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ABSTRACT

In this paper,we presenta new queueingalgorithmfor networks,calledHierarchi-
cal Fair Queueing(HFQ). This sharesthe bandwidth betweenclassesof users,and
(within eachclass)betweensubclassesHFQ providesa guaranteedghareof bandwidth
to eachclass but bandwidthis not wastedwhena classis inactive. Unlike the Link Shar-
ing scheme of Floyd-Jacobsen, HEQ@rovablyfair, in thatthroughputis a closeapprox-
imationto theideal sharingscheméor aninfinitely divisible resource.HFQ extendshe
techniquesof Fair Queueingof Demers-Keshav-Shenketig deal with a hierarchy of
classes.HFQ alsoprovidesboundeddelaysfor realtime traffic. We implementedHFQ
aspartof areal IP gatewayandperformeda numberof testswhich demonstratéts fair-
ness.

1. Introduction

The designof a servicedisciplineto usein networkgatewayshasreceivedmuchattentionin recent
years. The traditional First ComeFirst Served(FCFS)discipline usedin mostgatewayshasprovedto be
inadequate.With best-effortdataapplications,it allows ill-behavedusersto obtain excessivebandwidth
andstarveotherswhose requests are more moder&#nilarly, FCFS does not provide a guaranteed rate of
service to real-time multimedia applicatios.number of alternativelsavebeensuggestedsomedesigned
specifically for best-effort data applications, some for for real-time applications, and some for both.

Recentwork by Floyd and Jacobser4] and colleagueq18] hasdrawn attentionto the casewhere
bandwidthon a link mustbe sharethetweeruserswho arearrangedn a hierarchyof classesAt eachlevel
of the hierarchy the classe$iavepredefinedshares, suchthatthe bandwidthallocatedto the parentclassis
to bedividedamongthe childrenin proportionto their sharesFor example thetop-levelclassesnight rep-
resentorganisationsvhich havecontributedto the costof the link; the shareghenrepresenthe financial
stakeof eachclass. At alower level, the classesnight correspondo differentprotocolsuites;with differ-
ent end-pointpairs defining the lowestlevel. Of courseone could permanentlyreservepart of the band-
width for eachclass but this is very wastefulwhena classis inactive.Insteadwe seekto divide the service
fairly between those classes which are requesting it at any time.

One can easily recognise some service mechanisuméars for example, FCFS will allow a class to
obtainmoreservice simply by beingmoregreedyin its requests.However,to allow rigorousevaluation of
proposedjueueingalgorithms we needa precisedefinition of fairness. For the casewherethereis a single
level of classestatherthana hierarchy the naturaldefinition wasproposedin the contextof CPU schedul-
ing) by Kleinrock [11]. Kleinrock’s ProcessoSharingmodel (PS)is anidealised fluid flow modelwhich
servesasanintuitive definition of fairness:all activeusersareservicedat an equalrate,which requiresthat
the resourcebe arbitrarily divisible. For situationswheredifferent usersare actually entitled to different
proportionsof the resourcePS readily generaliseso include a conceptof weightswhich control the divi-
sionof theinstantaneoubandwidth. In this papermwe present naturalextensiorof PSto dealwith hierar-
chical classes. We call this Hierarchical Processor Sharing (HPS).

Of course a realisticqueueingalgorithmneedsto choosea single packetto send,andthenwait till
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that has finished before choosing another. For asingle level of classes, the Fair Queueing (FQ) service dis-
cipline [2] has been proposed. This technique amounts to running a simulation of PS, and choosing the next
packet based on the start (or finish) of transmission within PS. FQ approximates PS closely, as proved in
[5]. It is trivia to generalise FQ to include shares, as in [2]. This generalisation is commonly called
Weighted Fair Queueing (WFQ).

The limitation of WFQ is that it is not hierarchical. That is, it is designed only to share bandwidth
between a set of users (or classes of traffic), and provides no facilities for splitting the total bandwidth
between a bunch of organisations, then dividing each organisation’s bandwidth between usersin that organ-
isation. Thisis not equivalent to dividing the total bandwidth amongst all the users; HPS does not degener-
ate to the non-hierarchical case.

The main contribution of this paper is to propose an agorithm called Hierarchical Fair Queueing
(HFQ). This uses ideas inspired by WFQ to solve the problem of sharing a link fairly between users
arranged in a hierarchy of classes. HFQ does approximate HPS to within a (theoretically guaranteed)
bounded error. The theory behind the algorithm will be described in a future paper; this paper concentrates
on the definition of the algorithm, and its implementation and testing in areal TCP/IP system.

As an example of why hierarchical allocations are important, consider a hypothetical situation where
two organisations share the cost of a network connection. We will suppose for concreteness that they both
pay equal portions of this cost. It seems reasonable that they should receive equal shares of the bandwidth,
when they are both presenting sufficient requests, and further that this should be independent of the actual
composition of the classes of users making the requests, or the requests themselves. Thus we wish the
bandwidth alocations to the two companies to approximate PS, treating the two companies as ‘‘users’.
We could do this with WFQ), but then within each company the requests are serviced in FCFS order, mak-
ing the network unfair to the individual users. Hence it is desirable to further subdivide the bandwidth of
each company amongst the individual users, according to PS. This gives us an instance of HPS with a two
level hierarchy. There is no reason to stop with two level hierarchies, either our company may have
departments, which are further subdivided in one way or another; also, we may wish to subdivide each
user’s requests according to connection, and even discriminate between different classes of connection.
Thus we see the usefulness of an HPS system which allows a general hierarchy.

This work also has implications for real-time service disciplines. Here the usual approach is to
assume that each connection has made prior negotiations for a particular proportion of the available band-
width. The role of the service discipline here is to provide each connection with its reserved bandwidth
(when it actually needs it), generally with some kind of constraint on the delay, which may be included in
the negotiation process. If a connection tries to use more than its allocated bandwidth, it may be subject to
packet loss or to delays worse than alowed by the constraint. In real time applications, it is usually the
variation in delay (also known as jitter) which is important, rather than the delay itself. Large variations
may result in buffer starvation or overflow at the receiving end of the real time data. Keeping the delay
bounded guarantees that the variation is bounded too. Of particular interest here is Virtual Clock [21].
This discipline is actually know to be equivalent to WFQ, under a suitable mapping between allocated
bandwidths and shares. Virtual Clock provides no explicit control over delays or jitter. However, it has
been shown [3] that under the assumption of leaky bucket constrained arrivals, VC provides bounded
delays. The bounds are dependent on the allocated bandwidths. Since HFQ is a generalisation of WFQ, we
expect similar results to apply to it. Other disciplines exist which decouple the delay bounds from the
bandwidth allocations, providing separate control over each, eg delay-EDD, jitter-EDD, etc [20]. Of
coursg, if we are only interested in delay bounds, then WFQ (or some variant) will do; the advantage of
HFQ isthat it adds flexibility for bandwidth allocation without losing the ability to provide delay bounds.

