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ABSTRACT
In this paper a Markov model is developed that,
given a simple description of the network delay and
the packet interarrival times of a variable bit rate
video stream, can be used to dimension the two important parameters of the dejittering process: the
capacity Q the dejittering buffer should have and the
dejittering delay Tjit the dejittering process should
wait before starting the playout of the first packet.
The correct setting of these parameters is important
to keep both the packet loss due to dejittering buffer
overflow and/or underflow and the introduced dejittering delay below some acceptable limits.
INTRODUCTION
In the domain of access networks there is a tendency
towards increasing the capacity of the access bit
pipes. This provides opportunities to offer beyond
the usual data transmission the Internet was originally designed for, also bandwidth-hungry services
like high-quality digital television. A major problem
with the real-time transmission of audio-visual information over the Internet is however that the endto-end delay is variable, depending on the load of
the network. These delay variations (also called jitter) need to be reduced at the receiving end, or the
decoder will not operate correctly (Apostolopoulos
et al., 2002).
The task of reducing the jitter is typically performed
by placing a dejittering buffer before the decoder. In
this buffer, the first packet of a video stream is retained for some time (the dejittering delay) before it
is offered to the decoder. From then on, packets are
played out with the same cadence as with which the
encoder generated the video packet stream. Packets
that arrive before their playout instant are temporarily stored in the dejittering buffer, packets that arrive
too late are useless and considered lost. For each

packet that arrives too late, the dejittering buffer
underflows (i.e., runs empty) at the moment such a
packet is supposed to be played out.
For a given dejittering delay and dejittering buffer
capacity, there is a maximal amount of network jitter that can be accommodated without buffer underflow or overflow, either of which would result in
a poor video quality. But while a dejittering buffer
can compensate for jitter, the dejittering mechanism
also introduces additional delay. Specifying the dejittering delay and the size of the dejittering buffer
thus always involves a trade-off between packets being lost to the video application and their delay.
The aim of this paper is to develop a mathematical model that, given a simple description of the
network delay and the packet interarrival times of a
variable bit rate video stream, can be used to dimension the two important parameters of the dejittering
process: the capacity Q the dejittering buffer should
have and the dejittering delay Tjit the dejittering
process should wait before starting the playout of
the first packet. The correct setting of these parameters is important to keep both the packet loss due to
dejittering buffer overflow and/or underflow and the
introduced dejittering delay below some acceptable
limits.
SYSTEM DESCRIPTION AND ASSUMPTIONS
Consider a video source that sends its traffic over
a packet-based network towards a video player, at
a rate that is not necessarily constant (i.e., a variable bit rate source). Because of varying (queueing)
delays within the routers in the network, the end-toend delay between source and receiver can vary from
packet to packet. To compensate for this delay jitter
introduced by the network, the video player uses a
dejittering buffer.
Assume that the time is divided into fixed-length intervals, referred to as slots, and that the variable
character of the interarrival time (IAT) of successive

packets at the network is characterized by the probability distribution
bi = P{IAT = i slots},

0 < iatmin ≤ i ≤ iatmax .

Remark that taking iatmin equal to iatmax results in
the characterization of constant bit rate traffic.
The network delays experienced by the packets are
assumed to be identically distributed random variables (not necessarily independent) with probability
distribution

{delaymin , . . . , delaymax } that
dj = P{D(k + 1) = j}
=

delay
Xmax

iat
max
X

P{D(k + 1) = j |

i=delaymin l=iatmin

D(k) = i ∧ IAT(k, k + 1) = l}
P{IAT(k, k + 1) = l | D(k) = i} P{D(k) = i}
=

delay
Xmax

iat
max
X

fj di

i=delaymin l=max{iatmin ,i−j+1}

di = P{network delay = i slots},
0 < delaymin ≤ i ≤ delaymax .
For ease of notation later on, we assume that di 6= 0,
∀i ∈ {delaymin , . . . , delaymax }. This is however not
an essential requirement.
A delay distribution could be obtained from delay
measurements in the considered network, or from the
service level specification of the network provider.
Assuming that the delay of each packet is described
by the same probability distribution is only valid if
the network conditions (e.g., routes, loads, etc.) do
not change drastically over the time that the video
flow exists.
Independency of the delay of succeeding packets can
however not be assumed, since packet delays in general exhibit a temporal dependency, particularly for
high delays (Jiang and Schulzrinne, 2000). The reason for this dependency is intuitively explained as
follows. A high delay for packet k indicates a nonempty router buffer in the network. Since it takes
some time for such a buffer to drain, if the interpacket gap at the sender is small, the buffer depth
may not have changed much upon arrival of packet
k + 1 at that buffer, and this packet will also experience a high delay. We will take this phenomenon
into account by assuming that the probability with
which the delay D(k + 1) of a packet k + 1 takes a
certain value, given the delay D(k) experienced by
packet k and the interarrival time IAT(k, k + 1) between the two packets at the network, has the form
of a conditional distribution:
P{D(k + 1) = j | D(k) = i ∧ IAT(k, k + 1) = l}

