffic smoothing algorithm to compute the transmission schedule for the next k
frametimes, where k < W. Note that W is upper bounded by the initial delay.
For an N frame live video, the time complexity of SLWIN (k) is O(W % N/k).
In this paper, we present an O(N) traffic smoothing algorithm denoted as ATS
(Aggressive Traffic Smoothing) that online computes the transmission schedule
for live video applications. ATS generates the transmission schedule that works
ahead as aggressively as possible without raising the peak rate of the transmis-
sion schedule. Experiment results show that ATS further reduces the bandwidth
requirement and utilizes the client buffer more efficiently.

The remainder of this paper is organized as follows. A formal definition of
the online traffic smoothing problem for live video is illustrated in Section 2.
Section 3 presents our ATS algorithm and its time complexity proof. Section 4
shows the experiment results. Finally, in section 5, we give conclusions.

2 Online Traffic Smoothing for Live Video

For an N frame video V={fo, fi, fa,..., fn—1; T}, which uses f; bits to encode
the i-th frame and T is the frametime, a playback schedule can be represented
as a cumulative playback function (CPF) F(t) = F; for i« Ty <t < (i + 1)« T},
where F; = 0 for ¢ < 0 and F; = Fy_1 + f; for 0 <7 < N — 1. At time 3 x T,
the client player will have played F;_; bits and will continue playing f; bits
in the next frametime. Given a D frametime playback delay, the video server
can transmit media data at rate r; from time i % Tf to (i + 1) * Ty according
to a transmission schedule S={r_p, r_py1, "—p+2,..., 'v—2}. The cumulative
transmission function (CTF) is defined as G(t) = 0 for t < —D * Ty and G(t) =
G(ixTy)+ryx(t—ixTy) for ixTy <t < (i+1)*Ty. To guarantee continuous
playback at the client, S should satisfy F(t) < G(t) for t < (N — 1) * T}.
We assume the client provides a B-bit buffer. The cumulative buffer function
(CBF) is defined as H(t) = F;_1 + B for i « Ty <t < (i + 1) * T¢. To avoid
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Fig. 3. Smoothing across window boundaries.

buffer overrun, S should also satisfy G(t) < H(t) for t < (N — 1) * T, as shown
in Fig. [l Without loss of generality, we consider a discrete time model at the
granularity of a frametime. Assuming Ty = 1, we simplify the definition of F(¢),

G(t) and H(t) as follows.
CPF:  F(i) =0, i <0
Fl)=F@i-1)+f, 0<i<N-1
CBF: H(i)=F(i-1)+B, i<N-1
CTF:  G(i) =0, i<-D

G(i)ZG(i—l)—f—’/‘i_l, —-D<i<N-1

For a prerecorded video stream, a traffic smoothing algorithm knows each frame
size and can offline compute the transmission schedule such that F (i) < G(i) <
Min(H (i), F(N — 1)) for —D < 4 < N — 1. For live video, however, a traffic
smoothing algorithm has limited knowledge of frame sizes because future frames
have not been generated. At any one time ¢t + D, the algorithm knows fiyq,
ft+2,. Cy ft+D and has no idea about ft+D+17 ft+D+27- coy fN-1- Any L (1 <
L < D) frametime transmission schedule S*={r, r¢y1,..., reyr_1} is feasible
if St satisfies F'(i) < G(i) < Min(H(i), F(t + D)) for t < i <t + L, as shown
in Fig.[@ While the video server executes S?, new frames are generated. After
L frametimes have passed and S has therefore finished, L new frames have
been generated. The traffic smoothing algorithm can incorporate new frame size
information to compute the next transmission schedule S*+7.

SLWIN (k) fixes L to a pre-assigned constant k& (k < W). In this paper, we
assume W = D so that SLWIN (k) looks ahead as more frames as possible.
When k = W, SLWIN (W), also referred to as the hopping-window approach, is
fast. However, it has drawbacks of smoothing traffic across window boundaries,
as shown in Fig. Bl(a). Intuitively, the bandwidth allocated for transmitting each
frame should be decided with as much information as possible. As shown in
Fig. Blb), when using a smaller k, SLWIN (k) computes the transmission sched-
ule of a smaller bandwidth requirement. Sen et al. showed that SLWIN (1) out-
performs other SLWIN (k) algorithms [T1]. However, SWLIN (1) computes the
transmission schedule independently for each window. Therefore, the computing
cost is large. In addition, H (i) is suppressed by F(t + D), as shown in Fig. 2]
SLWIN (k) may lower the transmission rate unnecessarily since it always selects
the smallest bandwidth requirement for each window. As shown in Fig. B(b),



Aggressive Traffic Smoothing for Delivery of Online Multimedia 117

the transmission rate decreases in the third window and then increases in the
fourth window. However, if the video server aggressively transmits more data in
the third window, the bandwidth requirement for the fourth window can be re-
duced, as shown in Fig.[3(c). Since the server works ahead more aggressively, less
data is buffered in the server. Therefore, the server can use a lower transmission
rate to transmit the upcoming large frame.