It istempting to think that we could achieve the same result as HFQ by combining a number of WFQ
schedulers. This would have the added bonus of allowing us to take advantage of techniques for imple-
menting WFQ efficiently, which do not generalise to HFQ. However, it is unclear how such a combination
of WFQ schedulers could actually be produced. Existing Fair Queueing algorithms are based on the
assumption that the resource that they provide access to runs at a constant rate, which breaks down when
wetry to ‘“‘nest’”” WFQ schedulers. This considerably complicates the implementation of such asystem. In
addition, we have doubts that such a system can provide error bounds comparable to those provided by
HFQ.
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Another competitor for HPS/HFQ, as far as hierarchical bandwidth allocation algorithms go, is the
Link Sharing methodology [4]. Rather than providing a specific algorithm, Link Sharing specifies a gen-
eral framework for combining real-time traffic scheduling with bandwidth control. The bandwidth control
provided by Link Sharing is only applied at times of congestion. An actual algorithm which implements
thiskind of policy is Class Based Queueing (CBQ), described in [18].

We believe that HFQ provides superior bandwidth control to Link Sharing, because HFQ is an
approximation to the ideal discipline, HPS, with the concept of sharing instantaneous rate. In contrast Link
Sharing is based on average rate over some interval, typically measured by a decaying average. This makes
Link Sharing unfair in the presence of traffic patterns tailored to the particular interval length or decay rate.

In section 2, we explore the background literature in more detail. In section 3, we describe the HPS
service discipline, with examples. In section 4, we give an informal summary of how the HFQ algorithm
works (the detailed description is relegated to the appendix). Section 5 describes our practical implementa-
tion, including some empirical results obtained from it.

2. Background

2.1. Processor Sharing and Fair Queueing

Processor Sharing (PS) is defined by Kleinrock [11] as a limiting case of Round Robin (RR) where
the service quantum is allowed to approach zero. This limiting case forms an idealised, ‘‘fluid flow’" ser-
vice discipline, in which at every instant of time, all active users are simultaneously serviced, with equal
(instantaneous) rates. Thus, if the resource services requests at rate r, and there are k users active at time't,
then each of these active users receives an instantaneous rate of servicer/k. Using this as our definition of
PS, and given some arrival sequence, we may compute each user’s cumulative service as a piecewise linear
function of time. See[5] for further details.

Of course we cannot use PS as a practical service discipline, since we cannot, in general, service all
the active users simultaneously. However, PS encapsulates the intuitive concept of *‘fair service’’ simply
and precisely. Furthermore, it has the useful property that for a given number of users (say N), each user
has a guaranteed minimum rate of service, r/N, irrespective of the behaviour of the other users (ie thisisthe
worst case value). This lower bound on throughput implies an upper bound on delay for a given user’s
arrival sequence, irrespective of all other users' arrivals. These are very desirable properties. They become
even more desirable when we generalise PS, as described below, since they then provide a useful, practical
method of bandwidth allocation.

Since we cannot implement PS directly, we are interested in ways of approximating PS service with a
practical, non-preemptive service discipline, such that the differences in cumulative throughput and delay
remain bounded. This restriction is quite important, as it transfers the guarantees provided by PS to the
practical algorithm, albeit in a dlightly weakened form.

Fair Queueing (FQ) [2] was developed in response to the need for an approximation to PS. It isin
some sense the best possible approximation. As shown in [5], the error in the cumulative throughput is at
most the value of the maximum packet length. No smaller bound is possible with a non-preemptive
approximation.

The basic idea of FQ is to order the requests by their finishing time in PS, essentially by using an
embedded simulation of PS. Sufficient state information is kept which enables the finishing times to be
determined. An abstraction called ‘‘virtual time’’ helps us here it is a monotonic function of time, with
the useful property that it maps each packet’ s starting and finishing times into values that can be determined
as soon as the packet has arrived [2]. This makes it possible to implement FQ quite efficiently [10]. It is
shown in [5] that starting times can be used instead of finishing times, and that in either case the error in
approximating PS remains bounded.

As defined so far, PS and FQ both assume an ‘‘equal rights’ policy for all of their users, in that all
users are to be serviced at equal rates. A trivial extension isto introduce per-user numbers, referred to vari-
oudly in the literature as weights, priorities, or shares (we will call them shares), which represent the users
relative entitlements. That is, the instantaneous rate of service of each active user is proportional to its
shares. To calculate the instantaneous rate of an active user, we divide their number of shares by the sum of



HFQ -4- April 28, 1996

the shares of all the active users. This gives us their proportion of the bandwidth, which we multiply by the
resource capacity to get their actual instantaneous bandwidth. FQ generalises to this case easily, as
described in [2], and provides bandwidth guarantees with control over the individual allocations, by chang-
ing the shares.

2.2. Link Sharingand CBQ

Link Sharing [4] is a genera framework for providing hierarchical bandwidth sharing in a network
gateway. Class Based Queueing, aka CBQ [18], is a particular algorithm designed within the context of
this framework. This is analogous to HPS and HFQ, in that Link Sharing provides a policy, and CBQ
implementsit. However, the policy provided by Link Sharing is much more loosely defined.

Link Sharing operates on a hierarchy of user classes, each of which has has attributes controlling its
allocation. Whereas HPS has a single attribute per class (the number of shares), Link Sharing has multiple
attributes, and is a more complex model.

Before describing the Link Sharing model in more detail, we must first describe the conditions under
which the model is applied. Unlike HPS, which is meant to be applied at every instant in time, Link Shar-
ing is only applied when the system is congested. Rather than having a single scheduler, Link Sharing stip-
ulates two: a general scheduler, to be applied when the system is not congested, and the Link Sharing
scheduler, which is applied when the system is congested. The behaviour of the general scheduler is not
defined by the Link Sharing model, although some of the possibilities for its behaviour are described in [4].
In practice, there may really be one scheduler, with the functions of both *‘schedulers’” intertwined. Thisis
the case with CBQ. It could be argued that HPS/HFQ does nothing when the system is not congested, how-
ever the definition of congestion that must be used is different in this case. If more than one user is active
at a given time in HPS/HFQ, the system is considered ‘*‘ congested'’, and the discipline acts appropriately,
ensuring bandwidth and delay guarantees. The same execution may be considered ‘‘uncongested’’ by Link
Sharing, which evaluates the congestion status over a period of time. Thus Link Sharing relies on the gen-
eral scheduler to provide delay guarantees when the system is not seen to be congested.

The actual allocation model employed by Link Sharing is considerably different to that of HPS.
Bandwidth allocation is controlled by absolute bandwidth allocations to each node, rather than relative
weights. Typically the root node is allocated 100% of the bandwidth, and each internal node’s allocation is
equal to the sum of its children’s alocations. This allocation is static and long-term, rather than dynamic
and instantaneous, as in HPS. That is to say, it is intended that Link Sharing provide each node with its
specified allocation over along-term interval, assuming sufficient demand. When there are nodes which do
not make sufficient demands, Link Sharing has to redistribute the surplus somehow, to any nodes request-
ing more than their share. The exact behaviour is not specified by Link Sharing, although it is stated as a
secondary goal that the scheduler should ‘*do something reasonable’’. We believe that the instantaneous,
relative allocations provided by HPS provide the most reasonable behaviour for such situations. Further-
more, we note that the concept of *‘sharing over an interval’’ is not well defined, in that it depends on the
size (and position) of the interval.

