Author's personal copy
Computer Networks 55 (2011) 2392–2406

Contents lists available at ScienceDirect

Computer Networks
journal homepage: www.elsevier.com/locate/comnet

A practical fair queuing scheduler: Simpliﬁcation through quantization
Z. Dwekat a, G.N. Rouskas b,⇑
a
b

Sprint Network Services, Raleigh, NC, USA
Department of Computer Science, North Carolina State University, Engineering Building 2, 890 Oval Drive, Raleigh, NC 27695-8206, USA

a r t i c l e

i n f o

Article history:
Received 9 July 2010
Received in revised form 4 January 2011
Accepted 8 April 2011
Available online 16 April 2011
Responsible Editor: A.K. Somani
Keywords:
Packet scheduling
Fair queuing
Tiered service

a b s t r a c t
The design of fair packet schedulers involves a tradeoff between implementation complexity, on one hand, and delay and fairness guarantees, on the other. In this paper, we present
tiered-service fair queuing (TSFQ), a new scheduler that exploits certain properties of Internet trafﬁc to speed up the bottleneck operations related to virtual time computation and
packet sorting. Speciﬁcally, TSFQ makes innovative use of quantization (along the two
dimensions of ﬂow weights and packet lengths) her with specialized yet simple queuing
structures. TSFQ combines all three properties that are important to a fair queuing algorithm, namely, a tight delay bound, worst-case fairness, and low complexity and amenability to hardware implementation. Hence, we believe that, for network operators, deploying
TSFQ scheduling has the potential to enhance their ability to offer and guarantee a wide
range of services.
Ó 2011 Elsevier B.V. All rights reserved.

1. Introduction
The Internet has evolved into a ubiquitous global communication medium that carries a constantly evolving trafﬁc mix that is becoming richer as innovation and technology
improvements spawn new telecommunications applications and services. Speciﬁcally, real-time and interactive
applications (including audio and video streaming, multimedia conferencing, etc.) require performance bounds from
the network in terms of bandwidth, delay, or delay jitter. For
instance a voice-over-IP (VoIP) application requires both a
minimum bandwidth (generally, between 20 and 80 Kbps,
depending on the voice codec used) and a round-trip delay
of about 150 ms (dictated by human ergonomics) to ensure
a ‘‘good’’ user experience. Hence, the network must support
some form of quality of service (QoS) functionality in order
to serve large numbers of heterogeneous users and applications with a wide range of requirements in terms of throughput and delay.
In packet-switched networks, packets from various
users (ﬂows) have to share the network resources,
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including buffer space at the routers and link bandwidth.
Whenever resources are shared, contention arises among
users seeking service. Consequently, shared resources employ a scheduling discipline to resolve contention by determining the order in which users receive service. In
particular, the scheduling algorithm is a central component of the QoS architecture of packet-switched networks,
and the performance that applications receive is directly
affected by the service discipline employed by the nodes
along their path.
Fig. 1 illustrates the general scheduler model that we
will use in our discussion. Speciﬁcally, we assume that
the scheduler serves n ﬂows and employs per-ﬂow queuing such that an arriving packet belonging to ﬂow i,
i = 1, . . . , n, is inserted at the tail of the queue dedicated to
this ﬂow. As a result, each ﬂow queue is sorted in increasing order of packet arrival times and its packets are served
in a FCFS order. As shown in the ﬁgure, each ﬂow i is associated with a positive real weight /i that is determined in
advance (e.g., based on the application’s bandwidth or delay requirements, or on economic factors). The scheduler
uses the weights in some discipline-speciﬁc manner to
determine which of the head-of-line packets in the ﬂow
queues to serve next.
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Fig. 1. Model of link scheduler serving n ﬂows; /i is the weight assigned
to ﬂow i.

A packet scheduler is desirable to possess three important properties [11]: (1) isolation and fairness, (2) performance bounds, and (3) low algorithmic complexity. We
elaborate on these properties next.
Isolation and fairness. The scheduler must provide isolation among the competing ﬂows in order to ensure that
each ﬂow receives its allocated/fair share of the link bandwidth. Isolation prevents misbehaving ﬂows (e.g., ﬂows
transmitting too fast) from affecting other ﬂows sharing
the same link. For best-effort applications, fairness typically refers to max–min fair allocation [3] of the link bandwidth among the ﬂows, whereby ﬂows with ‘‘small’’
bandwidth demands receive what they want while ﬂows
with ‘‘large’’ demands receive an equal share of the
remaining link bandwidth. For applications with a guaranteed rate, two measures of fairness are typically
considered:
 Proportional fairness. Proportional fairness, a measure
introduced by Golestani [7], essentially requires that
the difference between the normalized service received
by any two backlogged ﬂows i and j, over any time period (t1, t2), be bounded by a constant C:



Si ðt 1 ; t 2 Þ Sj ðt1 ; t 2 Þ

 6 C;

 r

rj
i

ð1Þ

where ri is the allocated rate of ﬂow i and Si(t1, t2) is the
amount of data of ﬂow i served during the time period
(t1, t2).
 Worst-case fairness. Worst-case fairness, introduced by
Bennett and Zhang [2], is a more reﬁned notion of fairness. Rather than comparing the relative amounts of
service received by two ﬂows i and j, it compares the
service received by a single ﬂow i to the service it would
receive in the ideal case, i.e., when i has exclusive access
to an output link of rate ri. Speciﬁcally, let Di denote the
maximum time a packet of ﬂow i arriving to an empty
queue will have to wait before receiving its guaranteed
rate ri, under a certain service discipline. Di is called the
worst-case fair index (WFI) of ﬂow i. A service discipline
is called worst-case fair if, for all ﬂows i, Di is bounded by
a constant that depends on the discipline but is independent of the queues of the other ﬂows served by
the scheduler.
Performance bounds. Many streaming and multimedia
applications require a throughput bound, i.e., they must
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be served at a minimum data rate. In addition, certain
real-time and/or interactive applications may require
bounds on packet delay. Such bounds may be expressed
deterministically (e.g., in the form of a worst-case delay that
no packet must exceed) or statistically (i.e., in the form of a
delay threshold and a probability that any packet’s delay
will not exceed the threshold). Other performance bounds
that have been considered include bounds on the delay jitter and on packet loss.
Low algorithmic complexity. A link scheduler may need
to select the next packet to serve every time a packet departs. As optical link speeds increase from a few Gbps currently to tens of Gbps and beyond, a scheduler may have
only a few microseconds or less to make a decision. Hence,
in order to operate at wire speeds, the scheduling discipline must be amenable to hardware implementation and
require few, preferably simple, operations. In particular,
since the links of backbone networks may serve hundreds
of thousands of ﬂows simultaneously, the number of operations involved in making a scheduling decision should be
independent of the number of ﬂows sharing the link.
These requirements are often contradictory, and the
design of packet schedulers involves a tradeoff between
implementation complexity, on one hand, and fairness and
performance guarantees, on the other. In general, schedulers can be classiﬁed according to their internal structure in
one of two broad classes:
1. Timestamp-based schedulers maintain a global variable,
usually referred to as virtual time, to sort arriving packets and serve them in that order. Timestamp schedulers
have good delay and fairness properties but high complexity, hence they have found limited deployment in
high-speed routers. One of the differentiating characteristics of timestamp scheduler variants is their
approach to alleviating the complexity, as we discuss
in the next section.
2. Frame-based schedulers divide time into slots of ﬁxed or
variable length, and assign slots to ﬂows in some sort of
round-robin fashion. Schedulers such as deﬁcit round
robin (DRR) [19] are easy to implement in hardware
and have been widely deployed in commercial routers.
However, frame-based schedulers have poor behavior
in terms of delay bound and fairness.
In this paper, we present tiered-service fair queuing
(TSFQ), a new packet scheduler that exploits certain properties of Internet trafﬁc to speed up the bottleneck operations related to virtual time computation and packet
sorting: that applications typically require one of a small
number of service levels [17,18], and that the Internet
packet length distribution exhibits a small number of
prominent modes. Speciﬁcally, TSFQ makes innovative
use of quantization (along the two dimensions of ﬂow
weights and packet lengths) together with specialized yet
simple queuing structures. TSFQ combines all three properties that are important to a fair queuing algorithm,
namely, a tight delay bound, worst-case fairness, and low
complexity and amenability to hardware implementation.
The remainder of this paper is organized as follows. In
Section 2, we review the operation of timestamp schedulers
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and classify them according to their approach to reducing
the implementation complexity. In Sections 3–5 we
introduce the TSFQ scheduler and describe the details of
its operation. We present an experimental evaluation of
TSFQ in Section 6, and we conclude the paper in Section 7.