3 Our Algorithm and Time Complexity Analysis

Like MVBA [1] (the offline smoothing algorithm used by SLWIN (k)), ATS tries
to find the shortest path between F' (i) and MIN (H (i), F(i+ D)). To reduce the
suppression effect, ATS heuristically generates the transmission schedules that
work ahead as aggressively as possible without raising the peak rate. Since the
suppression will be looser after a new frame is generated, aggressive workahead
lasts for one frametime. To minimize the computing cost, ATS processes each
frame once. It remembers useful computational results for the next window by
the help of a funnel data structure.

As shown in Fig. Bl(a), from the starting point s=(t,G(t)) of the window,
ATS maintains the candidates for transmission schedules within a convex upper
chain U={uy = s, u1,..., uy} and a concave lower chain V={vy = s, vy,...,
Upt. Ul,. .., Uy are on H and vy,..., v, are on F'. Note that U is convex if and
only if 0 < m < 2 or Rate(u;,u;11) < Rate(ujt1,ujq2) for 0 < j < m —2,
where Rate(z,y) is the slope of the line from « to y. U and V form a funnel. For
t+1<a<t+D, ATS iteratively considers unprocessed F'(a) and H(a) once
and modifies V' and U, respectively, as shown in Fig. [@(b) and (c). By triangle
inequality, we can prove that the shortest path is in the funnel.

ATS first considers to append the point z=(a, F'(a)) onto V. ATS may re-
move some points from V' so that the resultant chain V" is still concave. If V”/ will
not cross U, as shown in Fig. @[(b), ATS continues processing H (a). If V’ will
cross U, as shown in Fig.[H(a), ATS deterministically generates the transmission
schedule according to the line segments on U that are under the dashed line
(s,x) and then maintains the funnel, as shown in Fig. B(b). It is easy to prove
these line segments are parts of the shortest path. The detail procedure follows.

As shown in Fig.[6(a), along V', ATS tries to find a point v; from v,, to v; so
that Rate(v;,—1,v;) > Rate(v;, x). If such a point is found, ATS removes v;41,. . .,
vy, from V and adds @ to the tail of V. As shown in Fig.[6lb), the resultant chain
V'={vo,..., v;, x} is concave. V' and U maintain the funnel. In this case, ATS
does not generate the transmission schedule. If there is no such point, along U,
ATS tries to find a point u; from up to u,, so that the edge u;x will not cross U,
as shown in Fig.[6l(c). ATS replaces V with V'={w;, z}. If j # 0, ATS generates

the transmission schedule according to the chain {ug,. .., u;} and then removes
ug, .., uj—1 from U. The resultant chain U'={u;,..., un} is convex. V' and
U’ maintain the funnel again, as shown in Fig.[6(d). O

ATS then considers to append z'=(a, H(a)) onto U if H(a) < F(t + D).
Similarly, AT'S may remove some points from U so that the resultant chain U’ is
convex. If U’ will not cross V, as shown in Fig. H(c), ATS continues processing
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Fig.5. Generating the schedule. Fig. 6. Processing z.

the next frame. If U’ will cross V, as shown in Fig. Blc), ATS deterministically
generates the transmission schedule according to the line segments on V that
are above the dashed line (s,2’) and then maintains the funnel, as shown in
Fig. B(d). Again, we can prove these line segments are parts of the shortest
path. We omit the detail procedure since it is similar to the process of x.

Saturation may occur if ATS does not decide the transmission schedule af-
ter the (¢t + D)-th frame is considered, as shown in Fig. [H(e). Unlike MVBA,
which always generates the transmission schedule according to V', ATS uses
the aggressive workahead scheme to reduce the suppression effect. It gener-
ates the transmission schedule according to the dashed line (s,z”), where
"=(t+1,G(t) + MAX(MIN (Tpeak, "maz); Tmin))s Tmin a0d Trqp are the min-
imal and maximal feasible transmission rates from the point s and 7peqx is the
current peak rate. Note that x’ is definitely in the funnel and the length of the
transmission schedule is one frametime. ATS then reconstructs the funnel again
by removing some points and adding x” at the head of V and U, as shown in
Fig. B(f). We omit the detail procedure again.

The primary factor of the ATS time complexity is the funnel maintenance.
We assume each edge on the funnel associates with a counter. The counter is
initialized as zero and increases by one whenever the edge is scanned.
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Lemma 1. The counter of an edge that is added onto the funnel and removed
later is read as two. The counter of an edge that remains on the funnel is read
as one.