Link Sharing has other per-node attributes besides the bandwidth allocation. In particular, a priority
is assigned to each node, which provides some control over the delay allocation. Real-time traffic can be
given a higher priority, to improve its delay characteristics. HFQ does not provide such afeature, although
it should be possible to add one. Link Sharing also provides the ability for a node to nominate a class
which it can borrow from, in the event that it exceeds its allocation. Different actions may be defined for
nodes to execute when they are overlimit. There are also flags for making nodes as exempt, bounded, or
isolated. An exempt node is not affected by the Link Sharing scheduler. If effectively receives an aloca-
tion of 100%. A bounded class cannot receive more than its allocation. An isolated class does not borrow
from the rest of the tree, outside of its descendants, and vice versa. Such features are not provided by
HPS/HFQ, which is a simpler model. It could be argued that they are unnecessary and/or undesirable. In
the case of the **exempt’’ attribute, this kind of behaviour can be approximated in HPS by giving that node
avery large number of shares, and making in a child of the root node. This approach is actually preferable,
since it does not completely lock out other users in the event that the node actualy tries to use its alloca-
tion. The ‘“*bounded’’ attribute could be simulated by introducing admission control. We consider the
“‘isolated’’ attribute to be undesirable, because it implies that the service discipline has to be non-work
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conserving.

2.3. Problems with Long-Term Sharing

Any system which performs bandwidth allocation must include in its design, either explicitly or
implicitly, a definition of rate. When a user is alocated a particular share of a resource, they are being
given access to that resource at a particular rate.

Rate is not a very well defined concept. Multiple definitions of rate are possible; the two main ones
are instantaneous rate, and average rate over an interval. When instantaneous rate is used as the basis for
bandwidth allocation, idealised service disciplines such as PS and HPS result; we refer to these collectively
as Instantaneoussharing When the average rate over an interval is used, a model is obtained which we
will refer to as Long-TermSharing Long-Term Sharing is the model used by Link Sharing [4], CBQ [18],
Cambridge Share [12], [13], and Basser Share [8], [7], [1], [9]. It suffers from the following flaws:
arbitrariness unpredictability and unfairness

Long-Term Sharing is arbitrary, in that the size of the interval, and the type of averaging used, are
completely arbitrary, and different choices for these parameters yield different results. There are two main
types of averaging used: arithmetic mean, and exponentially decayed averaging. In the case of the expo-
nentially decayed average, the decay rate replaces the interval lengths as the variable parameter. Most prac-
tical systems based on Long-Term Sharing use the exponentially decayed average (eg Basser Share, CBQ)
although the arithmetic mean is often invoked as an informal justification.

We will give an example of the arbitrariness of this method. Consider a system with two users with
equal shares, who are continuously backlogged with packets requiring 1 second of service each. Suppose
that in a sample execution, the packets are serviced inthe order "1 222111 1". Let us now analyse this
using the arithmetic mean model, with two different interval lengths. If we use an interval length of 8 sec-
onds, we see that user 2 only receives 3/8 of the total bandwidth, and thus it appears that user 1 is being
favoured. If however, we use an interval of 4 seconds, user 2 receives 3/4 of the bandwidth in the first
interval, but nonein the second. This example shows alack of consistency the interpretation of an exper-
iment depends on the sampling interval chosen. The situation is no better for the decayed average method.

Our second abjection to Long-Term Sharing is that it is unpredictable. In particular, systems based
on decayed averages tend to be too difficult to analyse in full generality (as is possible with Instantaneous
Sharing).

Lastly, we claim that Long-Term Sharing is unfair. Consider again a system with 2 users who have
equal shares. Suppose that user 1 is continually active, while user 2 only becomes active halfway through
the sampling interval. According to the arithmetic mean model, we have to give user 2 undivided attention
for the remainder of the interval. During this time, user 1 will experience massive delays (assuming the
interval islong enough), while the system only servicesuser 2. Itisasif user 1 is punished for having used
the resource when nobody else was! Again, the decayed average method exhibits the same unfairness.

For these reasons, we believe that Long-Term Sharing is inferior to Instantaneous Sharing, a la PS
and HPS, which is intuitively fair, predictable, and independent of the interval over which its behaviour is
observed.

2.4. Hierarchical Classes in CPU Schedulers

There is a close analogy between mechanisms for sharing a network link, and those for scheduling
processesin a CPU. There have been a number of hierarchical CPU schedulers eg: Cambridge Share [12],
[13], Basser Share[8], [7], [1], [9], the V STa scheduler [17], and Lottery Scheduling [19]. None of theseis
based on approximating an ideal fair discipline; Cambridge Share and Basser Share are both based on
Long-Term Sharing, and VSTa and Lottery Scheduling use Monte Carlo methods, hence do not provide
guarantees. Restricted Fairness results were found for Basser Share in the steady state [6], but little is
known about the general case, except that it suffers the drawbacks described in the previous section.
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3. Defining Fairness Precisely for Hierarchical Policies

Hierarchical Processor Sharing (HPS) is a generalisation of PS: not only do we allow different
weights to be assigned to each user, but we also generalise the flat array of users, replacing it by a tree.
Each node of this tree has a weight (although the root node’ s weight is never used). The leaf nodes are the
actual users. The rule for calculating instantaneous rates of service is a straightforward recursive applica-
tion of that of (weighted) PS: starting at the root, with the full rate of the resource as its allocation, we
recursively divide each interior node’s allocation amongst its active children in proportion to its shares,
until each active user has been assigned a portion of the bandwidth. Aninternal node is defined to be active
if any of its descendants are active.

An example will make this clearer. Consider the tree in figure 1. This consists of 6 leaf nodes,
labelled user0 through user5, and 3 internal nodes: root, Groupl, and Group2. The weight of each node is
recorded next to the link from that node's parent (the root node's weight is of course irrelevant). Under-
neath the weight is the percentage of total bandwidth that each node would get if all the users were active.
Since this makes all the internal nodes active, we can easily calculate userO = 50%, Groupl = 20% and
Group2 = 30%. Now the alocation given to the groups is further parcelled out according to shares, and the
result is as shown.

Figure 1: Example of HPS (all users active)

In figure 2, we have the same basic structure, but users 0, 2 and 4 are now inactive (represented by
dashed outlines). Each of these now receives 0%. No internal nodes have been inactivated in this case.
We just hand out the bandwidth as before, as if the inactive users were not there, and the result is as shown.

40% | 0% 40% \ 0%

Ve

| user2 )
/

~ -

Figure 2: Example of HPS (some users active)

We will give one further example. Consider figure 3, where only users 0 and 3 are active. This
makes Groupl inactive, and we see how inactivity propagates up the tree. Allocations are userO = 62.5%,
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Group2 = 37.5%, and thus user3 = 37.5%, with all the inactive users receiving 0%.

5 2
62.5% | 0% 37.5%
|

/ Groupl \
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7
/\I_

/ N
, 2 13 2 \'2 \ 1
;7 0% 10% 37.5% \ 0% \ 0%
/ I \ \
\/ userI \ \ userg \ \ user4\ \ \/ userg \
/ / /

Figure 3: Example of HPS (even less users active)

Like PS, HPS provides guaranteed bandwidth allocations. It is quite straightforward to calculate a
user’s minimum guaranteed bandwidth: assume that every user is active, and calculate bandwidth aloca-
tions as above. This gives us every user’'s minimum guaranteed bandwidth observe that in the cases
where not every user is active, making them all active reduces the bandwidth allocation for those users who
were already active.

