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Abstract. A crucial factor for real-time (interactive) services is the end-to-end
delay experienced by the application. The contribution resulting from the queu-
ing delay induced by the network nodes is the most difficult to assess. First, it is
a stochastic quantity which should be aggregated over many (possibly different)
network nodes. Secondly, the queuing delay in a single node stems from two
different mechanisms: one related to interference with other interactive flows
and one related to interference with the ubiquitous best-effort data flows. Ear-
lier work assessed these two components separately, leading to a ‘worst case’
result. This paper models both components and develops formulas to calculate
exact results for the end-to-end queuing delay. Results are shown indicating an
improvement up to 45% over the worst-case method. The formulae developed
in this paper are expected to be useful in network dimensioning, in setting net-
work performance requirements and in admission control mechanisms.

1 Introduction

Many consider the Internet Protocol (IP) to be an enabling technology for multi-
service networks. However, the currently widely deployed Internet service provides a
best effort service only. Delay and packet loss may be introduced at any node along
the end-to-end route through the network, depending on that node’s state of conges-
tion. Especially when interactive voice and video are transported over the network
concurrently with the traditional data, the network needs to implement specific actions
in order to control (i.e. minimise) the packet loss and packet delay experienced by the
interactive streams.

To that end, the Internet Engineering Task Force (IETF) has defined two approaches
to support Quality of Service (QoS) in IP networks: the Integrated Services model [1]
(IntServ) and the Differentiated Services [2] (DiffServ) model. Both approaches pro-
vide a framework to achieve (1) that for interactive and streaming services the packet
loss in each node will be virtually zero and (2) that for interactive services the packet
delay in each node is kept small. The solutions to achieve these objectives are
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not specified and thus implementation dependent. Subsection 1.2 describes the node
model used in this paper.

1.1 Importance of delay and delay assessment for interactive applications

For interactive services, it is crucial that the end-to-end delay as experienced by the
service is kept small, such that the interactive nature of the application is not impeded.
For example, according to [3] the end-to-end delay should not exceed 150 ms for
telephony. There are several components in the end-to-end delay of the service: delay
contributions by the terminals (such as packetisation delay and dejitter delay) and the
delay incurred by the network to each IP packet. The latter delay component can be
decomposed into a deterministic (e.g. propagation) and a stochastic (e.g. queuing)
part. The deterministic delay is relatively easy to determine, queuing delay is more
difficult to assess because it is a stochastic value which also depends on the conges-
tion state in each of the network nodes.

Assessing the queuing delay is important for two reasons. First of all it contributes
directly to the end-to-end delay for which strict delay bounds should be met in order
to deliver voice with sufficient quality (e.g. 150 ms, see above). Secondly, in order to
cope with variation in delay (often referred to as jitter) at the destination of every end-
to-end route a dejittering buffer is implemented. The receiving terminal retains the
first arriving packet of a flow in the dejittering buffer for some time before delivering
packets to the decoder at the rate with which the packets were originally generated.
This delay provides some slack for subsequent packets which happen to arrive ‘late’
due to queuing in the network nodes. In the event of an unexpectedly ‘extremely late’
arriving packet, the dejitter buffer will run empty and the receiver should feed some
dummy information (e.g. silence) to the decoder instead. Dimensioning the initial
delay at the receiver side involves a trade-off between delay and packet loss. A large
initial delay will contribute largely to the end-to-end service delay but will keep the
fraction of packets which arrive too late to be played-out to a small value. When the
initial delay is chosen equal to the (1-p)-quantile of the end-to-end queuing delay, the
value of p indicates the fraction of packets that can be expected to arrive too late for
play-out

In other words, the effect of the queuing delay reflects twice in the end-to-end delay:
once as the genuine contribution to the packet delay and once (in the format of a suit-
able quantile of its distribution) as the optimum (minimum) setting of the initial delay
in the dejittering buffer. Finally, note that the queuing delay is one of the factors that
can be influenced by proper traffic management. For example propagation delay can-
not be very well controlled, given the distance to be covered, whereas the queuing
delay for real-time traffic can be kept small by controlling the load on the queues
(devoted to real-time traffic).

