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Abstract

The transport of multimedia streams over packet-switched networks often involves a preprocessing to
smooth the variable bit-rate nature of the streams to achieve higher network utilization. By examining
the smoothing procedure and its effects on an end-to-end basis, we identify critical points that should be
taken into account by any smoothing algorithm. Such issues include the packet delay variation (jitter)
throughout the network, the consideration of any unused data present in the stream, the clock recovery
problem, and the use of alternate schedules in case of a renegotiation failure. We propose and discuss
specific solutions for all the issues.

1 Introduction

A significant portion of the forecasted network traffic is expected to be multimedia (e.g. voice and video)
traffic. New services such as video-on-demand (VoD) and TV broadcasting are currently under deployment.
The video traffic usually exhibits high variability in its bandwidth demands in different time scales. In
video applications that transport stored video over a packet-switched network the video stream is often
smoothed by work-ahead smoothing, i.e., sending more data to the receiver with respect to its playback
time. Significant work can be found in the literature in the area of work-ahead video smoothing [1, 6, 8, 10].
The general idea behind most of these algorithms is to maximize the time intervals (rate segments) at which
a transmission rate for the video stream is used without causing under/overflow of the receiver buffer. The
algorithms differ in the selection of the starting point of these rate segments.

All the known smoothing algorithms found in the literature generate an optimal transmission schedule
(according to some optimization criterion) of a sequence of video frames by assuming a zero or a constant
end-to-end delay through the packet-switched network. However, the end-to-end delay is often a function
of the reserved network resources and therefore, the computed transmission schedule assuming a maximum
end-to-end delay variation (jitter) is often conservative. In addition, the smoothing algorithms assume that
all the data sent over the network are used by the decoder on the receiver side. However, a video stream often
contains data which may not be relevant to the data to be decoded on the receiver side. This data needs
not be inserted in the decoder buffer and therefore it should not be considered in any computation involving
the decoder buffer. Thus, the transmission schedules computed by the existing smoothing algorithms cannot
guarantee that the receiver buffer will not under/overflow.

Another issue not addressed in the literature is the impact of a smoothed video schedule to the clock
recovery process on the receiver side. Clock recovery is needed in applications in which the sender and the
receiver need to be synchronized such as in TV broadcasting. The reconstructed clock can be used in different
functions such as for estimating the packet delay through the network, or synthesizing a chroma sub-carrier
for the composite video signal of the TV set in the case of broadcasting applications. The use of applications
with stringent clock specifications requires a careful selection of the video stream’s delivery process. The
transmission schedule for a given video stream as computed by the existing smoothing algorithms found in
the literature [1, 6, 8, 10] forces the receiver buffer to almost underflow after almost overflowing and vice



Figure 1: Abstract model to describe the smoothing procedure.

versa. This hardens the task of estimating the average rate of the stream, or reconstructing a stable clock
from the incoming video stream.

Although an optimal transmission schedule can be computed, it may not be feasible to be followed at all
times due to a renegotiation failure. This comes from the fact that a renegotiated service is often statistical
with no hard guarantees. Two possible solutions have been proposed [3, 5]: (i) a dynamic requantization
of the video stream so that the resulting stream can be sent with lower transmission rate, or (ii) use of a
scalable encoding process in which a base layer is combined with a set of enhancement layers, so that the
sender can decide to drop specific enhancement layers to lower the actual network resource demand and,
therefore, the transmission rate of the stream. We propose another possible solution which makes use of a
set of precomputed transmission schedules with convergence points. On a renegotiation failure, an alternate
schedule may be followed until the convergence point between the old and the alternate schedules is reached
at which the control is returned to the old schedule.

