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Abstract. In packet audio applications, packets are bufferednetwork [CD92, Jac94, MB94]. Smaller, more interactive,
at a receiving site and their playout delayed in order to com-group meetings are also frequently conducted over the In-
pensate for variable network delays. In this paper, we conternet using these multimedia tools.
sider the problem of adaptively adjusting the playout delay = Packet audio tools such as NeVoT [Sch92] and vat [IM]
in order to keep this delay as small as possible, while abperate by periodically gathering audio samples generated
the same time avoiding excessive “loss” due to the arrivalat the sending host, packetizing them, and transmitting the
of packets at the receiver after their playout time has alresulting packet (via UDP unicast/multicast) to the receiving
ready passed. The contributions of this paper are twofoldsite(s). For efficiency, a source’s audio is typically divided
First, given a trace of packet audio receptions at a receiveiinto “talkspurts” (periods of audio activity) and “silence pe-
we present efficient algorithms for computing a bound onriods” (periods of audio inactivity, during which no audio
the achievable performance aifiy playout delay adjustment packets are generated). In order to faithfully reconstruct the
algorithm. More precisely, we compute upper and loweraudio at a receiving site, data in packets within a talkspurt
bounds (which are shown to be tight for the range of lossmust be played out in the same periodic manner in which
and delay values of interest) on the optimum (minimum)they were generated.
average playout delay for a given number of packet losses If the underlying network is free of variations (jitter) in
(due to late arrivals) at the receiver for that trace. Secondpacket delays, a receiving site can simply play out an au-
we present a new adaptive delay adjustment algorithm thatdlio packet as soon as it is received. However, jitter-free,
tracks the network delay of recently received packets andn-order, on-time packet delivery rarely, if ever, occurs in
efficiently maintains delay percentile information. This in- today’s packet-switched networks. In order to compensate
formation, together with a “delay spike” detection algorithm for these variable delays, a smoothing buffer is thus typi-
based on (but extending) our earlier work, is used to dy-cally used at a receiver. Received packets are first queued
namically adjust talkspurt playout delay. We show that thisinto the smoothing buffer and the periodic playout of packets
algorithm outperforms existing delay adjustment algorithmswithin a talkspurt is delayed for some amount of time beyond
over a number of measured audio delay traces and performbe reception of the first packet in the talkspurt. Informally,
close to the theoretical optimum over a range of parametewe refer to this delay as thglayout delayof the talkspurt.
values of interest. Clearly, the longer the playout delay, the more likely it is
that a packet will have arrived before its scheduled playout
Key words: Packetized audio — Playout delay — Multimedia time. Excessively long playout delays, however, can signif-
— Packet loss — Dynamic programming — Computer networksgcantly impair human conversations. There is thus a critical
tradeoff between the length of playout delay and the amount
of loss (due to late packet arrival) that is incurred. Generally,
delays between talkspurt generation and receiver playout of
less than 400 ms [ITU93] and a loss percentage of up to
1 Introduction 5% [Jay80] are considered to be quite tolerable in human
conversations. The talkspurt playout delays themselves can

In the 20 years that have passed since the early Arpanéie either fixed for the duration of the audio session (an ap-
experiments with packetized voice [Coh77], packetized auProach examined in [Mon83, Coh77]), or adaptively adjusted
dio has blossomed into an application that many Interneffom one talkspurt to the next, with intervening silence pe-
users now use regularly. For example, the audio (and vidediods artificially Qlongated or compressed gccordmgly — the
and whiteboard) segments of many technical conference@PProach taken in the NeVoT and vat audio tools.