2. Timestamp-based schedulers
Timestamp schedulers emulate the ideal but unimplementable generalized processor sharing (GPS) algorithm
[15]. GPS is an ideal scheduler, a theoretical construct that
serves both as a starting point for designing practical
scheduling disciplines and as a reference point for evaluating the fairness and delay properties of these disciplines.
GPS visits each backlogged ﬂow queue in turn and serves
an inﬁnitesimal fraction of the head-of-line packet at each
queue. If ﬂows are assigned different weights /i (refer to
Fig. 1), then the service they receive from GPS is proportional to their weight.
If a queue is empty, GPS skips it to serve the next nonempty queue. Therefore, whenever some queues are
empty, backlogged ﬂows will receive additional service in
proportion to their weights. Consequently, GPS achieves
an exact max–min weighted fair bandwidth allocation
[11]. It also provides isolation (protection) among ﬂows,
since a misbehaving ﬂow is restricted to its fair share and
does not affect other ﬂows.
GPS is deﬁned in a theoretical ﬂuid ﬂow model in which
multiple queues may be served simultaneously. In a practical packet system, on the other hand, packet transmissions may not be preempted and only one queue may be
served at any given time. The timestamp schedulers we review in the following subsections are designed for packetized systems, and emulate the operation of GPS by
maintaining a virtual time function. Packets are assigned
a timestamp based partly on the virtual time value at the
time of their arrival, and are transmitted in increasing order of timestamp. In general, timestamp schedulers have
good delay and fairness properties, but high implementation complexity. The complexity of such schedulers arises
from two factors.
1. Virtual time computation. In order to assign a timestamp to an arriving packet, the scheduler must compute the virtual time function at the time of arrival;
for n backlogged ﬂows, this computation may take time
O(n).
2. Packet sorting. The scheduler selects among the head-ofline packets of backlogged ﬂows the one with the smallest timestamp to serve next; this operation takes time
O(logn) using a priority queue. The logarithmic complexity and the fact that the priority queue structure
is not suited to hardware implementation pose signiﬁcant challenges.
Most timestamp scheduler variants can be classiﬁed
according to their approach to alleviating the complexity. Several schedulers use approximate virtual time
functions that are more efﬁcient to compute, reducing
the O(n) worst-case complexity to as low as O(1). Other

schedulers employ some form of quantization (e.g., in
virtual time, ﬂow weight, or both) to reduce the complexity of the packet sorting operations. In the following
subsections, we review the operation and properties of
representative schedulers from each category, including
some that employ both techniques. For the sake of completeness, as well as to introduce notation that we will
use later for describing the TSFQ scheduler, we start our
discussion with two schedulers that do not use any
simpliﬁcation.
2.1. Emulating GPS: no simpliﬁcation
The ﬁrst two schedulers we review do not attempt to
simplify the virtual time computation or packet sorting
operations. They differ in the scheduling policy they use,
which has implications on their respective fairness
properties.
2.1.1. Weighted fair queuing (WFQ)
Weighted fair queuing (WFQ) [6,15] is an approximation of GPS that serves packets in the order they would
complete service had they been served by GPS. Therefore,
the WFQ scheduler needs to emulate the operation of the
GPS server. To this end, a virtual time function V(t) was
proposed in [15] to track the progress of GPS. The rate of
change of V(t) is:

#Vðt þ sÞ
1
¼P
#s
i2BðtÞ /i

ð2Þ

where B(t) denotes the set of backlogged ﬂows at time t
and /i is the weight assigned to ﬂow i. Let r be the rate
of the link (server). In GPS, if ﬂow i is backlogged at time
t, it receives a rate of

#Vðt þ sÞ
/
/i r ¼ P i
r:
#s
i2BðtÞ /i

ð3Þ

In other words, V(t) is the marginal rate at which backlogged ﬂows receive service in GPS.
Suppose that the kth packet of ﬂow i arrives at time aki ,
and has length Lki . Let Ski and F ki denote the virtual times at
which this packet begins and completes service, respectively, under GPS. Letting F 0i ¼ 0 for all ﬂows i, we have
[15]:

Ski ¼ maxfF ik1 ; Vðaki Þg
F ki ¼ Ski þ

Lki
/i

:

ð4Þ
ð5Þ

The WFQ scheduler serves packets in increasing order of
their virtual ﬁnish times F ki , a policy referred to as ‘‘smallest virtual ﬁnish time ﬁrst (SFF)’’ [1].
Let us consider the complexity of WFQ. At packet departure instants, the SFF policy is used to select the next packet to transmit. This selection can take O(logn) time, where
n is the number of (backlogged) ﬂows, if packet virtual ﬁnish times are organized in a heap-based priority queue data
structure. In addition, there is the cost of maintaining the
virtual time function V(t) at packet arrival and departure
instants. The worst-case complexity of computing V(t)
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can be O(n), although the average-case complexity is O(1)
[7]. Therefore, WFQ is expensive to implement within core
routers that may handle hundreds of thousands to millions
of ﬂows at any given time.
The degree to which WFQ approximates GPS is
determined by two properties that were established in
[15]:
 Bounded delay property. A packet will ﬁnish service in a
WFQ system no later than the time it would ﬁnish in the
corresponding GPS system plus the transmission time
of a maximum size packet.
 Weak service property. The service (in terms of total
number of bits) that a ﬂow receives in a WFQ system
does not fall behind the service it would receive in the
ﬂuid GPS system by more than one maximum packet
size.
While due to the second property above a WFQ system
may not fall behind GPS by more than one maximum packet size, it may in fact be ahead of GPS in terms of the service provided to some ﬂows. In particular, it was shown
in [2] that WFQ may introduce substantial unfairness relative to GPS in terms of the worst-case fairness index (WFI).
Speciﬁcally, GPS has a WFI of zero, but the WFI of WFQ increases linearly with the number of ﬂows n. Consequently,
there may be substantial discrepancies in the service experienced by individual ﬂows under the WFQ and GPS
schedulers.

2.2. Worst-case fair weighted fair queuing (WF2Q)
The WF2Q algorithm was introduced in [2] as a better
packet approximation of GPS than WFQ. Speciﬁcally,
WF2Q employs a ‘‘smallest eligible virtual ﬁnish time ﬁrst
(SEFF)’’ policy for scheduling packets. A packet is eligible
if its virtual start time is no greater than the current virtual
time; hence, the WF2Q scheduler only considers the packets that have started service in GPS to select the one to be
transmitted next. It has been shown [2] that WF2Q is workconserving, maintains the bounded delay property of WFQ,
and has these additional two properties:
 Strong service property. The service (in terms of total
number of bits) that a ﬂow receives from a WF2Q system cannot fall behind (respectively, be ahead of) the
service it would receive in the ﬂuid GPS system by more
than one maximum packet size (respectively, a fraction
of the maximum packet size).
 Worst-case fairness property. WF2Q is worst-case fair,
i.e., its WFI is a constant independent of the number n
of ﬂows served by the scheduler.
The ﬁrst property implies that the WF2Q scheduler closely tracks the GPS system in terms of the service received
by each ﬂow, and due to the second property, WF2Q is an
optimal packet scheduler in terms of worst-case fairness
[2]. However, the worst-case complexity of WF2Q is O(n),
identical to that of WFQ, as both schedulers need to compute the virtual time function V(t).