This paper addresses the problems described above in detail and suggests possible solutions in each case.
The rest of the paper is as follows: In Section 2, we present the feasibility conditions that any transmission
schedule of a video stream should follow so that receiver buffer under/overflow does not occur. In Section 3,
we first derive the conditions corresponding to the computation of the transmission schedule in the case
of variable network jitter, and then present a variation of the dynamic programming algorithm proposed
by Jiang et al. [6] to compute an optimal transmission schedule for the case of variable network jitter. In
Section 4, we show the impact of data present in the video stream that do not enter the decoder buffer
on the transmission schedule decision, and provide solutions for both the elementary video stream and the
MPEG-2 Transport Stream cases. In Section 5, we discuss possible effects of the transmission schedule on
the clock recovery process at the decoder end in the case that the decoder clock is derived from the incoming
stream, and give possible solutions. In Section 6, we assume a valid precomputed transmission schedule and
discuss possible ways that the actual transmission schedule remains feasible even in the case that a specific
renegotiation request cannot be granted. Finally, in Section 7 we conclude the paper with a summary of the
points raised throughout this work.

2 Feasibility Conditions

The abstract model used to describe the smoothing procedure is shown in Figure 1. The video stream is
either displayed locally or sent from the video server through a packet-switched network to a decoder with a
buffer size of Bp bits. The network interface smooths the incoming video stream to facilitate the admission
control process and provide higher utilization in the network.

We derive the feasibility conditions for both elementary video streams and MPEG-2 Transport Streams
so that the transmission schedule does not cause any under/overflows of the receiver buffer. The feasibility
conditions are derived for the case of variable end-to-end network delay. We start with the description of
the notation used by the feasibility conditions. The notation is introduced by means of a nominal case, i.e.,
when the stream is displayed locally with the additional assumption that no delay variation is present in the
data delivery process.

2.1 Notations for the Nominal Case

In the case that the video stream is not sent over a packet network and it is displayed locally, the correspond-
ing buffer dynamics constitute the nominal case. First, we present the notation for the case of elementary



video streams. We then introduce the corresponding notation for the case of MPEG-2 Transport Streams.

2.1.1 The Elementary Video Stream Case

In the case of an elementary video stream displayed locally, we define the function Cy (t) as the cumulative
data consumed by the decoder at time ¢ given by

k
Cx(t) =3 s k=Lftl, )

where s; is the size of the i-th video frame of an elementary video stream with a frame rate of f frames/second.
By assuming that all the bits of a frame are generated and sent to the decoder instantly, it becomes evident
from Eq. (1) that Cn(t) has discontinuities at the frame boundaries. Therefore, it can be considered discrete
in the time domain at the time instants that frames have to be consumed (every 1/f second).

If frame-reordering is needed at the decoder, then we need to define Ry (t) as the cumulative function of
the minimum amount of data that should be present at the decoder at time ¢ for correct operation, i.e.,

k
Ry(t) =Y si, k> |ft], (2)
i=0
Clearly, if no reordering is needed, the two functions defined above coincide, i.e., Ry (t) = Cn(t).

2.1.2 The MPEG-2 Transport Stream Case

When an MPEG-2 Transport Stream is considered, the internals of the stream have to be taken into account
for the nominal case. If the schedule implied by the structure of the MPEG-2 Transport Stream is followed
by the decoder (use of Program Clock Reference (PCR), Presentation (PTS) and Decoding Timestamps
(DTS)), then the system decoder buffer dynamics are available in advance for a specific stream. Following
the terminology introduced in the elementary video stream case, we define as Ry (t) the cumulative function
that records all the data received up to time ¢ given by

RN(t) = /Ot T'N(t)dt, (3)

where 7y (t) is the transport rate of the stream at time ¢ in bits/sec.

We also define ¢y (t) as the function that is positive only at the time instants (corresponding to the
associated PTS or DTS value) at which the access units [5] are consumed by the MPEG-2 system decoder
buffer and forwarded to the elementary decoders. This function has the value of the size of the access unit
to be forwarded at those time instants and zero at all others. The corresponding cumulative function Cn (t)
that records all the data consumed by the decoder up to time ¢ is now given by

Cn(t) = /0 Cen(t)dt @)

Both Ry (t) and Cn(t) functions are shown in Figure 2 in which the buffer dynamics through time are
plotted for the nominal case. It should be noted that C () need not be continuous but discrete in the time
domain, since access units may be forwarded only at time instants that are multiple of the period of a 90 kHz
clock used for this purpose by the decoder [4].