Proof. We first consider the process of appending x onto V. ATS starts scanning
the edges of V from the tail. If there is a point v; (1 < 4 < n) such that
Rate(v;—1,v;) > Rate(v;, z), the scan stops. The edges of the chain {v,,..., v,}
have been scanned and removed and their associated counters increased by one
to two. The point x is then added to the tail of V. At this point, the readings
of the two associated counters on the chain {v;_1, v;, 2} are two and zero. We
can amortize the two counters so that each counter is reset to one, as shown in
Fig. Bla) and (b). If there is no such point, ATS starts scanning the edges of
U from the head, as shown in Fig. [Bc) and (d). Again, we can apply similar
amortized analyses. Therefore, we prove that lemma 1 holds after AT'S completes
the process of appending x onto V. It is easy to extend this proof and show that
lemma 1 holds after ATS ends. O
Lemma 2. ATS adds a mazimum of 4 x N edges onto the funnel.

Proof. ATS iteratively considers F'(i) and H (i) once for 0 < i < N — 1. Each
time, ATS adds one edge onto the funnel and may remove some edges. Since
the number of transmission schedules generated will be N, at the most, ATS
reconstructs the funnel at most N times. Each time, ATS may add two edges
onto the funnel and remove some edges. In total, ATS adds a maximum of 4 x N

edges onto the funnel. a
Theorem 1. The time complexity of ATS is O(N).
Proof. It can be derived from lemma 1 and 2. O

4 Experiment Results

In this section, we examine the performance of ATS. The study focuses on net-
work and client resources by measuring the peak rate and buffer occupancy.
The peak rate of a transmission schedule determines its worst-case bandwidth
requirement across the path from the video server to the client player. Practi-
cally, data packets may get lost in the network. If the client can detect the data
lost early enough, it can request a retransmission. A transmission schedule that
has a high occupancy of the client buffer usually implies that there is a high
probability the client will detect the data lost early.

We simulated the transmission of several MPEG video clips [14] to com-
pare the performance of ATS and SLWIN (1). Fig. [] and B]show the peak rates
and buffer occupancies of the schedules for transmitting Star Wars and News, re-
spectively, with different initial delays and client buffer sizes. To demonstrate the
lower bound of the peak rate, these figures also show the optimal offline sched-
ules obtained by [I]. When the initial delay (D) is small, ATS is more likely
to use the aggressive workahead scheme to generate the transmission schedule.
As shown in Fig.[d and 8, the peak rates of the ATS schedules are significantly
smaller than SLWIN (1) when D is smaller than 30 frametimes. The aggressive
workahead scheme successfully reduces the suppression effect. Since there is not
much data, the buffer occupancies are around 30% to 50%. As D increases, the
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Fig. 8. News, B=512K and 1024K.

ATS schedules may have the same peak rates as SLWIN (1). The buffer occupan-
cies of ATS schedules keep increasing to 80% or more and then slowly decrease
back to the offline optimal. When D increases beyond a certain point, ATS al-
ways deterministically generates the transmission schedule in every window. In
such situation, ATS generates the same transmission schedule as SLWIN(1).
When ATS works on Star Wars, an interesting phenomenon occurs, as shown in
Fig.[[(a) and (b). ATS dramatically reduces the peak rate to around 32 Kbytes
per frametime when D is between 12 and 32 frametimes. Analyzing Star Wars,
we find there are two bursts close to one another. The second is slightly burstier
than the first. When D is smaller than 32 frametimes, ATS cannot smooth the
first burst. ATS therefore raises the peak rate. Since ATS aggressively works
ahead and keeps less data in the video server, it can smooth the second burst.
When D is larger than 32 frametimes, ATS is able to smooth the first burst
without raising the peak rate. However, ATS cannot smooth the second burst
even by using the current peak rate. Therefore, the peak rate increases.

When the initial delay is small, enlarging the client buffer does not help
SLWIN (1) reduce the peak rate. The suppression effect eliminates the benefits
from a larger buffer. As shown in Fig. [ and B, when the client buffer size
doubles, the peak rates of the SLWIN (1) schedules further decrease only when
D is larger than 120 and 30 frametimes, respectively. On the other hand, the
aggressive workahead scheme uses the buffer more efficiently. The peak rates of
the ATS schedules are further reduced even D is small.

5 Conclusion

In this paper, we present an efficient traffic smoothing algorithm ATS for live
video transmission. Unlike SLWIN (k), which computes the smallest bandwidth
requirement for each window independently, after ATS generates the transmis-
sion schedule for the current window, it remembers useful computational results
for the next window by the help of a funnel data structure. The total time com-
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plexity of ATS is O(N). Note that O(N) is a trivial lower bound to online smooth
an N frame live video. To reduce the suppression effect caused by the lake of
future frame sizes, ATS heuristically uses the aggressive workahead scheme to
generate the transmission schedule. We have evaluated ATS by transmitting sev-
eral benchmark video clips. Experiment results show that ATS further reduces
the peak bandwidth requirement and better utilizes the client buffer, especially
for interactive applications in which the initial delay is small.
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