There is a need to predict the delay before large-scale deployment of real-time ser-
vices over IP networks. As these services are not implemented yet on a sufficiently
large scale to perform representative life measurements, we follow a theoretical ap-
proach for assessing the delay performance that could be obtained under certain traffic
assumptions. It is well known that deterministic upper bounds for queuing delay are
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easily obtained, see [4], [5], [6], but these upper bounds lead to unrealistically high
values. Instead, in this paper statistical “upper bounds” (i.e. quantiles) are derived for
the queuing delay, leading to more realistic values, see also [7], [8], [9]. The formulae
developed in this paper are invaluable tools in network dimensioning, in setting net-
work performance requirements [10] and admission control mechanisms that are re-
quired to keep the load on those queues under control.

1.2 Node model

A single traditional First-In-First-Out (FIFO) queue (per output interface) is not suffi-
cient for supporting voice, video and data services on a single network (node), be-
cause data sources making use of the Transmission Control Protocol (TCP) tend to
increase their sending rate until (a part of) the network is congested, resulting in ex-
cessive delays and packet loss. This paper uses a node model with two queues (per
output interface) served by a non-pre-emptive Head-of-Line (HoL) scheduler illus-
trated in Fig. 1. Real-time packets get absolute priority over data packets. Data pack-
ets are only served when the real-time queue is empty. In case DiffServ is used pack-
ets with different transport requirements can be distinguished (and classified into the
correct queue) by the code-point in the header of the IP packet.

—> [ ] Cu

> Classifier Real-time queue

—> [[[1]

Data queue

Fig. 1. Head-of-line queueing system

Most papers study the real-time queue in isolation, because the queuing delay of the
real-time services and the queuing delay due to the residual service of the data packet
are assumed to be statistically independent [11]. In [8], [9] the contribution of the data
to the queueing delay is assessed as a worst-case estimate i.e. as the service time of
one data packet. In this paper we will tighten the assessment of the queueing delay by
incorporating the residual service of the data packet.

We will assume that the real-time service generates packets of constant length and at a
constant rate (CBR traffic); each packet traverses a given number of hops (routers) to
reach the receiving destination. The delay components in the different routers are
assumed to be independent. For some specific cases this assumption will not be valid
and therefore the resulting model will be approximate. There is, however, reason to
believe that if the actual load from each stream is small compared to the total load on
the network elements considered, this assumption will be quite reasonable, see [12],
[13], [14].
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2 Queueing model

In order to calculate a quantile of the queuing delay we assume that all real time flows
are Constant Bit Rate (CBR) flows generating packets with a constant length. How-
ever, as the traffic flows interfere with other flows, the CBR character of the flows
disappears while traversing the network crossing multiple routers.

In [7] it is conjectured that flows that are initially CBR cannot be disturbed to a stream
that has more burstiness than a Poisson stream, as long as it interferes only with flows
that were originally CBR. A recent paper [15] presents analytical and simulation re-
sults that support this conjecture.

Hence, in order to calculate the delay we need to model each node as an M/D/1 queue
with non-preemptive priority and then apply convolution to get the end-to-end waiting
time distribution.

If we let W, denote the waiting time in the k™ node for the real-time packets then the

total delay may be written W, =W, +...+ W, , and the Laplace-Stieltjes Transform

(LST) of the sum is found as the product of the LSTs of the waiting times in the indi-
vidual nodes

W () =[]W, (). (1)
k=1

where W, (s) is the LST of the waiting time for the highest priority packets in a

M/D/1 non-preemptive queueing model. In order to make the results more general we
will use the LST of the waiting time for the highest priority packets in a M/G/1 non-
preemptive queueing model given by the Pollaczek-Khinchin formula (with a slight
modification); see for instance [16]:

1-p
1-p{'B/' (5)

where p’ and p/ are the loads and lA?,f{ (s) and é,f (s) are the LSTs of the remaining

W, (s)= (1= p, +pBL(5)). )

service times for high and low priority packets respectively and further
P =P 10— p;') . Note that the relation between the LST of the remaining service
times and the “ordinary” service times is given as é(s):(l—E(s))/(sb) where
b=E [B] is the mean service time.