2.3. Emulating GPS: simpliﬁcation through efﬁcient virtual
time functions
2.3.1. WF2Q+
A lower-complexity scheduler, WF2Q+ was introduced
in [1]. The WF2Q+ scheduler is work-conserving, has the
same bounded delay, strong service, and worst-case fairness properties of WF2Q, but uses a different virtual time
function that can be computed more efﬁciently than the
function V(t) in (2) used by WFQ and WF2Q. The new function is [1]:


n
o
hi ðtÞ
V WF 2 Q þ ðt þ sÞ ¼ max V WF 2 Qþ ðtÞ þ s; min Si
:
i2BðtÞ

ð6Þ

In the above expression, B(t) is the set of backlogged ﬂows
at time t, hi(t) is the sequence number of the packet at the
h ðtÞ
head of ﬂow i’s queue at time t, and Si i is the virtual start
time of that packet. The minimum operation in the righthand side of (6) can be performed in time O(logn) in the
worst-case using a priority queue structure, hence the
overall complexity of WF2Q+ is O(logn), signiﬁcantly lower
than the O(n) complexity of WFQ and WF2Q.
As pointed out in [1], the WF2Q+ scheduler implementation can be further simpliﬁed by maintaining a single
pair of start and ﬁnish virtual time values per ﬂow, rather
than on a per-packet basis. Speciﬁcally, only a single pair of
values, Si and Fi, needs to be maintained for each ﬂow i, corresponding to the virtual start and ﬁnish times, respectively, of the packet at the head of the queue of ﬂow i.
Let Qi(t) denote the queue size of ﬂow i just before time
t. When a new packet reaches the head of the queue at
time t, the values of Si and Fi are updated according to
the following expressions [1]:

(
Si ¼

Fi;

Q i ðtÞ – 0;

maxfF i ; V WF 2 Q þ ðtÞg; Q i ðtÞ ¼ 0;

F i ¼ Si þ

Lki
;
/i

ð7Þ
ð8Þ

where Lki is the length of this packet and /i is the weight
assigned to the ﬂow.
Overall, the WF2Q+ scheduler achieves tight delay
bounds and good worst-case fairness with a relatively
low O(logn) algorithmic complexity.
2.3.2. Self-clocked fair queuing (SCFQ)
The O(n) worst-case algorithmic complexity of the WFQ
and WF2Q schedulers is due to the fact that the order of
packet transmissions in these queuing schemes is determined by tracking the progress of the ﬂuid-ﬂow GPS reference system, which, in turn, requires the computation of
the virtual time function V(t) whose rate of change is deﬁned in (2). Self-clocked fair queuing (SCFQ) [7] avoids
the computationally expensive emulation of a hypothetical
reference system by adopting a self-contained approach to
fair queuing. Speciﬁcally, instead of using a virtual time to
compute the ﬁnish times of packets as in expressions (4)
and (5), SCFQ computes the ﬁnish time F ki of the kth packet
of ﬂow i as:
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F ki ¼ maxfF ik1 ; F cur g þ

Lki
;
/i

ð9Þ

where Fcur is the ﬁnish time of the packet currently in service, and ﬁnish times are initialized to F 0i ¼ 0 for all ﬂows i.
Since the ﬁnish times can be computed in O(1) time using
expression (9), the algorithmic complexity of SCFQ is
O(logn) because of the requirement to select the packet
with the smallest ﬁnish time for transmission.
Although the rule (9) that SCFQ uses to compute packet
ﬁnish times is easy to implement, the tradeoff is a much
larger delay bound than WFQ. In particular, the delay
bound provided by SCFQ increases linearly with the number n of ﬂows served by the scheduler, in the worst case
[8]. The worst-case fair index (WFI) of SCFQ is the same
as that of WFQ, i.e., proportional to the number n of ﬂows.
2.3.3. Start-time fair queuing (SFQ)
Start-time fair queuing (SFQ) [9] is a variant of SCFQ
that maintains both a start time and a ﬁnish time for each
packet. Upon arrival, the kth packet of ﬂow i is assigned the
start time:

Ski

¼

maxfF ik1 ; Scur g;

ð10Þ

where Scur is the start time of the packet in service at the
time of arrival. The ﬁnish time F ki of the kth packet is computed as:

F ki ¼ Ski þ

Lki
:
/i

ð11Þ

Unlike the other packet fair schedulers we have considered
so far, SFQ serves packets in increasing order of their start
times, not their ﬁnish times.
It can be seen that expressions (10) and (11) may be
computed in constant time, hence SFQ has the same low
algorithmic complexity O(logn) as SCFQ. However, it has
been shown [9] that the worst-case delay of SFQ is significantly lower than with SCFQ. The worst-case fairness
properties of SFQ are similar to those of WFQ and SCFQ.

a ﬁrst-in, ﬁrst-out (FIFO) queue associated with this slot.
In other words, there is no sorting of packets that have ﬁnish times ‘‘close’’ to each other, as determined by the
length D of a slot. Therefore, this ‘‘bin sorting’’ operation
takes O(1) time. When the virtual clock is equal to the left
endpoint of slot i, the scheduler serves all the packets in
the FIFO queue associated with slot i. When all the packets
of the queue have been transmitted, the virtual clock is
incremented by D and the scheduler serves the FIFO queue
of the next slot i + 1.
The BSFQ scheduler is scalable and is easy to implement
in hardware. Its fairness and delay guarantees depend
strongly on the value of parameter D. When D is large,
BSFQ reduces to FCFS, while when D is small, its operation
is similar to that of SCFQ. While smaller D values result in
better fairness and delay guarantees, the amount of state
information that the scheduler needs to maintain increases
and its efﬁciency decreases as the value of D decreases.
Therefore, determining an appropriate value for D is a
complex task that involves several tradeoffs.
2.4.2. Stratiﬁed round-robin (SRR)
Stratiﬁed round-robin (SRR) [16] also uses quantization,
but in the domain of ﬂow weights. Speciﬁcally, ﬂows are
grouped (‘‘stratiﬁed’’) into ﬂow classes based on their
weights. An exponential grouping is used, such that the
kth ﬂow class consists of ﬂows i with weights such that:
1
1
6 /i < 2k1
. SRR has two scheduling components: an in2k
tra-class scheduler and an inter-class scheduler. The interclass scheduler assigns a scheduling interval to each ﬂow
class such that the kth class is assigned an interval of
length 2k slots. Within a class, ﬂows are scheduled in the
associated scheduling intervals using a variant of DRR
[19] that gives each ﬂow a quantum that is proportional
to its weight.
SRR has low complexity and provides delay and fairness
guarantees similar to those of DRR. However, it improves
the worst-case delay a single packet may experience to a
small constant, whereas under DRR and BSFQ this value
is proportional to the number n of ﬂows served by the
scheduler.