0,
if j ≤ i − l,


=
Pi−l
fj
1 − m=delaymin fm , otherwise,

/

with delaymin ≤ i, j ≤Pdelaymax , iatmin ≤ l ≤
delaymax
iatmax , all fj ≥ 0 and
j=delaymin fj = 1, where
the exact values of the fj ’s are still unknown at this
point.
Since P{D(k) = i} = di and P{D(k + 1) = j} = dj ,
the theorem on total probability gives for all j ∈

!

bl
1−

Pi−l

m=delaymin

fm

. (1)

By solving this set of delaymax − delaymin + 1 equations, the delaymax − delaymin + 1 unknown fj ’s are
obtained. Note that solving this set of equations is
not difficult, since i − l < j in Equation (1). So
the first equation corresponding to j = delaymin only
contains the unknown fdelaymin . The second equation
contains fdelaymin +1 and fdelaymin , where fdelaymin can
be substituted from the solution of the first equation,
and so on.
Denote by IDT(k, k + 1) the interdeparture time
from the network between packet k and packet k + 1
(i.e., their interarrival time at the dejittering buffer).
Then
IDT(k, k +1) = IAT(k, k +1)+D(k +1)−D(k). (2)
Define for notational convenience later on the matrices Us , with elements (Us )i,j , (delaymin ≤ i, j ≤
delaymax ) equal to
(Us )i,j = P{IDT(k, k + 1) = s + 1 ∧
D(k + 1) = j | D(k) = i}
= P{IAT(k, k + 1) = s + 1 − j + i ∧
D(k + 1) = j | D(k) = i}
= P{D(k + 1) = j | IAT(k, k + 1) = s + 1 − j + i
∧ D(k) = i}
P{IAT(k, k + 1) = s + 1 − j + i | D(k) = i}

fj bs+1−j+i

, if s ≥ 0 and
 1− j−s−1
m=delaymin fm
=
iatmin ≤ s + 1 − j + i ≤ iatmax ,


0, otherwise.

P

Remark that for s 6∈ {0, . . . , S}, with S = iatmax +
delaymax − delaymin − 1, Us = 0.
DEJITTERING PROCESS
For every slot n, define the states (ln , tn , jn ) with
ln > 0, and (ln , tn , wn , jn ) with ln = 0, where the
different variables have the following interpretation:

• ln : for ln > 0, the number of slots ago the next
packet for playout arrived, and for ln = 0, the
fact that the next packet for playout did not yet
arrive, or arrives in the current slot n,
• tn : the number of slots to go until the next playout should start, where tn = 0 means that the
next packet should be played out in the current
slot n,
• wn (only defined if ln = 0): the number of slots
to go until the next packet for playout arrives,
where wn = 0 means that it will arrive in the
current slot n,
• jn : the network delay experienced by the next
packet for playout.
Remark that states with ln = 0, tn = 0 and wn > 0
correspond to a packet being late for playout. Note
further that given the state of the dejittering process
in slot n, it is possible to calculate with which probability the process will be in which state in slot n + 1.
So the states defined above describe a discrete-time
Markov chain. The transition probabilities of going
from one state to another state will be derived now.
First of all, transitions from a state with tn > 0 are
trivial, since the next packet for playout is the same
packet in slot n + 1 as in slot n. With probability
one the system will evolve
• from a state (ln > 0, tn > 0, jn ) in slot n to the
state (ln+1 = ln + 1, tn+1 = tn − 1, jn+1 = jn )
in slot n + 1,
• from a state (ln = 0, tn > 0, wn > 0, jn ) in
slot n to the state (ln+1 = 0, tn+1 = tn − 1,
wn+1 = wn − 1, jn+1 = jn ) in slot n + 1, and
• from a state (ln = 0, tn > 0, wn = 0, jn ) in slot n
to the state (ln+1 = 1, tn+1 = tn − 1, jn+1 = jn )
in slot n + 1.
If the system is in slot n in a state with tn = 0, i.e.,
the next packet should be played out in this slot,
then with probability (Us )i,j , s ∈ {0, . . . , S} and
delaymin ≤ i, j ≤ delaymax , a transition is made
• from a state (ln > 0, tn = 0, jn = i) in slot n
to the state (ln+1 = ln − s, tn+1 = s + i − j,
jn+1 = j) in slot n + 1 if s − ln < 0, and
to the state (ln+1 = 0, tn+1 = s + i − j,
wn+1 = s − ln , jn+1 = j) if s − ln ≥ 0,
• from a state (ln = 0, tn = 0, wn , jn = i) in
slot n to the state (ln+1 = 0, tn+1 = s + i − j,
wn+1 = wn + s, jn+1 = j).
This is because when a packet k should be played out
in slot n, and packet k + 1 arrives s + 1 slots later
than packet k at the player,