It may be convenient to relate the end-to-end waiting time distribution based on the
LST (1) to the corresponding model without any priority. We may write

Wi =WT" + Bl, where W' and BJ,are independent and W' represents the end-to-

end queuing delay for the corresponding path (system) without any priority and By, is
the extra delay due to the influence from the lower priority packets. Further the distri-

bution of W, may therefore be found by convoluting the distributions of W’ and

B}, . We may therefore re-write:
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W (s)=W"(s)BL,(s), 3)
with
T = 1- plfl
wie)=||—=— (€]
2=l
and

~ K A
By ()= = pi+ piBi (5)) . Q)

k=1
The expressions above will also apply for saturated system. In this case there will
always be low priority packets present in the low priority queue and this correspond to

the case with p, =1 (or p) + p} =1).

In the Appendix it is explained how to find (invert) the DF of the end-to-end waiting
time W, (1) = P{W/". <t}based on the LST (1) and (2) or (3), (4) and (5).

In this paper we will only consider the case when all the nodes are identical, that is the
network is homogeneous in the sense that all links have equal capacity and load. The

case of a heterogeneous network is treated in [17] but there the data queues are not
taken into account.

3 Comparison of the methods

In this section we will compute quantiles of end-to-end delay for several scenarios.
We will compare the outcome of the exact method as discussed in Section 2 with the
so called worst-case (WC) method, introduced in Section 1. Note that the worst-case
method assesses end-to-end delay quantiles by taking the sum of the end-to-end quan-
tile for K M/D/1 queues (contribution of real-time queue) and K times the service time
of a data packet (contribution of data queue), see [9], [10]. We will consider several
scenarios by varying the following parameters: the number of hops, the quantiles, the
ratio of packet sizes of best effort traffic and real-time traffic and the load due to real-
time traffic. In addition we will assume that there will always be low priority packets
present in the low priority queue (corresponding to the case p, =1 in Section 2).

In Tables 1-2 we give (1-p)-quantiles of the queuing delay expressed in number of
real-time packets where p = 107

Within each table the load due to real-time traffic and the number of hops (denoted
by K) are varied. The difference between each of the tables lies in the different ratios

of packet sizes of best effort data traffic and real-time traffic. If we denote by Ppe and

Pyt the packet size (in byte) of best effort data packets and real-time packets respec-
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tively, then Table 1 and Table 2 correspond to the case Ppe =5Py¢t and Ppe =10Py¢
respectively.
Note that in order to express the delay in seconds the numbers in the tables should be

multiplied with the service time of an real-time packet, i.e. 8Py/C, where C denotes
the link capacity (in bit/s).

Table 1. (1-10”)-quantiles of queueing delay with Ppe = 5Pyt

lload 40% 50% 60%

WC lexact WC lexact WC lexact
1 hop 3.94 7.65 10.16 8.70 11.96 10.31
2 hops 15.06 12.31 16.70 13.61 19.09 15.64
4 hops 26.84 20.80 29.12 22.48 32.52 25.20
8 hops 49.75 36.21 53.15 38.66 58.24 ¥2.65
16 hops 94.73 64.59 100.12 68.59 108.08 75.13

Table 2. (1-10”*)-quantiles of queueing delay with Ppe = 10 Py¢

lload 40% 50% 60%
WC lexact WC lexact WC lexact
1 hop 13.94 12.22 15.16 13.15 16.96 14.59
2 hops 25.06 21.31 26.70 22.34 29.09 24.00
4 hops 16.84 38.03 49.12 39.21 52.52 41.23
8 hops 89.75 67.46 93.15 69.33 98.24 72.39
16 hops 174.73 121.10 180.12 124.43 188.08 129.69

In Tables 3-4 we present (1-p)-quantiles of the queuing delay expressed in number of
real-time packets where p = 107

Table 3. (1-107)-quantiles of queueing delay with Phe = 5 Py¢

lload 40% 50% 60%

WC lexact WC lexact WC lexact
1 hop 11.79 10.49 13.83 12.37 16.82 15.17
2 hops 18.17 15.50 20.67 17.57 24.37 20.96
4 hops 30.29 24.56 33.59 27.20 38.41 31.33
8 hops 53.72 41.25 58.31 44.65 65.04 50.15
16 hops 99.43 71.77 106.23 76.70 116.24 84.72

Table 4. (1-10”)-quantiles of queueing delay with Ppe = 10 Py¢

lload 40% 50% 60%
WC lexact WC lexact WC lexact
1 hop 16.79 15.07 18.83 16.82 21.82 19.45
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2 hops 28.17 24.54 30.67 26.47 34.37 29.51
4 hops 50.29 42.37 53.59 44.45 58.41 47.83
8 hops 93.72 75.11 98.31 77.55 105.04 81.68
16 hops 179.43 133.49 186.23 137.25 196.24 143.42

All exact results in Tables 1-4 have been validated through simulation and they all fall
within 95% confidence intervals.