Since HPS provides guaranteed bandwidth allocations, it also provides delay guarantees for suitably
constrained flows. If a user's arrival process is constrained by leaky bucket, with an average rate value
equal to the minimum bandwidth guarantee, then it follows that the user’s queue length at the HPS disci-
pline will be bounded, and, as the transmission time is also bounded (since there is a minimum rate) the
total delay experienced by one of the user’s requests is bounded.

HPS is thus a very desirable service discipline to approximate. Not only does it provide bandwidth
and delay guarantees, as did PS (and thus FQ), but it also provides the added flexibility of hierarchical
bandwidth allocation. We have developed an agorithm called Hierarchical Fair Queueing (HFQ), which
basically consists of ordering the requests by their starting times in HPS. We have shown that this yields
bounded approximations to delay and cumulative bandwidth (note that the actual bounds depend on the
maximum request length, and the values of all the weights). This makes HFQ an agorithm of practical sig-
nificance for network queueing, providing hierarchical bandwidth allocations, and guaranteed behaviour for
both bandwidths and delays.

4. The HFQ Algorithm

In this section we will explain the basic ideas behind the algorithm. A detail description is contained
in the Appendix. The goal of the algorithm isto approximate the HPS service discipline, which, aswe have
already mentioned, we cannot implement directly, due to its requirement that we service all active users
simultaneously. Instead, what we do is to simulate the HPS discipline, using the actua arrival times and
packet lengths as inputs to the simulation. The simulation is used to calculate the starting time of each
request under HPS. We then service the actual requestsin the order given by the starting times under HPS.
Note that we have used starting times, rather than finishing times, asin FQ [2]. This is because we have
theoretical results which describe the behaviour of the system when we use starting times, but no corre-
sponding results for the system which uses finishing times. Contrast this again with FQ, for which the
behaviour is known for both variants [5].

Our ability to simulate HPS depends on the availability of the arrival time information which forms
the input to the simulation. Note that we do not know a packet’ s arrival time until that time. This fact cre-
ates a problem which does not exist for the FCFS discipline. In the case of FCFS, packets are serviced in
the order that they arrivein. Thus the arrival of a future packet cannot affect the starting time of any pack-
etsalready in the system. HPSisnot like that. Since HPS services all users simultaneously, the arrival of a
new packet can change the starting times of packets already in the system, effectively by slowing down
prior packets belonging to the same user. Thus there may be requests in the system for which we do not
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know the starting time under HPS.

Note that in the non-hierarchical case, ie PS, the order of the outstanding requests is unaffected by
new arrivals. This is related to the concept of virtual time, which is used in the implementation of Fair
Queueing [2]. Although the real starting and finishing times of arequest may not be known when it arrives,
the corresponding virtual times are known. Since the mapping from real to virtual time is monotonic, FQ
merely has to order its requests by virtual starting (or finishing) time. Only one queue is required in such a
system: a priority queue sorted according to virtual starting (or finishing) time.

There is no analogous concept of virtual time in the general case of HPS. Implicit in its definition for
PSisthe fact that a pair of users under PS always receive service at rates with afixed ratio when both users
are active. This invariant enables the specifics of which users are active to be **factored out’’, resulting in
the definition of virtual time. In HPS, the ratio is no longer fixed, eg consider the allocations given to users
1and 3infigures1 and 2. Thus we do not have the simplification afforded by virtual time, along with its
useful property that the ordering of requests may be determined as soon as they have arrived. It isin fact
possible for a new request to change the order in which the currently queued requests should be serviced.
Because of this, an HFQ implementation requires more than one queue.

A single priority queue is needed to hold requests which have already ‘‘started’’ in the parallel HPS
simulation. These requests are held in order of HPS starting time. Requests which have not yet started in
HPS are kept in separate, per-user queues. These queues are maintained in FIFO order. As the HPS start-
ing times of packets on these per-user queues become known, they are stamped with their times, and placed
on the priority queue.

It might be thought that a FIFO queue would be sufficient for holding the requests that have started in
HPS after all, we are simulating HPS to obtain the ordering for the requests in HFQ, so those requests
should be generated in the right order. However, our algorithm doesn't generate the HPS starting events
one at atime, but rather calculates the longest period of time that it can get away with advancing the state of
the simulation by, and generates all HPS starting events with a single sweep of the tree. This, naturally,
generates the events out of order, but their associated times are known, and can be used to put the events
back in order.

An important question is whether the priority queue can become empty even when there are requests
in the system, such that the system is not work-conserving. This cannot happen, because it implies that the
system is servicing requests at arate faster than the HPS simulation runs at. Of course, it is crucial that the
rate of the HPS simulation match the actual resource rate, otherwise the algorithm may not behave cor-
rectly.

A full description of the algorithm, including data structures and pseudocode, is contained in the
Appendix.

5. An Experimental HFQ I mplementation

5.1. TheTest Environment

The HFQ algorithm was implemented as a modification to the user mode PPP server included with
the Plan 9 Operating System [14]. Two PCs running Plan 9 were connected via a serial link operating at a
rate of 9600 baud. One of these machines ran the program aux/ pppcl i ent , which is designed to give a
machine with no other network connection access to the internet via the Point-to-Point Protocol (PPP) [16].
The other machine ran a modified version of aux/ pppser ver , which acts as an |P gateway, providing a
PPP implementation on a machine which already has IP connectivity. The modifications were to replace
the standard FCFS queueing behaviour of the PPP server with an implementation of HFQ. This second
machine was a so connected to an ethernet, thus acting as an experimental HFQ gateway.

Plan 9 has a novel PPP implementation. Rather than implementing it as part of the kernel, it is a user
mode program. This is possible because of Plan 9's ** Streams’’ implementation [15], [14]. Under Plan 9,
many of the devices are streams, which are bidirectional data channels with an associated stack of protocol
modules, known as streams modules. The streams modules are built into the kernel, but the commands to
“‘push’’ them onto the streams can be issued from user mode. Thus, for example, to obtain IP access via
ethernet, one opens the ethernet device, then pushes the ar p and i nt er net modules onto the stream.
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The i nt er net streams module acts as an IP protocol multiplexor, providing TCP and UDP streams
through an associated device. Thus, one way to implement PPP under Plan 9 would be to add a new
streams module to the kernel, which could be pushed onto a serial line stream before the internet module.
The module would perform PPP encapsulation for packets passing in one direction, and unencapsul ate the
data flowing in the other direction. Rather than take this approach, Plan 9 implements PPP as a program.
This program creates a pipe (a stream under Plan 9) and pushes the internet module onto one end. 1P pack-
ets are read from the other end of this pipe, converted to PPP format, and written to the serial line. A sepa-
rate process reads PPP packets from the serial line, turns them back into IP packets, and writes them to the
pipe. Thuswe have an implementation of PPP in user mode.

Using Plan 9's PPP implementation as our test bed for the HFQ algorithm has a major advantage
over kernel-based approaches, in that the compile-run cycle time is greatly reduced, so debugging is made
easier. Furthermore, being a user mode program, it has easy access to other services available in user
mode, so that configuration of the HFQ system is made simpler.