and workshops are now carried over the MBone multicast N this paper, we focus on this tradeoff between packet
playout delay and packet loss. The main contributions of
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this paper are twofold. First, given a trace of packet audioif the change is reasonably small [Mon83]. In the latter ap-
receptions at a receiver, we present efficient algorithms foproach, the playout delay varies from packet to packet. A
computing upper and lower bounds on the optimum (mini-per-packet adaptive adjustment introduces gaps inside talk-
mum) average playout delay for a given number of packetspurts and is cited as being damaging to the audio quality
losses (due to late arrivals) at the receiver for that tracefACBOS93, Coh77].
These bounds, which we show to be tight for a range of loss Because it is the variable nature of network delays that
and delay values of interest, are of particular importancegives rise to the need for playout delay adjustment algo-
as they provide a bound on the achievable performance afithms, an understanding of network delays and their effects
any adaptive playout delay adjustment algorithm. Our sec-on packet audio at both the individual packet and talkspurt
ond significant contribution is the development of a newlevel is important. It will thus be instructive to first infor-
adaptive delay adjustment algorithm that tracks the networknally examine a few traces of actual audio traffic and iden-
delay of recently received packets and efficiently maintaingify a number of characteristic aspects of the interaction be-
delay percentile information. This information, together with tween network delay and packet audio playout.
a “delay spike” detection algorithm based on (but extending)  Figures 1-3 plot the variable portion of the delay be-
our earlier work [RKTS94], is used by the new algorithm tween a packet’s transmission at a sender and its reception
to dynamically adjust talkspurt playout delay. We show thatat a receiver as a function of the time at which the packet
this new algorithm generally outperforms existing delay ad-was transmitted at the sender. The propagation component
justment algorithms over a number of measured audio delapf the end-to-end delay has been removed by subtracting out
traces and performs close to the theoretical optimum over ghe minimum of the measured end-to-end delays in the entire
range of parameter values of interest. delay trace (presumably the case in which there is little or no
While the work reported in this paper is based on an In-queueing of the packet in intermediate routers). Note that,
ternet service model which only provides best effort service by considering only the variable delay component, the issue
such adaptive audio applications are of importance in bottof sender and receiver clock synchronization can be avoided.
future Internet and ATM network architectures as well. For The variable delay component of each packet is plotted as
example, the Integrated Services Working Group of the IETFa diamond on the graph. Dotted-line rectangles are used to
has issued Internet Drafts [Wro95, SPWbfor predictive  distinguish talkspurts from each other showing which pack-
and controlled service classes in which adaptive applicationgts belong to which talkspurt. The width of a rectangle in
may respond to the varying networks delays. In ATM ABR the figures represents the length of a talkspurt and its height
service, the delays seen by an application during a conneaepresents the largest variable portion of network delay over
tion may vary as well. all packets within that talkspurt. A packet is generated every
The remainder of this paper is structured as follows. Sec20 ms during a talkspurt, and hence a missing dot at a 20-ms
tion 2 provides additional background for our work, includ- interval within a talkspurt indicates a lost packet within the
ing an extended discussion of the observed delay spikes inetwork.
the packet audio traces reported earlier in [RKTS94] as well The delay traces shown in Fig.1, as well as all other
as in new, more recent experimental traces reported here. lmaces reported in this paper, were collected using NeVoT
Sect. 3, we describe the algorithms used to compute bound$ch92], an audio conferencing tool that allows both point-
on the optimum average playout delay for a given loss. Into-point or multicast connections. NeVoT has a tracing mech-
Sect. 4, we present our new adaptive playout delay adjustanism that can collect timestamps of packets sent and re-
ment algorithm and examine its performance. Section 5 coneeived, RTP sequence numbers [SCFJ95], and vat virtual
cludes this paper. timestamps of packets. In our experiments and simulations
we used vat virtual timestamps Packet audio was encoded
in 8-KHz PCM mode and the packetization unit time was
2 Background 20 ms. The sending and receiving hosts, the start time and
date of the trace, the trace length, and an indication of
As discussed above, a receiving site in an audio appliwhether packets were sent as unicast or multicast packets
cation typically buffers packets and delays their playoutare indicated in Table 1. Traces 4, 5, and 6 are from our
[ACBOS93, Mon83] in order to compensate for variable net-earlier work, and are described further in [RKTS94]. Traces
work delays. The playout delay can be constant throughoul through 3 are new traces consisting of the transmission
the entire audio session or can be adaptively adjusted duringf the audio component of a recording with both female
the session from one talkspurt to the next. In the Internetand male voices. Figures 1-3 are all taken from Trace 1 in
end-to-end delays fluctuate significantly [Bol93, SGAJ93] Table 1.
and a constant, non-adaptive, playout delay would thus likely ~Delay spikes are evident in Figs.1, 2, and 3. Figure 1
yield unsatisfactory audio quality for interactive audio appli- shows a spike whose delay is less than an order of magnitude
cations. There are two approaches for adaptive playout adgreater than other “baseline” delays and whose duration is
justment: per-talkspurt and per-packet adjustment. The forshort enough to be contained in a single talkspurt. Figures 2
mer approach uses the same playout delay throughout a tallend 3 show larger spikes with delay peaks that are almost an
spurt (and, as a result, faithfully reconstructs the original pe-order of magnitude larger than the “baseline” delays. A large
riodic nature of the received audio data from the sender), buspike can either be contained in one talkspurt, as in Fig. 2,
allows different playout delays from one talkspurt to another.or can span several talkspurts, as in Fig.3. In Trace 1 of
While this may result in artificially elongated or compressedTable 1, there are 23 such conspicuously large spikes; 10 of
silence periods, this is not noticeable in played-out speech
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Table 1. Trace details