Tables 1-4 lead to the following observations:

e  The worst-case method produces reasonably accurate results only for the sin-
gle hop case. The relative difference becomes quite considerable (up to 45%)
for cases with a larger number of hops (K = 16) and in particular for cases
where the best-effort packets are much larger than the real-time packets
(Phe = 1Of)rt)

e The exact method has performed in a stable way and has produced accurate
results. The gain in accuracy compared to the worst-case method (-32%) is
considerable, in particular for a large number of hops and for real-time pack-
ets much smaller than the best-effort packets.

e Relative errors for the worst-case estimations of (1-p)-quantiles get slightly
better for smaller p.

e Relative errors for the worst-case estimations are rather insensitive with re-
spect to the load due to real-time traffic.

4 Example application of the methods

In this section we will apply, as an example case, both the exact and the worst-case
method for the calculation of delay in an access scenario and a core scenario.

For the access scenario we assume real-time packets of size 150 byte. Data packets are
assumed to be 1500 byte. The packets traverse two links of 256 kbit/s. Figure 2 shows
(1-p)-quantiles of the delay over the two links for varying values of the load.
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Fig. 2. Queueing delay over 2 access links: P,.=10P,, =1500 byte, C = 256 kbit/s

For the core scenario we assume real-time packets of size 300 byte. Data packets are
assumed to be 1500 byte. The packets traverse 16 links of 155 Mbit/s. Figure 3 shows
(1-p)-quantiles of the delay over the 16 links for varying values of the load.
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Fig. 3. Queueing delay over 16 core links: P,.=5P,; =1500 byte, C = 155 Mbit/s

From Figures 2-3 and other scenario’s that are not reported here we draw the follow-
ing conclusions:

e In the example access scenario the worst-case method seriously overesti-
mates the quantile values for queueing delay. This overestimation can be in
the order of tens of milliseconds.

e In the example core network scenario the overestimation due to the worst-
case method will not be more than 0.5 ms.

5 Discussion and conclusions

We have discussed two methods to assess the end-to-end queuing delay experienced
by real-time IP datagrams which get non-preemptive priority over data packets. The
first method, referred to as the worst-case method, quantifies the contributions in a
tandem of nodes due to interference with real-time traffic and due to interference with
data traffic separately and then aggregates them to arrive at an upper bound for quan-
tile values of the end-to-end queuing delay. The second method, which is referred to
as the exact method, considers a single node as a queuing system that is formed by a
convolution of the waiting time in the real-time queue and the residual service time of
the data queue. Both the worst-case and the exact method make use of convolutions to
evaluate the result in multiple nodes.

We have applied the methods under a number of simplifying conditions: all nodes are
identical, all packet sizes are identical and the waiting times in consecutive nodes are
independent. For heterogeneous nodes our methods can also be applied although the
complexity increases significantly. For non-deterministic packet size distributions in
general it is not possible to use our method because there is no explicit expression for
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the waiting time distribution, such as (11). However, in this case one can use ap-
proximative methods, see [17]. Simulations for some “real” network scenarios, see
[18], show that for moderate loads (say up to 60%) the independence assumption
leads to accurate results.

It is concluded that the exact method provides results which are significantly smaller
than the worst-case method.

For network scenarios with only low bit rates the improvement due to the exact
method can be in the order of tens of milliseconds, and hence using the exact method
instead of the worst-case method is very relevant

For network scenarios with only high bit rates the improvement due to the exact
method will be very small, in the order of 1 ms, and in such cases the worst-case
method suffices.