2.4. Emulating GPS: simpliﬁcation through quantization
Even with simpliﬁed virtual time functions, timestampbased schedulers incur a substantial per-packet overhead
that is related to selecting the packet with the smallest
timestamp to be transmitted next. The schedulers we discuss in this section use some form of quantization to reduce the complexity of packet sorting operations.
2.4.1. Bin sort fair queuing (BSFQ)
Bin sort fair queuing (BSFQ) [5] uses quantization in the
(virtual) time domain in a way that reduces the computational effort required for sorting packets. To this end, virtual time is divided into slots (bins) of length D, where D
is a conﬁgurable parameter, and the scheduler maintains
a virtual system clock that is equal to the left endpoint of
the current slot. Arriving packets are assigned a virtual ﬁnish time using an expression similar to the one for SCFQ in
(9), that can be computed in constant time. Packets with
ﬁnish times that fall within the same slot, are inserted in

2.4.3. Fair round-robin (FRR)
The fair round-robin (FRR) scheduler [25] is similar to
SRR in that ﬂows are grouped into classes using the same
exponential grouping, and has the same structure in that
it employs both an intra-class and an inter-class scheduling component. The inter-class scheduler is timestampbased, and determines the time a packet from each class
is to be scheduled by taking into account the time-varying
weight of each class (which changes over time as ﬂows
within a class become active or inactive). FRR assigns ﬁnish
times to ﬂow classes, not individual ﬂows, by keeping track
of the corresponding GPS system. This scheduler always
serves the eligible ﬂow class with the smallest ﬁnish time;
eligibility of a ﬂow class is deﬁned as a generalization of
the eligibility criterion introduced by the WF2Q scheduler.
Since the inter-class scheduler operates on the basis of
ﬂow classes, emulating GPS (i.e., computing the virtual
time function) takes time proportional to the number m
of classes, which, for a given system is a small constant
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(determined by the exponential grouping employed) that
is independent of the number n of ﬂows.
The intra-class scheduler has two functions. First, it
needs to compute the class weight to pass to the inter-class
scheduler; the latter uses these weights to determine the
order in which each class is served, as we explained above.
Second, it must decide the order in which packets from the
various ﬂows within the class will be transmitted whenever the inter-class scheduler serves this class. The intraclass scheduler uses a frame-based approach similar to
DRR, but with a modiﬁcation to account for the weight differences among the ﬂows within the same class.
The FRR scheduler has low algorithmic complexity, is
worst-case fair, and provides a constant delay bound, similar to SRR.

3. Tiered-service fair queuing (TSFQ)
In this section we introduce a new scheduler that is designed to achieve the delay and fairness properties of
WF2Q+ at low algorithmic complexity. As we discussed in
Section 2.3.1, WF2Q+ closely emulates the ideal GPS
ﬂuid-ﬂow scheduler, and thus it combines tight delay
bounds with a constant worst-case fair index. However,
its complexity is O(logn), where n is the number of ﬂows
served. Although other scheduler variants have lower complexity, they provide looser delay and fairness guarantees
than WF2Q+. As a result, the service received by individual
ﬂows under these simpler schedulers may be signiﬁcantly
different than the service they would receive under
GPS.
We now note that the schedulers we reviewed in the
previous section were designed under the assumption that
both ﬂow weights and packet sizes may take arbitrary values. In other words, they are designed to allocate the link
bandwidth in the ﬁnest possible granularity; taken to the
limit, such schedulers could potentially allocate bandwidth
at increments of 1 bit per second. Clearly, the ability to
support arbitrary rates offers maximum ﬂexibility in utilizing the available network capacity.
On the other hand, supporting rate allocation at such
extremely ﬁne granularity may seriously complicate the
operation and management of the network. For instance,
the task of differentiating between two rates that differ
by, say, even a few Kbps, may be difﬁcult or even impossible to accomplish for trafﬁc of ﬁnite duration, undermining the network’s ability to support important
functions such as robust trafﬁc policing or accurate customer billing. Furthermore, given the unpredictability of
future bandwidth demands in terms of their size, arrival
time, and duration, link capacity across a continuous-rate
network may become fragmented. Such fragmentation
poses signiﬁcant challenges in terms of trafﬁc engineering, and may compromise the ability to achieve an
acceptable level of utilization or meet users’ QoS requirements. With respect to packet schedulers, the assumption
of arbitrary ﬂow weights is a fundamental one in that it
underlies the high complexity of the virtual time computation and packet sorting operations. As a result, the
implementation of such schedulers suffers from severe
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scalability challenges that have impeded their adoption
in the Internet.
Our work is motivated by two important observations
regarding Internet trafﬁc characteristics which suggest
that the implementation of packet schedulers may be simpliﬁed signiﬁcantly without compromising their delay and
fairness properties.
 Flow weights. First, trafﬁc ﬂows are unlikely to have
arbitrary weights. For instance, ﬂows of guaranteed-service applications may be grouped into a small set of
classes depending on the nature of the application
(e.g., ‘‘voice’’, ‘‘video,’’ ‘‘game,’’, etc.) with the ﬂows in
each class having similar bandwidth and delay requirements. Similarly, whereas best-effort applications have
elastic requirements that adjust to the available rate,
their rate is typically limited by the access bandwidth
available to the user. Since most Internet service providers offer some type of tiered service [17], users
may select only from a small set of bandwidth tiers.
The practical implication of this fact is that the rates
requested by ﬂows (equivalently, the ﬂow weights in
the fair queuing system) are not arbitrary, but are limited to a small set of values that are typically known
in advance. As we explain shortly, it is possible to speed
up considerably the computation of the virtual time
function if the scheduler is designed so as to handle
only a small set of discrete ﬂow weights.
 Packet sizes. The second observation is that in the Internet, the vast majority (i.e., up to 90%) of packets have a
ﬁxed length that takes one of a small number of values
[23,20]. Therefore, the scheduler may employ appropriate queuing structures that simplify, or even completely
eliminate the need for, packet sorting operations.
The main contribution of our work is a new scheduler
that exploits the above observations by employing quantization in two dimensions: along the domain of ﬂow
weights and along the domain of packet sizes. We refer
to this scheduler as tiered-service fair queuing (TSFQ). As
we will show later, TSFQ performs the two main scheduling operations, namely, computing the virtual time function and selecting the next packet to be transmitted, in
time that is independent of the number n of ﬂows, yet it
achieves the excellent delay and fairness properties of
the WF2Q+ scheduler.
We consider a link scheduler which serves n ﬂows and
employs per-ﬂow queuing, i.e., it allocates a FIFO buffer to
each ﬂow, as shown in Fig. 1. The scheduler supports p distinct tiers of service, where p  n is a small constant (e.g.,
p  10  15). The lth tier is characterized by a positive real
weight /l, l = 1, . . . , p. Each ﬂow i is mapped to one of the p
service levels, i.e., it is assigned one of the p weights /l; we
assume that this assignment remains ﬁxed throughout the
duration of the ﬂow. The mapping of ﬂows to service tiers
is performed at the time the ﬂow enters the network by
taking into account the QoS requirements of the application or the bandwidth tier to which the user subscribes.
We make the assumption that the link is conﬁgured with
the number p of service tiers and the associated weights
/l. These parameters may be determined in advance by
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the network provider as part of the network planning process, by using empirical information regarding the user demands [13,18].
Before proceeding, we emphasize that the quantization
of ﬂow weights in TSFQ is different from the approach taken by the SRR [16] and FRR [25] schedulers we discussed
above. Speciﬁcally, SRR and FRR allow ﬂows to have arbitrary weights, but ‘‘stratify’’ them into a small number of
classes using exponential grouping. In contrast, TSFQ assigns the same weight to all ﬂows within a service tier. To
make the distinction clear, we use the term ﬂow tier to refer to a set of ﬂows with the same weight, instead of the
term ﬂow class that was used in [16,25] to refer to a group
of ﬂows with similar weights as determined by the speciﬁc
exponential grouping method employed.
3.1. Logical operation: ﬂow weight quantization
The TSFQ scheduler operates in a manner similar to
WF2Q+ in that:
 it uses the same virtual time function shown in expression (6);
 it maintains a single pair of values, Si and Fi for each
ﬂow i, corresponding to the virtual start and ﬁnish
times, respectively, of the packet at the head of the FIFO
queue of ﬂow i; these values are updated according to
expressions (7) and (8); and
 it employs the SEFF policy to serve packets.
The TSFQ scheduler logically consists of two components, as illustrated in Fig. 2, that together effect the quantization in the domain of ﬂow weights. The ﬁrst
component comprises of p identical intra-tier schedulers,
while the second component is a single inter-tier scheduler.
The main function of each component is as follows:

 Intra-tier scheduler. The lth intra-tier scheduler uses the
SEFF policy to select, among the ﬂows of the lth service
tier, l = 1, . . . , p, only, the ﬂow i with the minimum virtual
ﬁnish time Fi. The structure and operation of the intratier scheduler are described in detail in the following
sections.
 Inter-tier scheduler. The inter-tier scheduler simply
serves the packet at the head of the queue with the
smallest virtual ﬁnish time among the p ﬂows selected
by the corresponding intra-tier schedulers. Since p is a
small constant for the given link, the packet to be transmitted next can be determined in time that is independent of the number of ﬂows, and in fact, this operation
can be performed in constant time in hardware. Hence,
the implementation of the inter-tier scheduler is
straightforward and does not require any priority queue
data structure to be maintained.
We note that the logical structure of the TSFQ scheduler
is similar to the structure of the SRR and FRR schedulers
which both consist of intra-class and inter-class scheduling
components. However, there are signiﬁcant differences in
the functionality and operation of these schedulers. Specifically, the inter-class scheduler of SRR assigns scheduling
intervals to each ﬂow class, while the inter-class scheduler
of FRR assigns weights to ﬂow classes, not individual ﬂows,
and serves the class with the smallest timestamp. The TSFQ
inter-tier scheduler, on the other hand, simply serves the
ﬂow with the smallest ﬁnish time among the p such ﬂows
across the p tiers, hence its operation is much simpler. The
intra-class scheduler of SRR serves ﬂows within its assigned scheduling interval using a variant of DRR, while
the intra-class scheduler of FRR also uses a (different) variant of DRR. In contrast, the intra-tier scheduler of TSFQ
(described shortly) uses simple queuing structures to
maintain the ﬂows within its tier sorted in decreasing order of ﬁnish time.

Tier 1
Intra−tier scheduler

...

Let S(l)(t), l = 1, . . . , p, denote the virtual start time of the
ﬂow with the smallest ﬁnish time among the ﬂows of the
lth service tier at time t. Then, we may rewrite the expression (6) of the virtual time function as:

Tier 2
Inter−tier
scheduler

...
...

Tier p

3.2. Virtual time computation

...
Fig. 2. Logical diagram of the TSFQ scheduler with p service tiers.


n
o
V TSFQ ðt þ sÞ ¼ max V TSFQ ðtÞ þ s; min SðlÞ ðtÞ :
l¼1;...;p

ð12Þ

Assuming that at any time t each intra-tier scheduler keeps
track of the ﬂow within its tier with the smallest ﬁnish
time, the minimum operation in the right-hand side of
expression (12) can be implemented in O(1) time. Hence,
the virtual time computation takes time that is independent of the number n of ﬂows.
So far, we have shown that, due to the quantization of
ﬂow weights, both the virtual time computation and the
inter-tier scheduling operations take time that depends
only on the number p of tiers, which is a small constant
for a given scheduler. Therefore, the critical component
of TSFQ is the intra-tier scheduler which is responsible
for identifying (selecting) the ﬂow with the minimum
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virtual ﬁnish among the ﬂows in its tier. In the next two
sections we show that by employing simple queuing structures this selection operation can be implemented
efﬁciently.

4. Intra-tier scheduler: the ﬁxed-size packet case
The lth TSFQ intra-tier scheduler, l = 1, . . . , p, serves
ﬂows belonging to the lth service tier and have been assigned the same weight /l. The p intra-tier schedulers are
identical and operate independently of each other. Therefore, in this and the next section we consider the operation
of a single intra-tier scheduler in which all ﬂows have identical weights. For simplicity, we let / denote the weight assigned to all the ﬂows served by the scheduler.
In this section we make the additional assumption
that all packets of all ﬂows have constant size L (i.e.,
Lki ¼ L8i; k). We will remove this assumption in the next
section; however, we note that the implementation we
present in this section is of practical importance to ATM
networks. We also note that this case of limited ﬂow rates
(weights) and ﬁxed packet sizes has been considered in
[21]. Nevertheless, the queue structure and operation we
present here is different as it applies speciﬁcally to the
SEFF policy.
The following operation is based on the fact that in a
system with ﬁxed-size packets and ﬂows of identical
weight, sorting ﬂows according to their virtual start times
produces an identical order to sorting them according to
their virtual ﬁnish times [21]. This property is formally expressed in the following lemma.
Lemma 4.1. Consider ﬂows i and j with /i = /j = / and
packets of ﬁxed size L. Let Si be the virtual start time of ﬂow i,
and Sj be the virtual start time of ﬂow j. Then:

Si 6 Sj () F i 6 F j

ð13Þ

4.1. Queue structure and operation
The intra-tier scheduler for ﬁxed-length packets consists of a simple FIFO queue, as illustrated in Fig. 3. The
scheduler maintains a single token ji for each ﬂow i that
it serves. Initially (i.e., at time t = 0, before any packet arrivals to the system), the FIFO queue is empty. Tokens are inserted at the tail of the FIFO queue representing the order

Flow queues
1
Intra−tier scheduler
FIFO queue

2

...

To inter−tier
scheduler

m
Fig. 3. Queue structure of the intra-tier scheduler for ﬁxed-size packets.
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in which ﬂows will be served, and a token is removed from
the head of the FIFO queue whenever it is selected for service by the inter-tier scheduler.
The operation of the scheduler is fully described by the
actions taken whenever a relevant event takes place. The
relevant events occur when (1) a packet arrives, (2) a ﬂow
becomes eligible for service, or (3) a packet departs (is
served).
 Packet arrival. A packet of ﬂow i arriving at time t is
inserted at the tail of this ﬂow’s queue. If ﬂow i was
active just prior to the arrival t (i.e., its queue was
non-empty, hence Qi(t) – 0, using the notation of Section 2.3.1), then no other action is taken. If, on the other
hand, ﬂow i was inactive prior to the arrival (i.e.,
Qi(t) = 0), then this arriving packet reaches the head
of this ﬂow’s queue at time t, and the start time Si and
ﬁnish time Fi of ﬂow i are updated according to expressions (7) and (8), respectively. If this previously inactive
ﬂow i becomes eligible at time t (i.e., Si 6 VTSFQ(t) after
the update), then the next event is triggered, otherwise
no other action is taken.
 A ﬂow becomes eligible for service. When a ﬂow i
becomes eligible at time t (i.e., Si = VTSFQ(t)), then the
token ji corresponding to this ﬂow is inserted at the tail
of the scheduler’s FIFO queue.
 Packet departure. Let ji be the token at the head of the
scheduler’s FIFO queue at the time the inter-tier scheduler selects this tier to serve. Then, the packet at the
head of the queue of ﬂow i is served and token ji is
removed from the scheduler’s FIFO queue. If ﬂow i
becomes inactive, then no other action is taken. Otherwise, a new packet reaches the head of this ﬂow’s
queue, and the start time Si and ﬁnish time Fi are
updated according to expressions (7) and (8), respectively. If the ﬂow becomes eligible, then the corresponding event above is triggered, otherwise no action
is taken.
Based on these actions, it is easy to see that token ji is
in the scheduler’s FIFO queue if and only if ﬂow i is eligible
for service. Therefore, we have the following results.
Lemma 4.2. Considering only the ﬂows of a given tier, the
intra-tier scheduler of Fig. 3 is identical to the WF2Q+
scheduler [1].
Proof. Since tokens are inserted into the FIFO queue at the
moment the corresponding ﬂows become eligible for service (i.e., at the moment their virtual start time becomes
equal to the current time), tokens in the FIFO queue are
sorted in increasing order of the corresponding ﬂows’ virtual start times. Because of Lemma 4.1, the queue is sorted
in increasing order of the virtual ﬁnish times, which is the
order in which ﬂows are served under WF2Q+. Since (1)
token arrivals to the FIFO queue take place at exactly the
same instants that the corresponding head-of-line packets
are considered for service under WF2Q+, and (2) the order
of service is identical, the two schedulers are identical
under the assumption of ﬂows with ﬁxed-size packets
and identical weights. h
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Lemma 4.3. The TSFQ scheduler consisting of p intra-tier
schedulers and one inter-tier scheduler is identical to WF2Q+.