5.2. Thelmplementation

The Plan 9 program aux/ pppser ver iswritten in a concurrent programming language called Alef
[14]. It consists of a number of Plan 9 processes which share memory and communicate using message
passing. In the case where there is just one serial line, there are three processes: i pnuxencode, which
receives the ip packets from the system and writes them as PPP packets to the serial line, pppdecode,
which takes incoming PPP packets and decodes them, and doal ar ns, which handles timer events. The
program communicates with the kernel IP device by reading and writing a pipe which hasthei nt er net
streams module pushed on the other end. Plan 9 is designed to handle multiple input sources using true
concurrency, ie separate processes, rather than the select system call (there is none). Hence separate pro-
cesses are actually required to read the pipe and the seria line. Thisis not a hardship in Plan 9, since pro-
cesses are cheap, and Alef makes their use simple.

The point at which congestion occursin pppser ver isinthei prmuxencode process. Given that
i pmuxencode must write each encoded packet onto a slow serial line, and that these packets can be sup-
plied by the pipe a a much faster rate, i pnuxencode spends most of its time blocked, writing to the
seria device. While this is happening, packets bank up in the pipe, which acts as a FIFO queue thereis
no explicit queueing in the process itself.

We modified pppser ver by adding an additional process, wri t er pr oc, to handle writes to the
seria line. Thisfreedi pmuxencode to read the pipe as quickly as possible, with the purpose of enqueue-
ing the packets on the queues maintained by HFQ, for wr i t er pr oc to dequeue at its leisure. We consid-
ered using a 2 process structure, where each of these processes would participate in the HFQ algorithm, but
decided that the locking and communication issues would complicate and obscure the algorithm. Instead,
we put all of the HFQ operations in athird process, called f qpr oc.

Communication between the processes is via three channels. The first of these is used by
i pmuxencode to pass new arrivalsto f gpr oc. It sendsatuple (pkt, gnum consisting of the new
packet and the number of the queue that it is to be placed on, as determined by a packet classifier. The clas-
sifier must be run before the packet has been PPP encoded, in order for it to be able to recognise the packet.
On the other hand, the PPP encoded version of the packet must be used in determining the packet length in
the HFQ algorithm. i pmuxencode calls the classifier code prior to encoding the packet, and then sends
the encoded packet along with the queue number to f gpr oc.

The other two channels are used for communication between f qpr oc andwri t er proc. Thereis
one channel for wri t er pr oc to signal that it isidle, requesting a new packet to service, and a channel for
f gpr oc to passthe next packet towr i t er pr oc.

f gpr oc loops endlessly, waiting for something from one of its input channels. It performs the
actions described as new_arri val and next _servi ce in the appendix (and the functions called by
them). In the implementation, instead of next _servi ce blocking and new_ar ri val waking it up,
next _servi ce actualy waitsfor the next arrival itself, and callsnew_ar ri val to processit.

Floating point arithmetic was used for al of the HPS-related variables, such ascsrv and cr eq (see
appendix for definitions). This requires some care, as numeric errors can cause the various comparisons
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used in the algorithm to yield incorrect results, and the algorithm to behave erroneously. This actually hap-
pened in the early stages of testing, until a‘‘slop factor’’ was added to some of the floating point compar-
isons. Further work is needed in applying principles of numeric analysis to make the algorithm more
robust. Thisproblem isalso apotential pitfall for WFQ implementations.

The packet queues were implemented as linked lists. All the per-user queues are FIFO, so linked lists
are the correct choice here. In the case of the priority queue, it may actually be better to use some other
data structure, such as a heap, though further data is needed on the likely length of the queue in order to
choose the best data structure. It was expected that this queue would remain relatively short, in which case
there islittle advantage in using a heap, but this may not be true for a production system.

Although the theory behind the algorithm guarantees that the priority queue will never be empty
when there is work in the system, the implementation can not safely assume this. Slight numerical errorsin
the HPS simulation, in time keeping, and in the rate of the serial line, can cause the implementation to devi-
ate from the ideal theoretical behaviour, and enter a state of temporary starvation. When this occurs, fgproc
deeps for one tick, and then tries again. 1t should probably make adjustments to the state of the simulation
to bring forward the time of the next event.

5.3. Test Methodology
The tests of the implementation were performed using two programs, called sour ce and si nk.

The program sour ce was run on the computer with the modified pppser ver. It generates a
series of packets to be sent to the machine on the other end of the PPP link. The details of the packets that
are sent are controlled by atext file, which is given to the program as the first argument. Each line of the
program describes a packet to be generated. The lines are expected to be in the following format:

tuser seq len

where t is the arrival time in milliseconds, user controls the UDP port that the packet is sent on, seq is a
seguence number to be imbedded in the packet, and len is the length of the packet. The file is assumed to
be sorted in increasing order of arrival time. All packets are sent to UDP port 5555 on the remote machine
(whose IP address is hardwired) using local port (3200+user). The HFQ implementation currently classi-
fies UDP packets based on the last 4 bits of the UDP source port, allowing for up to 16 users. The time
t = 0 is assumed to be when the program starts up. Source attempts to deliver the packets at the times
specified, however the delays associated with writing to the network device, plus the possibility of block-
ing, mean that the actual arrival sequence may differ considerably from the requested one. For this reason,
sour ce writesthe actual arrival sequence generated to standard output. This datais formatted in the same
way as the input data, and is normally captured in a file and used instead of the input data when analysing
the results.

The program si nk was run on the other machine, which ran the unmodified pppcl i ent . Itsjobis
simply to bind to UDP port 5555, and capture al the packets sent to the port, producing a one line summary
of each on standard output. The output is in the same format as the input to sour ce. Heret is the time
that the packet is received (with origin at the time that the first packet arrived), user is the last 4 bits of the
UDP source port, seq is the sequence number extracted from the packet, and len is the length of the packet.
The output of si nk is captured in afile, which is used in conjunction with the output of sour ce to anal-
yse the experiment. There are a couple of subtleties associated with the use of si nk. First, thereis no way
for si nk to know when the test is over. It could be instructed to wait until a certain number of packets
have been received, or certain set of sequence numbers are reached, but unfortunately packet loss does
occur, and renders such methods unreliable. The method used was to manually watch the output file, and
stop si nk when it was observed to be quiescent. The other problem is in the synchronisation of the time
between the two machines. Plan 9 has no facilities for doing this, particularly not at the millisecond level.
The output of si nk is such that the first packet is seen to be received at t = 0. This packet would typi-
cally have been sent by source at t = 0 in source’s timescale. To synchronise the two timescales, the
length of the first packet and the known rate of transmission were used to calculate an adjustment factor to
be added to each of the times output from si nk. Suppose the first packet is of length 960 bytes. This will
take 1 second to transmit at 9600 baud. Thusif itissent at timet = O, it will arrive at timet = 1, which
si nk takesto betimet = 0. In this case, the adjustment consists of adding 1 to all times output by si nk.
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In general, we add leny/960, where leng is the length of the first packet. This gives us the time that each
packet finishes service. To get the time that a packet starts service, we can then add len/960, where len is
the length of that packet.