The formulae developed in this paper are expected to be useful in network dimension-
ing, in setting network performance requirements and in admission control mecha-
nisms.
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Appendix: Exact results when all the nodes are identical

For the case where all the nodes are statistically independent it is possible to carry the
analysis significant further without introducing any approximations. This is due to the
fact that it is possible to obtain the LST of the convolution through partial derivatives
of the load for the LST of the waiting times in a single M/G/1 queue. For instance, if
we let

W(s, p)=——2— ©)

1-pB" (s)
be the LST for the waiting time for one single queue then simple partial derivative
with respect to the parameter p yields:
(1 _ p)K aKfl

W (5.0 = Wis.0) = 2" s, p) )
’ ’ (K=1) 9p% " |1-p 7"

The same result will also apply for the DF (and also PDF ) of the convolution, hence
1= o) o9k K-1
i-p) 2w, pyl, ®)
(K=1) 9p*" |1-p

where W(t, p) denotes the DF of the waiting time in a M/G/1 queue with load p .

W' p)=

Similar and more extended results may be found in a separate paper [18]. The DF of
the end-to-end queueing delay therefore be written as the sum obtained by inverting

(3)-5):
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Wip(t) == p)*W' @, p™)+ fbxp,K)WT(r,pHx*)l?L(r)*(” NC)

r=1
where b, (p,K)= p (d-p) is the binominal probability with parameters
r

L

p= P and K and I;L(t)*(") is the r-fold convolution of the PDF of the

1-p¥

remaining service times for the low priority packets ( (*) denotes convolution). The

expression (9) represents a general expression without any specific assumptions on the
actual service time distributions. To carry the analysis any further specific choices on
the service time distributions therefore has to be made.

In the following we shall assume that both the high and low priority packets have

constant service times given by b” and b* respectively. In this case we have

W, p™) = q(b,, P, (10)

where

[x]
qx,p)=(1-p)Y, [p(kk Bl o P
k=0 .

is the DF of the waiting time in a M/D/1 queue with service times scaled to unity. The

an

K -fold convolution of W(t, p”) is found from relation (8) by differentiation:

W't p")=¢ (b,,,p*’), (12)

where

L& K+k-1 .
g" (x.p)=(1-p) ZZ(Z,B[ ’ J(p(k_x))“ww (13)

k=0 1=0
Further we have that the remaining service times for the low priority packets are uni-
formly distributed over the interval (0,b"), and we find the r-time convolution

b ()" on the following form:

NLo#r) T C (_l)m L Lr—
b (z)()—(bL)rmZ:;m!(r_m)!H(z—mb )t —mb*) (14)

where H(x) is the unit step function. By a rather lengthy evaluation the convolutions
WT(t,pH)(*)I;L ()" may be found by applying the relation (8). By collecting the

evaluations we finally get:

WN’;<r>=<1—p>"q<bL,,,p”>+

¢ || k™
Zb (p,K{bHJ L’Zﬂ > J(—1)’"(;J(k”l_qu’“-l<t—’<b”w,pH>

H
k=0 m=0 r— b

(15)
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where the auxiliary functions ¢*’(x, p); i=1,2...,K —2 is defined through:

(I_P)K 0! k-i-2 4(X, P) _
(K1) 9p*! 1-p

g (x,p) =

P =S k| K-1-1

For i = K —1 we must add an extra term to get ¢

=P G D (K i ZJ(M - ) ert

K.K-1

(x.p):

¢5*(x, p) = (1-p)* o< {pl q(x, p)}+(_ I)K[l__pjl( =

(K -1) 9p*" 1-p p
ESY ALY SWERN _
2 [ZE( o (Kk_ll_lj(pw—x))”’e”“”+(—1)KJ.

Y im0 k!
Note that in the expression above we define the binominal coefficient as

[”jz n(n—=1)...cn—m+1)

m!

n
also allowing for negative n and implying [ J= 0 for
m m

m > n . The expression (15) for the DF of the end-to-end queueing delay gives stable
numerical results for at least up to K =20 identical nodes. The numerical accuracy

depends heavily on the fact that the auxiliary functions ¢**(x, p) may be calculated

by introducing “local” variables (see [18]) and thereby avoiding summations of alter-
nating series.

Substantial simplification can be obtained for special choices of the parameters. If the
service times for the low priority packets is exactly an integer times the service times

of the low priority packets (that is b* =[b" with integer /), and the queueing system
is saturated, that is pH + pL =1, then it can be shown that:

i ,
Wy ()= D e (kg™ TH"‘"’H”
k=0
where

-t "“'“%”}(_l)m( rJ(r+k —lm—lJ .

m=0 m r—1
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