Flow queues

Intra−tier scheduler
queues

1
<40 bytes

Proof. Each of the p intra-tier schedulers maintains a
FIFO queue that sorts the ﬂows in its tier in increasing
order of their start (equivalently, ﬁnish) times, identical
to the order in which they are considered under
WF2Q+. The inter-tier scheduler serves the p ﬂows with
tokens at the head of the p intra-tier FIFO queues in
increasing order of their virtual start (ﬁnish) times.
Consequently, the TSFQ scheduler overall is identical
to WF2Q+. h

2

40 bytes

3

41−575 bytes

576 bytes

4

To inter−tier
scheduler

577−1499 bytes
5

Based on these results and the discussion in Section 3.2,
we conclude that the TSFQ (intra- and inter-tier) scheduler
achieves the worst-case fairness and delay properties of
WF2Q+ with an algorithmic complexity of O(1). Note that
this conclusion does not contradict the ﬁndings of [24]
which suggest that the O(logn) time complexity is fundamental to achieving good delay bounds. The analysis in
[24] assumes that ﬂow weights and packet sizes can take
arbitrary values, whereas the result of Lemma 4.3 only
holds under the speciﬁc assumptions of ﬁxed ﬂow weights
and packet lengths.

Fig. 4. Queue structure of the intra-tier scheduler for Internet packet
trafﬁc.

5. Intra-tier scheduler: the variable-size packet case

5.1. Queue structure and operation: packet size quantization

We now remove the assumption we made in the previous section that all packets have a ﬁxed size. As in the previous section, we consider the problem of scheduling ﬂows
within a given service tier, therefore we assume that all
ﬂows are assigned the same weight /. In a network with
variable-size packets, the statement of Lemma 4.1 is no
longer true, since the second term in the right-hand side
of (8) is not constant. Hence, in such a network, fair queuing schedulers in general require some form of packet
sorting.
In the Internet, however, it is well known that certain
packet sizes dominate [23,20]. Speciﬁcally, the study in
[23] found that packets of one of three common sizes make
up more than 90% of all Internet trafﬁc; the three common
packet sizes identiﬁed in the study were 40, 576, and
1500 bytes, corresponding to TCP acknowledgments, the
default IP datagram size, and maximum-size Ethernet
frames, respectively. A more recent study [20] shows that
(1) Internet trafﬁc is mostly bimodal at 40 and 1500 bytes,
(2) there is a shift away from 576 bytes due to the proliferation of Ethernet, and (3) a new mode is forming around
1300 bytes which the authors theorize is due to widespread use of VPNs. Similar studies, which can be found
on CAIDA’s web site (http://www.caida.org), conﬁrm that
the length of the vast majority of Internet packets takes
one of a small number of constant values.
In the remainder of this section we show how these
facts regarding the Internet packet length distribution naturally lead to simple queuing structures that exploit quantization along the domain of packet lengths. This modiﬁed
version of the intra-tier TSFQ scheduler we presented in
the previous section may handle Internet trafﬁc efﬁciently
in terms of packet sorting operations.

Instead of maintaining a single FIFO queue, as is the
case for ﬁxed-size packets shown in Fig. 3, the intra-tier
scheduler for variable packet size networks maintains a
small number k of queues. The queue structure of this
scheduler is illustrated in Fig. 4 for the trimodal packet
length distribution reported in [23]; the queue structure
can be modiﬁed in a straightforward manner to reﬂect
any similar distribution. In this case, the scheduler maintains k = 7 queues. Three of the queues are dedicated to
packets of a common size, i.e., 40, 576, and 1500 bytes,
respectively, which deﬁne the three modes of the distribution in [23]. The other four queues are for packets of size
other the common values; as seen in Fig. 4, there is one
queue for packets of size less than 40 bytes, one for packets
of size 41–575 bytes, one for packets of size 577–1499 bytes, and one for packets of size greater than 1500 bytes.
The operation of the intra-tier scheduler is very similar
to the one we described in Section 4.1, with only one difference. In particular, the actions taken at packet arrival
and departure events are identical to those in the ﬁxedpacket case listed in Section 4.1. The only difference is in
the actions taken at instants when a ﬂow becomes eligible
for service:

1500 bytes

...

>1500 bytes

m

 A ﬂow becomes eligible for service. When a ﬂow i
becomes eligible at time t, then the token ji associated
with this ﬂow is inserted into the queue corresponding
to the size of the packet at the head of the queue of ﬂow
i.
Similar to the ﬁxed-packet case, token ji is in one of the
intra-tier scheduler’s queues if and only if ﬂow i is eligible
for service.
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Since each of the p inter-tier schedulers maintains k distinct queues, the inter-tier scheduler selects the ﬂow to
serve next as the one with the smallest virtual ﬁnish time
among the pk candidate ﬂows whose tokens are at the
head of the pk queues. Since both p and k are small integers
and their values are constant for a given system, this operation of the inter-tier scheduler takes constant time, as in
the ﬁxed-size packet case.
5.2. Packet sorting operations
Note that Lemma 4.1 holds true for packets of a common size. Hence, the queues dedicated to these packets
operate in a FIFO manner, and packets are simply inserted
at the tail of these queues. Since packets of a common size
make up more than 90% of Internet trafﬁc [23], no sorting
operations are necessary for the large majority of packets.
On the other hand, queues dedicated to packets of size between the common values must be sorted appropriately at
the time of a packet insertion. These sorting operations
take place infrequently (e.g., about 10% of the time), and
involve relatively short queues (since about 10% of the
packets are spread over several such queues at p different
service levels). Moreover, the time complexity of the sorting operations is independent of the number m of ﬂows in
the given service tier, and is a function only of the network
load and the ratio of packets with a non-common size.
We have the following results.
Lemma 5.1. The TSFQ scheduler for variable packet sizes,
consisting of p intra-tier schedulers as in Fig. 4 and one intertier scheduler, is identical to WF2Q+.
Proof. The proof of Lemmas 4.2 and 4.3 also holds in this
case, hence the scheduler is equivalent to WF2Q+. h
Finally, we note that, although consecutive packets of
the same ﬂow i may be inserted into different queues in
Fig. 4, they will always be transmitted in order: not only
does the second packet have a larger virtual ﬁnish time
than the ﬁrst one, but since there is exactly one token for
each ﬂow, the second packet cannot be considered for service until the ﬁrst one has departed from the scheduler.
5.3. Elimination of packet sorting operations
The operation of the intra-tier scheduler may be further
simpliﬁed by eliminating packet sorting even for queues
holding packets of size between the common values. Doing
so may cause some packets to be served in incorrect order
of virtual ﬁnish time, hence introducing a small degree of
unfairness. However, the overall impact is likely to be
small. Indeed, observe that packets of a non-common size
represent only a small fraction of the overall trafﬁc seen by
the server, and are distributed over a number of different
queues across p service tiers. Consequently, the arrival rate
to each of these queues is likely to be low, especially under
typical operating conditions when the load offered to the
server is not too high. Now note that, since all ﬂows within
a service tier have the same weight / in expression (8), the
order of packets in such a queue will depend on the rela-
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tive values of their virtual start time and length. Therefore,
even when a small packet arrives to ﬁnd larger packets in
the queue (i.e., packets with a larger value for the second
term in the right-hand side of (8)), the elapsed time since
the previous arrival (which affects the ﬁrst term of (8))
may be sufﬁciently large so that the queue remain sorted.
This intuition is further supported by the coarse manner
in which the leap forward virtual clock [22] algorithm
computes timestamps, and the mechanism employed by
the bin sort fair queuing (BSFQ) discipline [5] to sort packets. The results in [22,5] indicate that approximate sorting
can be as good as exact sorting; moreover, in the case of
our TSFQ scheduler, approximate sorting is limited to a
small fraction of all packets. This intuition is conﬁrmed
by the following lemma that bounds the delay of any packet in a queue corresponding to packets of sizes between
two common sizes; note that the lemma suggests that
the delay is relatively small, and can be further improved
by reducing the range of packet sizes that are accommodated by any given queue.
Lemma 5.2. Consider an intra-tier scheduler for a tier with
rate rl and a queue that is dedicated to packets of length
between Llo and Lhi bits, Llo < Lhi. The maximum delay that a
packet may experience due to the elimination of packet
sorting operations in this queue is bounded by r(Lhi  Llo)/rl,
where r is the rate of the scheduler (over all tiers).
Proof. Consider a scheduler operating at rate r with p service tiers and rate rl assigned to tier l, l = 1, . . . , p. Consider
the lth tier, and let A denote the head-of-line packet of
some ﬂow that at time t is released to the queue of its
intra-tier scheduler that corresponds to packets with sizes
between Llo and Lhi bits, Llo < Lhi. Further assume that packets Bi, i = 1, . . . , m, are already in that queue and no sorting
operations are performed (i.e., the queue operates in a FIFO
manner). In the worst case: (1) all packets Bi have ﬁnish
times greater than that of packet A; and (2) packet A has
length Llo (so as to receive the minimum possible ﬁnish
time).
Since packet A was released, i.e., it became eligible for
service, at time t, we have that its start time SA = V(t).
Packets Bi were also released before time t. Letting Smax
denote the maximum start time of any of these packets, we
have that:

Smax < VðtÞ:

ð14Þ

By assumption, the ﬁnish times of all packets Bi are greater
than the ﬁnish time FA = SA + Llo/rl = V(t) + Llo/rl of packet A.
Letting Fmin denote the minimum ﬁnish time of the Bi packets, we have: Fmin > V(t) + Llo/rl. Since the packets Bi have
length no larger than Lhi, we also have that

Smin P F min 

Lhi
Llo Lhi
> VðtÞ þ  :
rl
rl
rl

ð15Þ

From (14) and (15) we can bound the difference between
the minimum and maximum start times of packets Bi:

Smax  Smin ¼

Lhi Llo
 :
rl
rl

ð16Þ

Author's personal copy
Z. Dwekat, G.N. Rouskas / Computer Networks 55 (2011) 2392–2406

ð17Þ

where the inequality in the second line of (17) is due to the
fact that V(t2)  V(t1) P t2  t1 for any t2 > t1.
Assuming that the server is not oversubscribed, i.e., the
sum of the rates assigned to all ﬂows is no larger than r, we
can now write for the m packets Bi:

X
Bi ;i¼1;;m

Li
rðLhi  Llo Þ
6 rðt max  t min Þ ¼
:
rl
rl

ð18Þ

In other words, the total size of the packets Bi that were
incorrectly inserted before packet A in the queue does
not exceed r(Lhi  Llo) bits, hence the maximum delay that
the elimination of sorting operations will cause for packet
A is bounded by r(Lhi  Llo)/rl. h
Finally, we emphasize that the queue structure shown
in Fig. 4 is for illustration purposes only and is simply
meant to convey the idea underlying the structure of the
scheduler for Internet packet trafﬁc; we do not imply that
routers have to be conﬁgured in exactly this manner. Network operators may conﬁgure this queue structure to reﬂect the speciﬁc packet distribution observed in their
networks, and update it over time as trafﬁc conditions
evolve. Similarly, they may optimize the number of service
tiers and the ﬂow weights associated with them by taking
into account the prevailing user demands [18,13]. Therefore, this framework of fair queuing schedulers for tieredservice networks is quite ﬂexible. Network providers may
adapt the speciﬁc elements of the framework to differentiate their offerings, and to provide users with a menu of
customized services.
6. Experimental evaluation of TSFQ
We have developed implementations of the TSFQ
scheduler for the ns-2 network simulator and in the Linux
kernel. The details of the ns-2 implementation are reported
in [4], along with a comprehensive set of simulation experiments that validate the operation of TSFQ. In this section
we present network experiments with the Linux kernel
implementation which is fully described in [12].
The TSFQ scheduler was implemented as a Linux kernel
loadable module. The Linux kernel version 2.6.26.2 [14]
was used, the latest kernel available at the time of the
implementation. The WF2Q+ discipline [1] was also implemented as a separate loadable module for comparison purposes, since a Linux kernel implementation of the WF2Q+
scheduler did not exist at the time.
6.1. Testbed and experimental setup
The experiments were carried out using a testbed consisting of three Linux machines connected as shown in
Fig. 5. The leftmost machine acts as the ‘‘sender’’ of UDP
trafﬁc that is destined to the rightmost machine, the ‘‘re-

8
0:3;
>
>
>
<
0:3;
Pr½L ¼ x ¼
> 0:3;
>
>
:
0:1;

x ¼ 40;
x ¼ 1200;
x ¼ 1500;
1 6 x 6 39; 41 6 x 6 1199; 1201 6 x 6 1499:
ð19Þ

This distribution generates trafﬁc dominated by a small
number (in this case, three) of packet sizes, and is similar
to the packet size distributions observed in [23,20]. Consequently, the intra-tier schedulers of TSFQ are conﬁgured
with six queues, similar to the structure shown in Fig. 4
(the seventh queue of Fig. 4 for packets of size greater than
1500 bytes is not used here, as no such packets are
generated).
A number of experiments were carried out to investigate the behavior of the schedulers under three scenarios:
 Scenario I. Several ﬂows of different weights are started
at the same time. After the system reaches steady state,
the ﬂows are terminated one by one. This scenario
explores how the schedulers allocate excess bandwidth
to the remaining ﬂows.
 Scenario II. A small number of ﬂows are started at the
same time. After the system reaches steady state, new
ﬂows of different weights are started. Once the system
reaches steady state again, the newly introduced ﬂows
are terminated. The start and termination instants of

eth0

1 Gbps

Sender

WF2Q+
eth0 TSFQ eth1
Scheduler
Router

Fig. 5. Testbed setup.
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) t max  tmin 6
 ;
rl
rl
rl
rl

200.1.1.2

Vðt max Þ  Vðt min Þ ¼

ceiver.’’ The middle machine is conﬁgured as a ‘‘router’’
that receives packet trafﬁc from the sender and forwards
it to the receiver. The Ethernet link from the sender to
the router is conﬁgured to run at 1 Gbps, while the link
from the router to the receiver is conﬁgured to run at
10 Mbps. Consequently, the latter link becomes the bottleneck, causing the queues at the router to build up.
UDP trafﬁc at the sender is generated by multiple
simultaneous ﬂows, each transmitting to a different destination port on the receiver. The router implements the
TSFQ and WF2Q+ disciplines to schedule packets received
from the sender for transmission on the outgoing 10 Mbps
link. It also employs per-ﬂow queuing, assigning a separate
FIFO queue to each UDP ﬂow. The router uses the port
information carried by the packets to determine the ﬂow
to which they belong and insert them into the appropriate
queue. The TSFQ and WF2Q+ schedulers use pre-conﬁgured
weights to serve the queues of the various ﬂows.
The UDP ﬂows at the sender continuously transmit
packets to the receiver without any form of ﬂow control.
Packet sizes L are randomly generated from the following
discrete distribution:

200.1.1.6

Since the minimum and maximum start times correspond
to the virtual times V(tmin) and V(tmax), respectively, that
the corresponding packets Bi were released to the queue,
we also have that:

200.1.1.5
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ð20Þ

;