• packet k + 1 should be played out IAT(k, k + 1)
slots later than packet k, i.e., in slot n + s + 1
−j + i (by Equation (2)),
• packet k arrived in slot n − ln if ln > 0, and thus
packet k + 1 arrives in slot n − ln + s + 1, which
is before or later than slot n + 1 depending on
if s − ln is positive or negative,
• packet k arrives in slot n + wn if ln = 0, and
thus packet k + 1 arrives in slot n + wn + s + 1.
Denote D = {delaymin , . . . , delaymax }. Because the
receiver waits Tjit slots after the arrival of the first
packet before starting the playout of the video, the
evolution of the Markov chain defined above will
start upon arrival of the first packet in a state
(0, Tjit , 0, d∗ ), where d∗ ∈ D is the network delay
experienced by the first packet.
Define the set of states C(Tjit + d∗ ) as
C(Tjit + d∗ ) =

(0, t, w, j)|j ∈ D, w = t + j − Tjit − d∗ and
t ∈ {max(0, Tjit + d∗ − j), . . . , iatmax − 1}
[
(l, t, j)|j ∈ D, l = Tjit + d∗ − t − j and
t ∈ {0, . . . , min(Tjit + d∗ − j, iatmax ) − 1} . (3)
The states of C(Tjit + d∗ ) form a Markov chain with
exactly one irreducible closed set of states (see the
appendix for details). States not in this closed set
are transient. As a consequence, this Markov chain
has a unique stationary distribution π.
If Tjit ≤ iatmax − 1, the start state (0, Tjit , 0, d∗ )
belongs to the set C(Tjit + d∗ ). If Tjit > iatmax − 1,
(0, Tjit , 0, d∗ ) is not an element of C(Tjit + d∗ ), but
after Tjit transitions with probability 1, the system
reaches the state (Tjit , 0, d∗ ), which does belong to
C(Tjit + d∗ ). So when the dejittering process starts
in the state (0, Tjit , 0, d∗ ), the steady-state behavior
of this process is described by the Markov chain with
the elements of C(Tjit + d∗ ) as states.
To calculate the stationary distribution π, the set of
equations
πQ = π, πe = 1,
(4)
should be solved, where Q is the transition matrix describing the transition probabilities among the
states of C(Tjit + d∗ ). By dividing Q into blocks corresponding to the first index of the states, i.e.,
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the lower block-Hessenberg form of this matrix becomes clear, which means that equation (4) can be
solved using for example the algorithm described in
(Van Houdt et al., 2003), which is an adaptation of
the algorithm of Latouche, Jacobs and Gaver (Latouche et al., 1984). The diagonal blocks of Q are
square matrices, the other blocks are rectangular
with appropriate dimensions. Once π is calculated,
several performance measures of the dejittering process can be calculated.
PERFORMANCE MEASURES
This section explains how to calculate the underflow
and overflow probabilities from the presented model.
Remember from before that for each different value
of Tjit + d∗ , a Markov chain with a different set of
states C(Tjit + d∗ ), and consequently a different stationary distribution should be considered. Despite
this, the simple notation ‘π’ is used for such a stationary distribution, since adding a reference to the
value Tjit + d∗ will just overload notations, while
the stationary distributions corresponding to different values for Tjit + d∗ will never be used together in
a single formula.
Underflow Probability
The probability that the dejittering buffer underflows, i.e., that a packet is not in the dejittering
buffer on its playout time, given that the receiver
waits Tjit slots after the arrival of the first packet
to start the playout, and given that the first packet
experiences a network delay of d∗ slots, is
Plate (Tjit , d∗ ) =
P

w>0

P P
w

j∈D

P

j∈D

π (0,0,w,j) +

π (0,0,w,j)
P P
l>0

j∈D

π (l,0,j)