Although both Ry (t) and Cn(t) functions are defined by implying that sender and receiver are synchro-
nized (even when displayed locally), they can be obtained to reflect the initial fluctuations due to the clock
acquisition process by sending the stream to the decoder and recording the buffer dynamics. However, in
such a case, both functions will correspond to a specific clock acquisition process.

We continue with the derivation of the feasibility conditions that should be satisfied by the transmission
schedule so that either an elementary or an MPEG-2 system decoder buffer with size Bp never underflows or
overflows. These conditions can be derived for various network conditions: (i) constant end-to-end delay, (ii)
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Figure 2: Buffer dynamics for the nominal case for a typical MPEG-2 Transport Stream.

worst-case end-to-end delay variation, and (iii) variable network delay dependent on the reserved network
bandwidth. Due to space constraints, we obtain the conditions for the case of network delays dependent
on the reserved bandwidth. The remaining cases can be treated as special cases. The interested reader is
referred to [14] for in-depth discussion of all the cases.

2.2 Variable Network Delays Dependent on the Reserved Rate

There are cases in which the network delay is dependent on the reserved rate [2, 9, 12, 11, 15]. More
specifically, the worst-case delay is usually a decreasing function of the reserved rate in the network. Let
Rp(t) denote the cumulative data received by the decoder at time ¢. Let also d,, be the minimum packet
delay due to propagation and minimum processing delays through the network elements. The cumulative
function Rp(t) is bounded by two functions defined as Rpy, (t) and Rpas(t) respectively. To ensure that the
decoder buffer never underflows or overflows the following conditions must hold

Rpum(t) < Bp(t) < Rpm(t), t>0 (5)
Rpu(t) > On(t — dp), t>dp (6)
Rom(t) < Cn(t —dw) + Bp,  t> du (7)
Rpm(t), Rpum(t) =0, 0<t<dm (8)

We now continue with guidelines for performing smoothing under the case of variable network jitter.

3 Smoothing under Variable Network Jitter

The smoothing algorithms found in the literature compute a transmission schedule for a video stream under
the assumption that the packet delay variation (jitter) from the sender to the receiver is fixed. However,
the maximum jitter is often dependent on the reserved rate of the connection carrying the video stream.
Therefore, an optimal smoothing algorithm should also consider the variable nature of the jitter as a function
of the reserved resources for computing an optimal transmission schedule.

3.1 Derivation of Bounding Functions

The functions that bound the cumulative rate function at the decoder Rp () can be obtained systematically
when the reserved rate is increased or decreased from its current value. Since the slope of these functions
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may only change when the reserved rate of the stream changes, we need to consider two special cases: in the
first case, the sending rate is decreased from its previous value, whereas in the second case, the sending rate
is increased. We derive the ambiguity zones for Rp(t) under both cases.

3.1.1 The Case of Rate Decrease

Let us assume that p; is the sending rate before the decrease which becomes po after the decrease. Clearly, the
corresponding maximum delay is greater after the decrease, resulting in a maximum jitter of Jo = dar2 — dppy,
in which dps is the new maximum delay whereas d,, is the unchanged minimum delay through the network
due to propagation and minimum processing delays. The resulting Ry (t) function through the corresponding
time period, is bounded by a minimum and a maximum segment denoted by Rp,, and Rpys respectively
(see Figure 3). The segments are given below:

| pi(t—h)+o, h<t<ts,
RDm(t) - { P2 (t _ tsm) + A, t> tsm; (9)
pr(t—(h+J1))+v, h+Ji <t <t
Rpu(t) =< A, terr St <tsy (10)
p2(t_t3M)+A7 t>tsM:

where J; = dy1 — di, and dpyq is the worst case delay when the sending rate is p;. As shown in Figure 3,
ts,, =te,. s tey =te,, +J1,and ts,, =ts, + Jo.