Trace #| Sender Receiver Start time(Sender) Duration Multicast
1 UMass GMD Fokus 08:41pm 6/27/95(Tu) 1348 secs No

2 UMass GMD Fokus 09:58am 7/21/95(Fr) 1323 secs  Yes

3 UMass GMD Fokus  11:05am 7/21/95(Fr) 1040 secs No

4 INRIA  UMass 09:20pm 8/26/93(Th) 580 secs No

5 ucCl INRIA 09:00pm 9/18/93(Sa) 1091 secs No

6 UMass Osaka Univ.  00:35am 9/24/93(Fr) 649 secs No

these are contained in one talkspurt, 9 span two talkspurts, Note that when a delay spike is properly contained within
and the remaining 4 span three talkspurts. a talkspurt, the next opportunity to change the playout de-
Previous studies [Bol93, SGAJ93, RKTS94] have indi- lay (i.e., at the beginning of the next talkspurt) occafter
cated the presence of “spikes” in end-to-end Internet delayshe delay spike terminates. In such a case, it is not possible
Bolot [Bol93] conjectures that, with periodically generated to adaptively react to the delay spike, since the delay spike
packets (as is the case with our audio packets and as was already over (i.e., the delay has returned to its baseline
the case in [Bol93, SGAJ93, RKTS94]), the initial steep risevalue) by the next talkspurt and any packets that were so
in the delay spike and the linear, monotonic decrease spikexcessively delayed during the delay spike that they missed
after the initial rise, is due to “probe compression” — the ac-their playout time have already been lost. In cases where a
cumulation of a number of packets from the connection un-delay spike spans multiple talkspurts, howevers iadvan-
der consideration (the audio session, in our case) in a routedageous to quickly react to the delay spike, as discussed in
gueue behind a large number of packets from other source$RKTS94]. Note also that the “baseline” delays fluctuate less
We note that probe compression is a plausibbmjecture  compared to spikes and as a result their delay distribution
about the cause(s) of delay spikes. Validation of this con-does not change significantly over time.
jecture would require careful measurements of packet traffic  These two observations form the basis for the new delay
and its delay at the routers where congestion occurs. Ouadaptation algorithm to be presented in Sect. 4. First, how-
work [KKT96] discusses the many difficulties involved in ever, we address the question of determining the playout
making such measurements without privileged access to thdelays incurred under a theoretically optimum playout delay
routers. adjustment algorithm. We do this in the following section.
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3 Optimum average playout delay If there areN packets in a trace and, among theN{(,A)
packets are played out under Algorithi) the loss percent-
In previous works [Coh77, Mon83, WF83, RKTS94], the agel is:
tradeoff between the average playout delay and loss due _ N(4)
to late packet arrival is used as the performance measure= — 7
in comparing one adaptive playout delay adjustment algo-
rithm with anothe — a tradeoff which we also use in this Our goal in this section is to present a bound on the opti-
paper. We have chosen to consider loss and delay on a pemum (minimum) average playout delay for a given number
packet rather than per-talkspurt basis for two reasons. Firspf packet losses (due to late arrivals) at the receiver for a
we note that the lengths of talkspurts depend on silence degiven packet delay trace. To illustrate this problem, suppose
tection algorithms and their parameters. Per-talkspurt resulte/e are given a trace of sender and receiver timestamps of
are thus closely tied to the silence detection algorithm usedaudio packets in an audio session. Suppose now that we
More importantly, different talkspurts have different lengths. are free to set the playout delays of the various talkspurts to
One might argue that, in determining an overall performancevhatever values we choose such that only one packet (in the
measure, per-talkspurt measures could be weighted by thentire trace) will be lost. That is, we want to lose a packet,
length of the talkspurt. In a sense, we are already doingso that the average playout delay over all played-out packets
so by considering individual per-packet delay and loss meain the trace is minimized. This provides a bound on the av-
sures, and requiring that all packets within the same talkspurérage delay achievable any delay adjustment algorithm,
be played out periodically. given that only one out of all the received packets in the
Here, a playout delay (or, more accurately, end-to-endrace is lost. We then repeat this procedure for two packet
application-to-application delay) is defined to be the differ- losses, and so on.
ence between the playout time at the receiver and the gen- The obvious way to calculate the exact minimum bound
eration time at the sender. We refer to Fig.4 to show thes as follows: for a given number of dropped packets, 5ay
timing information of audio packets and formally define the determine all possible configurationsiolost packets, com-