, (5)

i.e., the fraction of all slots in which a packet should
be played out, but the packet did not yet arrive, to
all slots in which a packet should be played out.

packet to start the playout is obtained by considering all the different values d∗ can take:
Plate (Tjit ) =

X

Plate (Tjit , d∗ = k) dk .

k∈D

Overflow Probability
Packets that arrive too late for playout will not enter
the dejittering buffer, since they are of no use to the
application anymore. Packets that arrive on time
could however still get lost when upon their arrival
the dejittering buffer is full. The probability that this
happens when the dejittering buffer has a dimension
of Q packets, will be approximated by the probability
that a timely arriving packet sees upon its arrival Q
or more packets present in an infinite capacity buffer.
Consider a random timely arriving packet, and suppose that the playout instant corresponding to this
packet is slot n. Then the Markov chain describing the dejittering process will be in a state of the
following types in slot n: (ln > 0, tn = 0, jn ∈ D)
or (ln = 0, tn = 0, wn = 0, jn ∈ D). This means
that the packet arrived in slot n − ln , and the packet
saw at that moment as many packets present in the
dejittering buffer as will be played out in the time
interval [n − ln ; n[. So the probability that a random timely arriving packet that arrives l ≥ 0 slots
before its playout time finds q packets in the dejittering buffer upon its arrival, equals the probability
that q succeeding interarrival times of the variable
bit rate stream last l or less slots, while q + 1 succeeding interarrival times last more than l slots.
Denote by X(q) the duration of q succeeding interarrival times. Then
P{X(q) ≤ l ∧ X(q + 1) > l}
min(l,q.iatmax )

=

X

P{X(q) = i ∧ X(q + 1) > l}

i=max(q.iatmin ,l−iatmax +1)

Remark that when Tjit + d∗ ≥ delaymax , all packets
are always on time for playout, since there does not
exist a state of the form (0, 0, w, j) ∈ C(Tjit + d∗ )
with w > 0 and j ∈ D. As a consequence, the numerator of (5) equals zero. However, the delay d∗
experienced by the first packet will not be known
to the receiver at the moment it sets the parameter
Tjit . Choosing Tjit ≥ delaymax − delaymin ensures
that all packets will always be on time for playout,
although the introduction of an extra delay of this
amount will not always be acceptable if the difference between the maximum and the minimum delay
becomes large.
The average underflow probability given that the receiver waits Tjit slots after the arrival of the first

min(l,q.iatmax )

=

X

P{X(q + 1) > l | X(q) = i}

i=max(q.iatmin ,l−iatmax +1)

P{X(q) = i}
min(l,q.iatmax )

=
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bj Iqi ,

i=max(q.iatmin ,l−iatmax +1) j=max(l−i+1,iatmin )

where Iqi denotes the probability that q succeeding
interarrival times of the variable bit rate stream last
i slots. This probability is calculated using the following recursive relation:
(
1,
if i = 0,
i
I0 =
0,
otherwise,

(
bi ,
=
0,

if iatmin ≤ i ≤ iatmax ,
otherwise,

and for q > 1, Iqi =
(
0, if i < q.iatmin or i > q.iatmax ,
Pmin(iatmax ,i−(q−1).iatmin )
j i−j
j=max(i−(q−1).iatmax ,iatmin ) I1 Iq−1 ,

0.1
0.09
0.08
0.07

otherwise.

So the probability that a timely arriving packet sees
upon arrival q packets in the dejittering buffer, given
Tjit and d∗ , is:
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and given only Tjit , this becomes
X
P{Qa = q | Tjit } =
P{Qa = q | Tjit , d∗ = k} dk .
k∈D

P(IAT = k)

X
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Figure 1: Network delay distribution
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j∈D

0.15

0.1

∗

Then the overflow probability given Tjit and d for
a dejittering buffer of size Q is approximated by