Sm

3.1.2 The Case of Rate Increase

In the case that the sending rate p; is increased to the new rate ps, the corresponding maximum delay
becomes smaller after the decrease. The resulting Rp(t) function through the corresponding time period,
is again bounded by a minimum and a maximum segment denoted by Rp,, and Rpps respectively. The
segments are given below:

| pi(t—h)+w, h<t<ts,
RDm(t) - { p2(t — tsm) +A t> ts,. s (11)
pit—(h+ 1) +v, h+J <t<te,
Rpu(t) =< r(t —tey) + A, ey <t <te, (12)
pa(t —ts,,) + A, t>te,,

where J1 = dpn — dp, with dpsq is the worst case delay when the sending rate is p;, and r is the link
bandwidth. Referring to Figure 4, t5,, =te,., tey, = ts,, + J1, tsyy = ts,, +J2 and t, = Tlear —P2lons

rT—p2



Figure 5: Example of a rate decrease while being in an r segment with (¢5, + J2) < te.. The resulting
ambiguity on the rate received on the decoder side Rp is shown between the thick lines.

Some corner cases occur when the rate is decreased or increased during an Rpjs segment with rate r.
Assuming that the new rate and the new jitter are p» and J, respectively, we compute the new t., using the
following expression (see Figure 5)

rts, — pat A-R
te, = —= Pabons T r (13)
r—p2
where ts, denotes the time at which the segment with rate r started, and R, the corresponding value of
Rp(t). We consider two cases for the computation of Rpas(t).

[ts,, + J2 < te.] Referring to Figure 5, after the rate change, Rpas(t) becomes

[ ort—=ts,)+ Ry, ts, <t <t

Rpu(t) = { pat —tsp) + A, t>te,. (14)
[ts,, + J2 > te.] In this case, Rpy(t) becomes

_ 4 tr <t <ty

RDM(t) B { p2(t - tSM) + A; t> tSM? (15)
where ¢, is given by the following expression
t A-R

tT:TST +r 7" (16)

Although the jitter bound changes when the rate is increased or decreased, it may stay the same if we
allow the transmission rate to be less than or equal to the reserved rate in the network. In that case, since
the reserved rate remains the same and the jitter bound is not changed, Rpas(t) becomes

Rom(t) = prt—(h+))+v, h+J <t<t,,
DM = palt —tgy,) + A, t>tsy,

where we used the terminology shown in Figure 3. However, in this case t.,, = ts,,. In the case that no
data is received after a segment with rate p; for a time interval T, ¢, becomes (t., + T) and the functions
described above should use this as ts,,.

We will now present how to solve the problem of calculating an optimal transmission schedule of an
elementary video stream for the case of networks with variable jitter. The other two cases (constant end-to-
end delay and worst-case jitter) are special cases of the variable jitter case.

(17)



3.2 Smoothing Algorithms for Variable Network Jitter

The major approaches identified in the literature [1, 6, 8, 10] to find an optimally-smoothed transmission
schedule use ideas from the following theories:

1. Theory of majorization.

2. Dynamic Programming.

3. Ad-hoc methods.

In our example optimal algorithm, we show how to modify the dynamic programming based algorithm
proposed by Jiang et al. [6]. Other algorithms found in the literature [1, 8, 10] can be modified similarly to
optimize their transmission schedule based on the variable network jitter.

The goal of the smoothing algorithm is to derive the optimal schedule for the function Rp(¢) only, since
Rs(t) can be made equal to Rp,,(t — d,,). We are going to systematically compute the functions Rp, (%)
and Rpp(t) for every time point we apply the algorithm, and keep only the segments that minimize our
cost function at every step. By quantizing everything to the frame boundaries, the computation cost of the
algorithm becomes smaller.

Let us denote by Sk (b, pr, pt) the state of our system at frame k, with buffer occupancy of b bits, reserved
transmission rate of p,, and actual transmission rate of p;. We form a set of eligible states for the next step
(k +1) that can be reached from the current state without violating the corresponding conditions for buffer
under /overflow. We call this set of states by E(b, p., pt). Therefore,

Ek(bapTapt) = {Sk-‘rl(blapzﬂpé) | 0 < v < BDap;‘ <, pé < p'lr‘}

It is evident that if no such states exist, then E(b, p., p¢) is an empty set. At each step of the algorithm
we find the state that results in the minimum cost. Therefore, we form a shortest path through the states
that corresponds to the optimal schedule for the given cost function. The cost function is assumed to be
additive. The dynamic programming algorithm is given in Figure 6.