Analysis of the results is complicated by the overheads in transmitting the packets. There are two
sources of overheads: protocol headers, and HDLC encapsulation. A typical UDP packet will have an 8
byte UDP header, and a 20 byte IP header. Thus, to send len bytes via UDP, we actually have to send a
total of len +28 bytes. If we were using TCP, then we would also have to worry about the effects of Van
Jacobsen compression, which save some of the overheads, however UDP is not compressed. Further over-
heads are added by PPP itself. PPP adds a header and a CRC to each frame that it sends, adding 7 bytes to
the length of the data transmitted. Large packets will be fragmented by the IP implementation (Plan 9 PPP
uses an MTU of 1500, the same as ethernet, thus avoiding further fragmentation at the PPP level when
speaking to another Plan 9 machine). PPP uses HDLC framing to delimit packets on the serial link. This
involves the use of a specia character chosen as an escape character. |If the escape character appears in the
input, then it has to be escaped. This effectively adds a variable number of bytes to the length of the packet,
based on the number of times that the escape code appears. This humber is difficult to predict, though it
can be minimised by initialising the buffer that source sends to (say) all zeros. Another overhead added by
PPP is is the control information (LCP and IPCP), which basically constitutes a class of traffic which we
are unable to measure, since it is internal to the PPP client and server. In summary, a packet of length len
will take (len +28+ 7+ nesc)/960 seconds to transmit, where nesc is the number of escaped charactersin
the completed PPP frame.

Our use of simple text files for the input and output of the test programs enables us to use awk scripts
for much of the analysis, and aso to generate the input data for the arrival sequences. Each experiment
starts with an awk script which generates arrival sequences for each user, which is then piped through
sort -n. An auxiliary program poisson is used to generate poisson arrival time distributions, and
exponential distributions of packet lengths (where needed). The output of sink is processed by another
awk script, called fqgraph , which calculates cumulative throughputs for each user and turns them into
suitable data for the system graph command. A program called psgraph simulates the behaviour of
HPS, given the output of source , and generates corresponding cumulative throughput data in the same
format as fqgraph . Thus the behaviour of HFQ and HPS can be compared visually, by graphing their
cumulative throughputs on a common set of arrival data. We are also interested in the delays experienced
by a user with leaky-bucket constrained arrivals. The program/script regulator takes an arrival
seguence and constrains it according to the given leaky bucket parameters. Packet arrivals which would
occur too soon are merely delayed, not discarded. This program is typically used in conjunction with
poisson to generate suitable leaky-bucket constrained arrivals. A script called delay is then used to
calculate the delays experienced by each packet owned by a given user, and generate a graph against time.

5.4. Testsand Results

We will present results from two different tests here. The first test was designed to produce a rela-
tively simple execution, where the changes in activity status are clearly seen, so as to illustrate the
behaviour of the algorithm. The second test was designed to show how the algorithm provides bandwidth
guarantees to all users, and delay guarantees to those users who are suitably well-behaved. From our theo-
retical work, we expect the difference in cumulative throughput for a user in HFQ and HPS to be bounded.
By plotting the cumulative throughput for each user in the actual HFQ agorithm, and in an HPS simula-
tion, we can verify whether their difference remains bounded. Similarly, we may plot the delay versus the
arrival time for a number of users with a variety of arrival characteristics, and observe that the delay
remains bounded when the appropriate leaky bucket constraints are observed. Thus, for the second test we
allowed some users to be constrained by appropriate leaky bucket flow control, and others left uncon-
strained, the object being to show that delay bounds were maintained for well-behaved users, in spite of the
presence of badly behaved users.

The class tree for the first test was as shown in Figure 4. There were four users (userl through
userd), and one group, which had two of the users as children. The other two users were children of the
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root node.

Figure 4: Class Treefor Test 1

A very simple set of arrival times was chosen for the test. Each user had a particular time at which
all of its arrivals were to occur simultaneously. This starting time was at t =0 for user 1, t =100 for user 2,
t =200 for user 3, and t =300 for user 4 (all times in seconds). Each request had a data payload of 1280
bytes. The total number of requests generated for user 1 was 200, for user 2 was 160, for user 3 was 109,
and for user 4 was 128. These differencesin starting time and number of requests were designed to cause a
variety of activity states to occur, but without the full complexity that could occur if each user’s arrivals
were spread out in time.

Figure 5 shows the cumulative throughput graphs for the 4 users, both in the actual HFQ execution
(represented by the solid curve) and for the separate HPS simulation viapsgr aph (dashed curve).
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Figure 5: Cumulative Throughput for HFQ (solid) and HPS (dashed), test 1

Note that the curves are similar in shape, however do not match each other exactly. Aside from the
fact that HFQ is at best an approximation to HPS, there are two other sources of discrepancy, corresponding
in fact to the two axes of the graphs. Note how each solid curve comes to an end lower than its
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corresponding dashed curve, and also further onintime. It islower because packet loss occurred during the
experiment. This packet loss was caused by receive overruns in the duart of the machine running si nk.
There was a surprisingly large number of these (around 70 for an 800 second test) given that the duart was
only operating at 9600 baud. The overruns caused those packets containing the bytes that were lost to not
make it past the error detection on the receiving machine, after using up some of the bandwidth.

The other discrepancy was caused by the fact that psgr aph used the length of the data contents of
each UDP packet as the request length, and did not take any of the overheads into account (whereas HFQ
did). This could have been done naively by just adding the overheads to the request lengths, but this would
have meant that the ordinate would have been further distorted, since for HFQ the ordinate does not take
the overheads into account. psgr aph was designed to perform its smulation as ssmply as possible, with-
out keeping track of the individual requests (which were just added to a cumulative request tally on each
simulated arrival), and to treat each user’'s cumulative throughput as a continuous fluid flow. Corrections
for the overheads would not make much sense in this context. Thus no attempt was made to compensate
for them, with the net effect that the HFQ curves appear to be running at a dlightly lower baud rate than the
HPS ones.

The two sources of discrepancy mentioned above yield errors of the right order of magnitude to
explain the differences between the HPS and HFQ curves. Taking these into account, we can see that HFQ
follows HPS quite closely. The slope of each HPS curve changes in response to changing conditions of
user activity we can actually see the HPS policy in action.

The second test employed more realistic user arrival processes, where the arrivals tended to be spread
out in time, and with particular rate and burstiness characteristics. A different class tree was used, with 6
users divided up between 2 groups, as shown in figure 6 (astute readers will note that it is based on one of
the classtrees used in [4]).

Figure 6: Class Treefor Test 1

Each link in figure 6 is marked with the corresponding number of shares and percentage of the total
bandwidth that will be received by that user when all users are active, ie the minimum guaranteed band-
width as a percentage. By multiplying this percentage by 960 bytes/second, we obtain the guaranteed band-
width rate for each user. Each user was given a different arrival process, with some chosen to demand more
than their share (on average) and others constrained to be within their guaranteed allocation. The following
table summarises these arrival processes. UserQ was a deterministic arrival process (with very low band-
width), the others were based on poisson arrival processes with constant request lengths. Two of these
were constrained by leaky bucket.
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The calculation of average interarrival time was made under the assumption that nesc = 14 (experimentally
determined as a likely value). Since thisis only an approximation, the average bandwidth demand of each
user in the table is only approximate. In particular, userl was supposedly operating at its guaranteed band-
width, but may have gone over it. Given these inputs, we would expect to see low delays for users 1, 2, and
4, and high delays for the others, particularly user 3, who is trying to operate at over twice the guaranteed
bandwidth.