0.05

PQ (Tjit , d∗ ) ≈ P{Qa ≥ Q | Tjit , d∗ },
0
0

and given Tjit only by
PQ (Tjit ) ≈ P{Qa ≥ Q | Tjit }.
Remark that the maximal value l can take in a
state with t = 0 of C(Tjit + d∗ ), is lmax =
max(Tjit + d∗ − delaymin , 0). Because there will be
at most one playout per iatmin slots, a timely arlmax
riving packet sees never more than b iat
c packmin
ets in the dejittering buffer upon arrival. So when
the dejittering buffer size Q is chosen equal to or
T +delaymax −delaymin
larger than b jit
c + 1, no packiatmin
ets will get lost due to buffer overflow. Setting
−delaymin )
Q = b 2(delaymax
c + 1 and Tjit = delaymax −
iatmin
delaymin corresponds to the optimal choice for Tjit
and Q for which no packets get lost due to the dejittering process, i.e., not because of buffer underflow
and not because of buffer overflow.
NUMERICAL EXAMPLE
Consider a network delay distribution with the shape
of a shifted gamma distribution, as shown in Figure 1. Studies (Corlett et al., 2002; Bovy et al., 2002)
into one-way end-to-end packet delays have found
that the vast majority of these delays is well approximated by a shifted gamma distribution, and that
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Figure 2: Packet interarrival time distribution of the
variable bit rate stream
excessive delays are in reality quite rare. Figure 2
shows the packet interarrival time distribution that
will be considered in this example.
Figures 3 until 6 present performance results obtained with the mathematical model developed in
this paper, when the data shown in the Figures 1
and 2 is used as input to the model.
Figure 3 shows the underflow probability for different
values of Tjit + d∗ . Tjit + d∗ is always larger than or
equal to delaymin , which is 751 slots in this example.
For Tjit + d∗ larger or equal to delaymax , which is
800 slots, the underflow probability is zero. A curve
as shown in Figure 3 can be used to dimension the
parameter Tjit of the dejittering process. This parameter should be set as small as possible to reduce
the extra delay introduced by the dejittering process,
but large enough to keep the packet loss due to underflow below some target value. For a certain target
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Figure 3: Underflow probabilities given Tjit and d∗

Figure 5: Overflow probabilities given Tjit and d∗ ,
for different values of the dejittering buffer size Q
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Figure 5 and 6 depict the overflow probabilities obtained for some values of Q, the size of the dejittering buffer. Figure 5 shows overflow probabilities
given Tjit + d∗ , while in Figure 6 average overflow
probabilities given Tjit are seen.
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Figure 4: Average underflow probabilities given Tjit
loss limit, the corresponding value for Tjit +d∗ is read
from the curve. Remark that in general the delay d∗
experienced by the first packet of the video stream
is not known at the moment a value for Tjit should
be set. So under the worst case assumption that the
first packet of the video stream experiences a delay
d∗ = delaymin , the value for Tjit to be used is thus
found.
The curve shown in Figure 4 gives the average underflow probability that would be obtained in a network
with certain delay characteristics, when the same
value of Tjit would be used in the dejittering process of all users receiving a video stream with the
considered characteristics. Users for which the first
packet of the video stream experiences a delay larger
than delaymin will get a packet loss probability due
to underflow smaller than the guaranteed one. As a
consequence, the average underflow probability will
be smaller than the guaranteed one.

Again the results given Tjit + d∗ can be used for
dimensioning purposes, this time of the capacity Q
the dejittering buffer should have to ensure that the
packet loss probability due to overflow of the dejittering buffer stays below a guaranteed limit. As can
be seen on Figure 5, for a target limit on the overflow probability and under the worst case assumption that d∗ equals delaymax , several valid combinations (Tjit , Q) are found. In practice however, one
wants to guarantee a limit on both the packet loss
due to overflow and due to underflow, which makes
that only one combination (Tjit , Q) is considered as
optimal, namely the one with the smallest value for
Tjit that guarantees the limit on the underflow probability. Remark further that a guarantee  for the
underflow probability and a guarantee δ for the overflow probability together give a guarantee +δ(1−)
on the general packet loss probability introduced by
the dejittering process. So to guarantee a general
loss probability of for example 1e-4, both  and δ
should be chosen smaller than 1e-4, in such a way
that  + δ(1 − ) = 1e-4.
For a fixed value of Q, overflow probability results as
shown in Figure 6 are the average overflow probabilities that are obtained in a network when a certain
value for Tjit is used in the dejittering process of all
users. Users for which the first packet of the video
stream experiences a delay smaller than delaymax
will get an overflow probability smaller than the
guaranteed one. Remark that for typical delay distributions, the probability that a (first) packet will ex-