We can work in a similar way to design the corresponding algorithm that computes the optimal trans-
mission schedule of an MPEG-2 Transport Stream over a packet-switched network of variable jitter.

We continue our discussion with the presentation of the impact of data present in the stream that do not
enter the decoder buffer on the computation of the transmission schedule.

4 Sender-based Smoothing

The video smoothing algorithms presented in the literature solve the problem of smoothing a video stream
as seen on the receiver side, i.e., how the data of the video stream should arrive at the receiver to minimize
a specific cost function. However, this does not correspond necessarily to the way the video stream should
be sent from the sender to the receiver. The problem arises from the fact that a video stream often contains
data which may not be relevant to the data decoded at the receiver side. This data needs not be inserted in
the decoder buffer and therefore it should not be considered in any computation involving the decoder buffer.
Due to this, transmission schedules computed by existing smoothing algorithms cannot guarantee that the
receiver buffer will not under/overflow. We now proceed with the presentation of the problem and possible
solutions for the case of elementary video streams. The case of MPEG-2 Transport Streams is discussed but
due to space contraints is not presented. The interested reader is referred to [14] for more information.

4.1 The Elementary Video Stream Case

The contents of an elementary video stream often include data that are either not used by the decoder,
or not inserted into the decoder buffer, or replacing other data previously transmitted (e.g. quantization
tables). More specifically, in the case of MPEG-encoded elementary video streams, the stream contains
among others the Group-of-Pictures (GOP) headers, the frame headers, and the optional quantization vector
tables. Although all the data of a video stream are sent from the sender to the receiver, not all are placed
in the decoder buffer. An example MPEG elementary video stream is shown in Figure 7.



1. k = -1; /* Initialize */
2. Sk+1(bo, pros pto) < S0(0,0,0);
3. For every step k > 0
4. Set Sk (bo, pr., pt,) as the initial state;
5. E(bo, pros pro) = U;
6. For every p, <r
7. For every p: < pr
8. Compute new jitter J < f(pr);
9. Compute Rpm and Rpar for t € [dm + ?, dm + %],
10. Check feasibility conditions;
11. if feasibility conditions hold
12. Add S41 (b, pr, pt) to set Ex(bo, pro, pt. ),
where b’ = [Rpm (dm + 22) — Ry (dn + £4)];
13. Compute corresponding cost Cs, (6,0, 01, )= Siei1 (0 1prr0t)
14. Endif;
15. Endfor;
16. Endfor;
17. Cm = o00; /* initialize current temporary cost */
18. For every state Sgt1(b', pr, pt) € Ex(bo, pr,, pt,)
19. i O (b0,0r0 0t )= St 0 10407) < Om
20. Skt1(bo, pro, pto) = Sk+1 (', pl, pi);
21. O = Oy (b0,0r0 10t0) = Sk a1 (61,04,01)
22. Endif;
23. Endfor;
24. Total Minimum Cost up to slot (k 4+ 1) = CSo(O,O,O)HSkH(bo,pro,ptoﬁ
25. Endfor;

Figure 6: Dynamic programming algorithm to compute the optimal transmission schedule of an elementary

video stream while considering networks with variable jitter dependent on the reserved rate.

Sequence GOP Frame g;r: Frame Frame gme Frame
Header Header Header 9 Data Header b Data
Extension Extension

Figure 7: Various fields (headers and data) of an MPEG elementary video stream.

Two methods are proposed to derive a transmission schedule for an elementary video stream that takes
into account the non-relevant data found in the stream: the rate adaptation method which follows a bottom-
up approach, and the forward schedule computation method which follows a top-down approach.