Figure 7 shows the cumulative bandwidth under HFQ and HPS for each user. These remain quite
close, except in the case of user 3, where significant deviation is present. This deviation is greatest around
the time when the user’s end-to-end delay is largest. Note that the discrepancy is still bounded, but the
actual bound for this user is larger than the rest. Figure 8 shows the delay encountered by each packet,
graphed against its arrival time. In interpreting this graph, note that the average rate of service in the exper-
iment is about 1 packet per second, hence a delay of afew secondsisto be considered ‘*small’’. The graph
of user 1's delay shows a maximum delay of less than 4 seconds for this low volume (interactive) user. In
the case of user 2, thereis asingle peak of almost 10 seconds, but all other packets remain lower than 4 sec-
onds. Thispeak is probably caused by the arrival process briefly exceeding its guaranteed bandwidth. User
3's delay grows quite steadily to almost 100 seconds, then decays again. This shows quite dramatically
how the system penalises users who try to obtain more than their fair share. User 4 is constrained to at
most half its available bandwidth, and with little burstiness, and so we see that its delay remains bounded.
Users 5 and 6 are both unconstrained, and trying to use slightly more than their guaranteed bandwidth. As
user 4 is using less than its guarantee, it is easy for 5 and 6 to soak up the extra bandwidth, thus their delay
remains relatively small (eg compared to user 3). A few major peaks, particularly for user 5, occur as a
result of their lack of constraint.
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Figure 7: Cumulative Throughput for HFQ (solid) and HPS (dashed), test 2
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Figure 8: Delay vstime elapsed, test 2

6. Conclusion

We have defined a new queueing algorithm called Hierarchical Fair Queueing. HFQ extends WFQ
to the case where the bandwidth of a link should be divided between classes of users, and between sub-
classes within each class. Unlike CBQ or other Link Sharing schemes (which also address this problem)
HFQ is provably fair: there are bounds on the difference between arrival timesin HFQ and those in the ide-
alised fair discipline HPS. Indeed HFQ operates by keeping a simulation of HPS, and approximating that.

We have implemented HFQ in an I P gateway for the Plan 9 operating system, and we gave measure-
ments showing how the throughput approximates HPS, and how low delay is achieved for well-behaved
users, even when others are trying to swamp the system.

HFQ has the disadvantage of not being able to decouple delay bounds from bandwidth allocations, as
is possible in CBQ. HFQ does give delay bounds, but they are fixed for a given set of bandwidth aloca-
tions. It may be possible to generalise HFQ to allow separate control over delays, as is done with delay-
EDD [20]. It is not know at present what effect this would have on the effectiveness with which HFQ
approximates HPS. Thisis an important area for future research.
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Appendix

A.l. Data Structures

The central data structure is the class tree. The leaves of this tree represent individual users. The
internal nodes represent groups of users. Each node has a number of shares associated with it. The shape
of the tree, together with the values of all the shares, determines the policy that HPS is to implement, as
described in section 3.

The other data structures to consider are the queues. There are two kinds of these: a single priority
gueue, and a fifo queue for each user. The priority queue is used to hold requests which have already
started service in the HPS simulation. The other requests are held in the queue corresponding to the user
owning the request.

Some mechanism by which incoming requests are classified and associated with particular |eaf nodes
(ie users) is assumed.

A.2. Notation
Given a, anode of the class treg, the following are defined:
a. par ent the node’ s parent

a. chi I dren theset of al the node' s children
i sl eaf (a) trueisnodeisaleaf node, false otherwise

0. queue the per user queue associated with the node (leaf nodes only)
a.creq cumulative reguests received by this node (leaf nodes only)
a.Ccsrv cumulative service received by this node (Ieaf nodes only)
a.creql cumulative reguests passed to priority queue (leaf nodes only)
a. shares the number of shares of the node

0. sashar es sum of active shares of the node' s children (if any)

A number of global variables are also defined. These are:

r oot the root of the class tree

pri_q the global priority queue

t current time

tl ast time of last event in HPS simulation
r max the resource capacity

rendez  rendezvous used for communication between new_r equest and next _servi ce

A.3. Pseudocode Walkthrough

In this presentation of the HFQ algorithm, there are two entry points: new_r equest and
next _servi ce. new_request iscalled whenever a new request arrives at the system, to enqueue the
request on the appropriate queue. next _ser vi ce is called whenever a request finishes service (and at
startup time) to choose the next request to be serviced. These two functions are (conceptually) located in
different threads; if the system is idle, next _servi ce blocks until new _r equest has been called.
Note that this treatment does not deal with the problem of locking between the two threads (which must
exist to prevent both functions trying to update the tree simultaneously).

new_r equest takes as arguments the user that the request belongs to, o, and the request itself,
r eq. The pseudocode for the function is asfollows:
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/*
* Entry point: a new request "req" has arrived at node "a"
*/
new_r equest (a, req)
{
update(root, t);
enqueue( a. queue, req);
wasi dl e = (root.sashares == 0);
if (a.creq == a.csrv)
active(a);
a.creq += len(req);
if (wasidle)
wakeup(rendez);
}

The first action taken is to call a function called updat e, described in full later, which advances the state
of the HPS simulation to the current time, t . Since we are processing an arrival occurring at timet , there
can be no arrivals prior to t left unaccounted for, and thus we have sufficient information to determine the
state of the HPS simulation at time t . Next the request is enqueued one the queue belonging to user a.
Then aflag wasi dl e is set if the system was idle when this request arrived. This flag is alocal variable,
used later in the function. Then, if the user a was idle prior to this arrival, we call act i ve to update the
state of the class tree to reflect the change in a’s activity state. Then we update a’s cumulative request
value, a. cr eq. Last of dl, if the system was idle before this arrival, we wake up the service thread, which
may be blocked innext _servi ce.

next _servi ce takes no arguments. Its purpose is to determine the next request to be serviced at
timet , which it returns. Hereisthe pseudocode:

/*
* Entry point: called whenever the resource becones idle, to schedule
* t he next request to be serviced
*/
next _service()
{
while (idle)
sl eep(rendez); /* wait for call to new_request() */
update(root, t);
req = dequeue(pri_q); /* pri_q cannot be enmpty */
return reaq;
}

We first test to see whether there are any requests enqueued in the system. If not, then we must wait until
the next call to new_r equest is made before we can proceed, at which point the system is no longer idle.
Having satisfied this condition, we now call updat e to advance the HPS simulation to the present time.
We then merely degueue the first request on the priority queue, which we return. We are assured that at
this stage there must be a request on the queue, as discussed in section 4.