6.2. Performance results
In this section we present a set of illustrative experiments for the three different scenarios described above; a
comprehensive suite of experimental results are available
in [12].
6.2.1. Scenario I: Allocation of Excess Bandwidth
Figs. 6 and 7 present the results of an experiment to
investigate the relative behavior of the WF2Q+ and TSFQ
schedulers in allocating excess bandwidth. This experiment involves four ﬂows: ﬂows 1 and 2 each have weight
0.15, while ﬂows 3 and 4 each are assigned weight 0.35.
For this experiment, the TSFQ scheduler was conﬁgured
with p = 2 tiers, one with weight 0.15 and the other with
weight 0.35; hence, ﬂows 1 and 2 were assigned to the ﬁrst
tier, and ﬂows 3 and 4 were assigned to the second tier. All
four ﬂows start transmission simultaneously at time t = 0,
and are terminated one-by-one, in reverse order of their
index, at 10 s intervals.
Figs. 6 and 7 plot the throughput of each ﬂow (in Mbps)
as a function of time for the WF2Q+ and TSFQ schedulers,
respectively. Recall that the bottleneck link in the experimental setup was set to 10 Mbps, and this latter value rep-
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the new ﬂows are spread over time. These experiments
are used to investigate the impact of new ﬂows on the
bandwidth share of existing ones, as well as the allocation of excess bandwidth.
 Scenario III. Many ﬂows spanning a small number of service levels are run for a long time. This scenario is used
to evaluate the fairness of each scheduling discipline.
Speciﬁcally, we use Jain’s fairness index [10] to compare
the WF2Q+ and TSFQ schedulers. In a system with n
competing ﬂows and ﬂow i having throughput share fi,
i = 1, . . . , n, Jain’s fairness index (FI) is deﬁned as:
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Fig. 6. Scenario I, four ﬂows, WF2Q+ scheduler.
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Fig. 7. Scenario I, four ﬂows, TSFQ scheduler.

resents the bandwidth that is shared among the four ﬂows.
We observe that during the ﬁrst 10 s of the experiment
when all four ﬂows are active, both schedulers allocate
the available bandwidth in proportion to the ﬂow weights,
such that ﬂows 1 and 2 (respectively, ﬂows 3 and 4) capture approximately 15% (respectively, 35%) of the total
bandwidth each. When ﬂow 4 terminates, the bandwidth
share of each of the three ﬂows that remain active increases proportionally to its weight. In particular, ﬂow 3
with the highest weight (0.35) captures most of the bandwidth that becomes available, while ﬂows 1 and 2 of the
same but lower weight (0.15) capture an equal share of
the excess bandwidth. The same behavior is observed at
the time the other ﬂows are terminated. Importantly, the
throughput curves of a given ﬂow are comparable across
the two ﬁgures, implying that the TSFQ and WF2Q+ schedulers perform similarly in terms of allocating bandwidth to
ﬂows in proportion to their weights.
6.2.2. Scenario II: impact of new ﬂows
In order to demonstrate the performance of the two
schedulers when ﬂows both arrive and depart, we run an
experiment with the same ﬂows as in Scenario I, i.e., two
ﬂows of weight 0.35 and two of weight 0.15. In this case,
the ﬂows of lower weight (ﬂows 1 and 2) both become active at time t = 0. At time t = 10 s (respectively, t = 20 s)
ﬂow 3 (respectively, ﬂow 4) of higher weight becomes active. All four ﬂows remain active until time t = 30 s, at
which time ﬂow 3 departs, followed by ﬂow 4 at time
t = 40 s.
The results of this experiment are shown in Figs. 8 and
9, which again plot the time-varying throughput of each
ﬂow under the WF2Q+ and TSFQ scheduler, respectively.
During the ﬁrst ten seconds of the experiment, the two active ﬂows receive an equal share of the available bandwidth despite their low weights, as expected. As the
other two ﬂows are introduced, the bandwidth share of
existing ﬂows is reduced accordingly; on the other hand,
the bandwidth share of active ﬂows increases as ﬂows depart (i.e., are terminated). Overall, we make three important observations: (1) at any point in time the available
bandwidth is shared among active ﬂows in proportion to
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Fig. 8. Scenario II, four ﬂows, WF2Q+ scheduler.

Fig. 11. Scenario III, thirty-two ﬂows, TSFQ scheduler.
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Fig. 9. Scenario II, four ﬂows, TSFQ scheduler.

Fig. 12. Scenario III, thirty-two ﬂows, fairness index.

3

Flow 1 weight 15%
Flow 2 weight 15%
Flow 3 weight 5%
Flow 4 weight 5%
Flow 5 weight 5%
Flow 6 weight 5%
Flow 7 weight 5%
Flow 8 weight 5%
Flow 9 weight 5%
Flow 10 weight 5%
Flow 11 weight 5%
Flow 12 weight 5%
Flow 13 weight 1%
Flow 14 weight 1%
Flow 15 weight 1%
Flow 16 weight 1%

Throughput (Mbps)

2.5

2

1.5

Flow 17 weight 1%
Flow 18 weight 1%
Flow 19 weight 1%
Flow 20 weight 1%
Flow 21 weight 1%
Flow 22 weight 1%
Flow 23 weight 1%
Flow 24 weight 1%
Flow 25 weight 1%
Flow 26 weight 1%
Flow 27 weight 1%
Flow 28 weight 1%
Flow 29 weight 1%
Flow 30 weight 1%
Flow 31 weight 1%
Flow 32 weight 1%

equilibrium; and (3) there is good agreement in the behavior of the two schedulers.

1

0.5

0
0

1

2

3

4

5

6

Time (sec)
Fig. 10. Scenario III, thirty-two ﬂows, WF2Q+ scheduler.

their weights; (2) as ﬂows arrive or depart, the bandwidth
share of all the ﬂows in the system quickly reaches a new

6.2.3. Scenario III: long-term fairness
The ﬁrst experiment of this section investigates qualitatively (i.e., graphically) the long-term fairness of the
WF2Q+ and TSFQ schedulers, and involves 32 ﬂows that
all start at time t = 0 and remain active throughout the
duration of the experiment. Two of the ﬂows have weight
of 0.35, ten ﬂows have weight equal to 0.05, and the
remaining twenty ﬂows have weight of 0.01. Hence, for
this experiment, the TSFQ scheduler was conﬁgured with
p = 3 tiers with weights of 0.35, 0.05, and 0.01, respectively,
and the thirty-two ﬂows were assigned to the appropriate
tier according to their individual weights.
Figs. 10 and 11 plot the throughput of the thirty-two
ﬂows as a function of time for the WF2Q+ and TSFQ schedulers, respectively. In both ﬁgures, the ﬂows are clearly
separated in three groups, each corresponding to three
TSFQ tiers, with ﬂows within each group receiving a share
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of bandwidth in line with their weight. Although the
throughput of the various ﬂows shows more short-term
variations under the TSFQ scheduler, the overall behavior
is similar in the two ﬁgures. In order to quantify the
long-term fairness of the two schedulers, we computed
Jain’s fairness index from expression (20), using the
long-term throughput of the thirty-two ﬂows, and normalizing these values by the corresponding ﬂow weight. The
fairness index values are plotted in Fig. 12 as a function
of time. The fairness index is about 10% higher under the
WF2Q+ scheduler, reﬂecting the lower throughput variations in Fig. 10. Nevertheless, the curves of both schedulers
are relatively stable across the duration of the experiment,
indicating that the two schedulers have similar fairness
characteristics.
7. Concluding remarks
We have presented tiered-service fair queuing (TSFQ), a
new scheduler motivated by two key observations: that
applications typically require one of a small number of service levels, and that the Internet packet length distribution
exhibits a small number of prominent modes. Within each
tier, the schedulers employ a ﬁxed number of queues to
handle packets with few or no sorting operations. The intra-tier scheduler simply serves the packet with the smallest timestamp among a constant number of packets at the
front of the intra-tier queues. The simple structure and
operation of the schedulers are practically realizable and
especially attractive for hardware implementation. The
TSFQ scheduler is equivalent to WF2Q+ with the additional
property that the virtual time function can be computed in
constant time. Therefore, we believe that employing TSFQ
scheduling within high-speed routers will enable network
operators to enhance signiﬁcantly their ability to offer and
guarantee a wide range of services.
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