Rate Adaptation

In the first method, we start by finding the schedule (i.e., Rp(t)) for the relevant data on the receiver side
using any of the smoothing algorithms found in the literature. Assuming that the transmission rate changes
at the points at which the resulting Rp(t) function changes its slope, we need to compute the corresponding
transmission rate for each segment of the computed schedule. Obviously, the corresponding transmission
rate is always going to be greater than the rate of each segment of the original function Rp(t).

To find the corresponding transmission rate for a specific segment of Rp(t) we need to compute the
amount of data that is transmitted during its corresponding period T' (see Figure 8). Then, we need to
find the beginning and the end of this data segment in the elementary video stream. We will refer to
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Figure 8: Discrepancy of a rate segment computed using an optimal algorithm and the resulting segment
after the transport rate adaptation procedure.

the resulting segment as elementary segment. The goal is to change the transmission rate through the
elementary segment in such a way that the average rate of the corresponding data segment of the decoded
program remains constant and equal to the one already computed in the function Rp(t). We refer to this
procedure as rate adaptation. Assuming that the elementary segment contains By amount of data, then the
transmission rate after the rate adaptation method becomes Br/T.

In the general case, rate adaptation may not be feasible if consecutive relevant data from the video stream
are followed by other data for long time intervals. However, in the case of elementary video streams, we
can assume that all the non-relevant to the decoded stream data reside in the beginning of each frame and
their size is small compared to the frame sizes. Therefore, the transmission rate assigned to an elementary
segment will result in a receiver arrival function of the relevant data that follows closely the function Rp(t)
computed in the first step.

The procedure described above can be done on a per-segment basis as well. In such a case, after the
computation of a segment of the function Rp(t), the corresponding sender transmission rate should be
computed and then the resulting arrival function on the receiver side should be checked for feasibility again.
If the resulting arrival function is not feasible, the segment of Rp(t) is recomputed and the procedure repeats
itself.

Forward Schedule Computation

A more straightforward approach for the computation of a smoothed transmission schedule for an elementary
video stream is to optimize for the entire video stream from the beginning while checking whether the
feasibility conditions for the relevant data hold on the receiver side. More specifically, we select a transmission
rate for every data segment that contains the non-relevant data and the frame data for a certain frame, and
then check the feasibility conditions on the receiver side for the resulting relevant data (frame data). Under
the assumption that the non-relevant data are a prefix of the frame data for each frame, and the transmission
rate remains constant over the duration of a frame (corresponding to a specific frame rate) of the video
stream, this procedure becomes the same as the rate adaptation method described previously when the
latter method is reversed. In the general case, however, in which the points at which the transmission rate
is allowed to change is not quantized at the frame boundaries, this method will result in a feasible schedule
for the elementary video stream other than the one generated by the rate adaptation method. Dynamic
programming can be also applied in this case to generate an optimal schedule for the transmission of the
stream.
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of a video stream. schedule of a video stream.

4.2 The MPEG-2 Transport Stream Case

The MPEG-2 Transport stream format multiplexes one or more programs into a single stream. Since only
one program is typically decoded by a specific receiver, all the remaining data of the stream are thrown
away on the receiver side. Even in the case of a Single-Program Transport Stream (SPTS), most of the data
residing in the headers of the transport packets and the packetized elementary stream (PES) packets are used
for data integrity, clock synchronization and other purposes and, therefore, are not inserted into the system
decoder buffer. Similarly to the elementary video stream case, the two methods described previously can
be applied here as well. The interested reader is referred to [14] for elaborate information on the proposed
solutions.

We now proceed with a discussion of possible effects of the transmission schedule on the clock recovery
process at the decoder end in the case that the decoder clock is derived from the incoming stream.

5 Clock Recovery based Smoothing

The delivery of a video stream through a packet-switched network is usually associated with a specific service
provisioning which corresponds to certain categories of applications. The most common case includes the
regular applications that do not require the receiver to reconstruct a clock from the incoming video stream
to be used by the decoding process (e.g. typical video streaming applications carried over the Internet).
In these applications, the decoder may operate from a local free-running clock which is typically used to
forward the decoded video frames to the actual screen according to the frame rate of the video stream.