The remainder of the algorithm consists of helper functions used to update the HPS simulation. The
first of theseisact i ve. Thisfunction is called when a user (o) makes the transition fromidle to active, to
update the activity state of the classtree. Since this activity stateis represented using the sashar es prop-
erty on each internal node, it is only necessary to update this property on (at most) the ancestors of a. The
pseudocode is as follows:
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/*
* Given a node " a", adjust its ancestors’ sum-of-active-shares (sashares)
* attribute to reflect a’s transition from idle to active
*/
active( o)
{
if (o ==root)
return;
if (  a.parent.sashares == 0)
active( a.parent);
a.parent.sashares += a.shares;
}

active isarecursivefunction. Itisinitialy called with aleaf node as argument, and recurses up through
the ancestors of that node until either an active node is found (represented by a non-zero sashares prop-
erty) or the root of the tree is reached. For idle ancestor encountered, the shares value of that node is added
to its parent’s sashares attribute. Note that the recursion takes place before updating the attribute, so
that the test is not invalidated.

inactive  is similar to active , except that it represents the transition from active to idle. The
pseudocode is as follows:

/*
* Given a node " a", adjust its ancestors’ sum-of-active-shares (sashares)
* attribute to reflect a’s transition from active to idle
*/
inactive( )
{
if (o ==root)
return;
a.parent.sashares -= a.shares;
if (  a.parent.sashares == 0)
inactive(  a.parent);
}

Here the parent’s sashares attribute is decremented before testing; if this makes it zero, then the parent
isnow idle, and recursion occurs.

Next we describe a function used by update to predict the time of the next change in activity status,
assuming no further arrivals. predict is called with a node a and a rate of service r, and recursively
searches the node's descendents for the next node to become idle (in HPS), returning a tuple (3,
tnext) , consisting of the predicted node 3, and the amount of timetnext until it will becomeidle. If no
such change is possible, because al the leaf node are idle, then (nil, 0) isreturned. predict is
passed root  asthe node in order to search the whole tree. The node argument is provided for the purpose
of recursion. The pseudocode is:
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G ven a node "a", and a rate "r", search a’'s descendants for the next
change in active status, assunming no intervening arrivals.

returns: (B, tnext), where "B" is the | eaf node of the next predicted
transition, and "tnext" is the anbunt of tinme until this transition
is predicted to occur (assum ng no intervening arrivals).

/

predict(a, r)

{
if (isleaf(a)) {
if (a.creq > a.csrv)
return (a, (a.creqg-a.csrv)/r);
el se
return (nil, 0);
if (a.sashares == 0) /* idle -- no departures possible */
return (nil, 0);
/* search children for next transition */
r /= a.sashares;
(B, tnext) = (nil, 0);
for (yin a.children) {
(6, ttry) = predict(y, r*y. shares);
if (B==mnil || d!=nil & ttry < tnext)
(B, tnext) = (9§ ttry)
}
return (B, tnext);
}
The function falls into three cases. Firgt, if it is caled with a leaf node, then it merely has to determine
whether it isidle or not, returning (ni |1, 0) if itisidle, and the node aong with the amount of service
time required, at rater , to complete its service, ie (. creq- a. csrv) / r. The second case is when we
have an internal node a with a. sashares == 0. Thisindicatesthat al of a’'s descendants areidle, so
we waste no further time searching beneath this node, and just return (ni |, 0) . Inthethird case, we are

given an active internal node. Here pr edi ct recursively callsitself on each of its children, and finds the
return value (B, tnext) with the smallestt next, but B ! = nil. Thisisthe first node under a to
become idle, and hence the required return value. Note that if o isbeing serviced at rater , that the child 3
isserviced at rate r * 3. shar es/ a. sashar es, according to HPS policy. This vaue is calculated and
passed as therate in the recursive call topr edi ct .

We now cometo updat e. Thetask hereisto advance the current simulated time (t | ast , thetime
of the last simulated event) to the current time. This advance is broken down into steps. predi ct is
caled first to find the next change in activity, if any. As it is assumed that no arrivals occur between
tlast andti ne, sothe only changes can be departures. For each such change in activity found, t | ast
is updated to that time using afurther helper function updat e1, described below. Thisis repeated until no
further changes in activity are found, at which point t | ast is updated one last time, to the current time.
Here is the pseudocode:
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G ven "root", the root of the class hierarchy, and "tinme", the current
time, update the state of the HPS simulation such that "tine" is now
the current sinmulated time ("tlast"). "rnax" is the line rate

*  * X X X

/
updat e(root, tinme)

{
for (;35) {
(B, tdep) = predict(root, rmax);
if (B==nil || tlast+tdep > tine)
br eak;
updat el(root, rmax, tdep);
tlast += tdep;
}
if (tlast < tinme) {
updatel(root, rmex, tinme-tlast);
tlast = tinme;
}
}

Note that if the time returned by pr edi ct isbeyond the current time, then its value is not accurate, since it
could be affected by further arrivals. But in this case we don’t care, sinceit signals the fact that there are no
further changesin activity to simulate; the actual value does not matter.

The actual dirty work is performed by updat el. Here we are concerned with the class tree over an
interval of time, during which no changes in activity occur (except at the endpoints) and thus every node is
serviced at a constant rate. updat el takes three arguments: a node a, a rate of servicer , and an amount
of timedel t at . Itisarecursive function, and is structured similarly to predict:

/
G ven a node "a", a rate "r", and an anount of tinme "deltat"
simul ate the effect of "deltat" seconds of HPS service at rate
on "a" and its descendants

e

* X X X X

/
updatel(a, r, deltat)

{
if (isleaf(a)) {
if (a.creq > a.csrv) {
newsrv = a.csrv + r*deltat;
while (newsrv > a.creql) {
req = dequeue(o.queue); /* cannot be enpty */
enqueuepri (pri_qg, req, tlast + (a.creql-a.csrv)/r);
a.creql += len(req);
}
if (newsrv >= a.creq) {
newsrv = da.creq
inactive(a);
}
0. CSrVv = newsrv;
}
}
else if (a.sashares !'= 0) {
r /= a.sashares;
for (B in B.children)
updatel(B, r*pB.shares, deltat);
}
}

Thefirst caseiswhen a is aleaf node. Thisis the most complex case, and its description will be left until
last. Supposing now that a is aninternal node. If a isidle (a. sashares == 0) then thereis nothing
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to do: al of a’s descendants are idle, and their state does not change over the interval. If, however, a is
active, then we must call updat el recursively on each of its children. Here we use the same device asin
pr edi ct , whereby the appropriate value for r ispassin the recursive call.

We now consider the case where a isaleaf. If thisleaf isidle(a. creq == a. csrv) then there
is nothing to do. Otherwise, we have to update a. csr v to its new value, a. csrv+r *del t at , and han-
dle any departures caused by this change. Hereweusea. cr eql to check for individual requests that need
to be dequeued. If we find any, they are moved to the priority queue, stamped with their HPS starting time,
which is now known. Then a. cr eql is updated, so that it always represents the cumulative request time
up until the first request on a’s queue. We iterate until all such requests have been dealt with. There may
be more than one; although we are assured by updat e’s use of pr edi ct that no node becomes idle in
HPS before the end of the interval, multiple individual packets are allowed to depart. Having dealt with
these packets, we then check whether a is becoming idle at the interval. If so, wecall i nacti ve toregis-
ter the fact. The tests used err on the side of caution, lest a numeric error cause a. csr v to become larger
thana. creq.
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