0

because then there will be periods with low arrival
rates (large interarrival times) followed by periods
with higher arrival rates (small interarrival times),
and the buffer size Q should be large enough to capture a possible burst of early arrivals. The exact
implications of bursty arrival processes on the dimensioning of the dejittering buffer are for further
study.
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Figure 6: Average overflow probabilities given Tjit ,
for different values of the dejittering buffer size Q

perience the maximal delay is very small, so the average overflow probability will be considerably smaller
than the guaranteed one which is based on the worst
case delay the first packet of a video stream can experience.
CONCLUSIONS
In this paper a Markov model was developed that
can be used to dimension the two important parameters of the dejittering process of variable bit rate
video streams: the dejittering delay Tjit the dejittering process should wait before starting the playout
of the first packet, and the capacity Q of the dejittering buffer. The model takes two probability distributions as input: that of the interarrival time of packets
of the variable bit rate stream at the network, and
that of the network delay. For every chosen value of
Tjit + d∗ , where d∗ is the network delay that is experienced by the first packet of the video stream, a
Markov chain with a different set of states C(Tjit +d∗ )
was defined. From the stationary distribution of such
a Markov chain, the dejittering buffer underflow and
overflow probability corresponding to Tjit +d∗ is then
calculated. By weighting the results with the probability of all possible values d∗ can take, underflow and
overflow probabilities in function of Tjit are derived.
To illustrate its calculability, the model was applied
to a numerical example, where the delay distribution
used in this example is rather typical.
In the video source considered in this paper, no temporal dependency among the interarrival times at the
network of succeeding packets was assumed. As was
shown, the overflow probability results depend on
the probability of having more than x interarrival
times in a time interval of a certain length. As a
consequence, it is to be expected that a larger buffer
capacity Q will be needed with bursty video sources,

Another area for further study is the use and modelling of dynamic or adaptive dejittering techiques
(ETSI, 2003; Narbutt and Murphy, 2001). Dejittering considered in this paper is static dejittering, since
once the decision about the value of the dejittering
delay Tjit is taken at the establishment of the connection, it is never reviewed during the lifetime of
the video stream. Dynamic dejittering techniques
adjust the choice about the dejittering delay from
time to time. These techniques become more common for voice streams, where the dejittering delay is
typically changed at a new talkspurt, to limit the audible distortion. For video the instants at which such
a change could be made are less clear. In (Laoutaris
et al., 2004) dynamic dejittering for constant bit rate
video traffic is considered. For variable bit rate video
it is however more complicated to estimate on time
which part of the variability in the arrival rate of the
packets at the receiver is due to network delay variations, and which part is due to the variable character
of the video stream.
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Combining all these properties leads to the property that the #D.iatmax states of C(Tjit + d∗ ) form a
Markov chain with exactly one irreducible closed set
of states. This set contains all states of C(Tjit + d∗ )
that are reachable from the state mentioned in property 3. States not in this closed set are transient.
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APPENDIX
The set of states C(Tjit + d∗ ), defined in (3), has the
following properties:
1. C(Tjit + d∗ ) contains #D.iatmax elements.
2. From a state in C(Tjit + d∗ ) it is impossible to
reach a state outside C(Tjit + d∗ ).
3. C(Tjit + d∗ ) always contains at least one state
with j = delaymax , namely the state (0, iatmax
− 1, iatmax − 1 + delaymax − Tjit − d∗ , delaymax )
if Tjit + d∗ ≤ iatmax − 1 + delaymax , and the
state (Tjit + d∗ − iatmax + 1 − delaymax , iatmax
− 1, delaymax ) otherwise.
4. From all states in C(Tjit + d∗ ) it is possible to
reach the state mentioned in property 3.
Namely,
1. C(Tjit + d∗ ) contains exactly one element for
every combination (j, t), with j ∈ D and t ∈
{0, . . . , iatmax − 1}.
2. This is because all states reachable with one
transition from a random state in C(Tjit +d∗ ) are
again elements of C(Tjit + d∗ ), as is easily seen
by considering all one-step transitions described
in the dejittering process Section.
3. Trivial.
4. Consider a random state of C(Tjit + d∗ ). Such a
state has one of the following forms: (a) (0, t, t
+ j − Tjit − d∗ , j) with Tjit + d∗ − j > 0, (b)
(0, t, t + j − Tjit − d∗ , j) with Tjit + d∗ − j ≤ 0, or
(c) (Tjit + d∗ − t − j, t, j). After a finite number
of transitions with probability 1, the following
states are reached: (Tjit + d∗ − j, 0, j) in cases
(a) and (c), and (0, 0, j − Tjit − d∗ , j) in case
(b). Then with probability (Us )j,delaymax > 0,
where s = iatmax − 1 − j + delaymax , the state
mentioned in property 3 is reached.
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