Another category of applications requires a clock to be reconstructed from the incoming video stream.
The reconstructed clock can be used in different functions such as for estimating the packet delay through
the network, or synthesizing a chroma sub-carrier for the composite video signal of the TV set in the case
of broadcasting applications. The use of applications with stringent clock specifications requires a careful
design of not only the decoder but also the video stream’s delivery procedure.

The transmission schedules for a given video stream as computed by the smoothing algorithms found in
the literature [1, 6, 8, 10] maximize the time intervals at which a transmission rate is used without causing
under /overflow of the receiver buffer. An example of a short segment of a transmission schedule is given in
Figure 9. It is evident that the receiver buffer is forced to almost underflow after almost overflowing and
vice versa. Hence, any estimation of the average rate of the stream, or any reconstruction of a stable clock
from the incoming video stream becomes a non-trivial task.

In applications in which the incoming video stream is used for clock reconstruction at the receiver, a
smoothing algorithm should compute the transmission schedule in such a way to facilitate the clock recovery
process. A typical solution to this problem is to maintain a fixed buffer occupancy in the receiver buffer
(e.g. maintain the receiver buffer in half-full status). An example clock-aware smoothed schedule is shown
in Figure 10 in which the schedule tries to maintain constant buffer occupancy in the receiver buffer.

10
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Figure 11: Example of alternate schedules computed for a video stream.

We will now discuss possible ways that the actual transmission schedule remains feasible even in the case
that a specific renegotiation request of the precomputed smoothed schedule cannot be granted.

6 Renegotiation Decisions

The transmission schedule of a video stream computed by a video smoothing algorithm contains the sequence
of transmission rates that guarantees no under/overflow of the receiver buffer. The sender negotiates the
transmission rate according to the schedule with the network which in turn provides the necessary resources.
However, a request to increase the transmission rate of the sender may be rejected by the network due to
insufficient resources. The service is statistical and only guarantees that the probability of such a rejection
is relatively low.

On a renegotiation failure, the sender can use different techniques to guarantee that the receiver will not
under/overflow. The first technique utilizes dynamic requantization of the video stream so that the resulting
stream can be sent with lower transmission rate [3].

In the second technique [5], if the video stream is encoded using a scalable encoding process in which a
base layer is combined with a set of enhancement layers, the sender decides to drop specific enhancement
layers to lower the actual network resource demand and, therefore, the transmission rate of the stream.

In our proposed technique, the sender precomputes a set of transmission schedules which have points
of convergence. In the case that a specific renegotiation request is not granted for a specific transmission
schedule, the sender continues sending at the current rate while trying to renegotiate at some later time
instant. The new renegotiation point can be selected as the intersection point between the altered schedule
and some other schedule of the set as shown in Figure 11. The renegotiated rate should then be the
transmission rate corresponding to the second transmission schedule at the intersection point. The old
schedule can be retraced at the next convergence point between the two schedules.

7 Conclusions

We addressed the problem of transporting stored multimedia traffic over a packet-switched network using
smoothing algorithms to increase the network utilization and decrease the bandwidth variability of the traffic
stream. We elaborated on the smoothing procedure and its end-to-end effects by identifying and proposing
solutions for several critical points that should be taken into account by any smoothing algorithm to generate
feasible transmission schedules. The general points identified along with the proposed solutions included: (i)
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the smoothing procedure under possible variable jitter throughout the network, (ii) the consideration of the
unused data within the stream when the transmission schedule is computed, (iii) the clock recovery problem,
and (iv) the use of alternate schedules on a renegotiation failure.

A number of issues remains open. The adaptation of a precomputed transmission schedule for a stored
stream and specific network parameters for transmission under different network parameters without recom-
puting the whole schedule needs further investigation. Also, the impact of the transmission schedule on the
clock recovery process at the decoder for applications with stringent clock requirements such as broadcast
TV, should be examined in more detail. Finally, a thorough understanding of how a set of smoothed video
streams can be combined and sent over a packet-switched network to increase its utilization needs to be
studied.
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