x 100,

average playout delay. pute the average playout delay for each configuration, and
Consider a trace consisting aff talkspurts. We define compute the minimum of these average playout delays. The
the following quantities: number of computations of lost packets grows exponen-

tially in V. We reduce the computational cost by instead de-

= ;- sender timestamp of theth packet in thek-th talk- riving upper and lower bounds on the optimum (minimum)

spurt. . .
o . . . . ) playout delay for a given loss percentage, that requires an
?;lk;gﬁ?tlver timestamp of theé-th packet in thek-th amount of computation that is polynomial in the number of

— ng: number of packets in thé-th talkspurt. Here, we packets in the trace.
k. ; P purt. ' Section 3.1 provides the background needed for present-
only consider those packets actually received at the re:

ceiver Ing these algorithms and defines our notation. In Sects. 3.2
_ N total number of packets in a trach, = Zﬁilnk- and 3.3, we describe our approach in detail.

The playout time of a packet depends on which algorithm
is used at the receiver to estimate the playout delay of th&.1 General overview
packet. Consider a playout algorithth Thenp (A) is the
playout timestamp of thé-th packet in thek-th talkspurt  Below we introduce additional terminology to be used in
under A. When it is obvious which algorithm is used, we following sections.
omit the parameted. If the i-th packet of thek-th talkspurt

arrives later thamt (A) (i.e., pi.(A) < al), it is considered - di: delay between the generation of th¢h packet of
lost. Otherwise, it is played out with the playout delay of  the k-th talkspurt at the sender and its reception at the
(pi(A) —ti). Letri(A) be an indicator variable for whether receiver, namelyli = ai, —ti. We do not need to assume
thei-th packet of thek-th talkspurt arrives before its playout that the sender and receiver clocks are synchronized, but
time, as computed by playout algoriths do need to assume that they do not drift.
v (A) = {07 if pi(4) <aj TR M

§ 1, otherwise — di: normalized delay of the-th packet of thek-th talk-
The total number of packets played out under AlgoritAm spurt. This accounts only for the variable portion of
is denoted asv(A) and computed using’.(A): the end-to-end delay. We will use this normalized delay

(rather tharﬁ;‘c) in calculating the bounds of the optimum

M o average playout delay,
NA) =) riA). L
k=1 i=1 k= dp —d.

Thgnf_thedaverage playout delay of those played-out packets_ 4(0) . ;.th smallest normalized delay in tieth talkspurt.
is defined as:

1 Mo Recall that the playout delay of all packets in the
= ri(A)(pL(A) — th). th talkspurt should be theamedue to the periodic nature
N(A) ;; g g g of packet generation within a talkspurt at the sender and
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periodic playout at the receiver. Given an algoritbtnwe  spurts in a collision are allowed to overlap. Note that this

denote the playout delay of theth talkspurt a®;(A). The  underestimates the optimum average playout delay (since, in

playout time of thei-th packet in thek-th talkspurt is then:  practice, some talkspurts would be further delayed in order
to avoid overlapping packets from different talkspurts), and

7 — 4t ~
pi(A) = t), + pr(A). 1) thus represents a potentially unachievable lower bound on
In later sections, where there is no confusion about whicHthe minimum playout delay for a given loss. Later we will
algorithm is used, we will denotgy, (A) simply asp;. account for collisions. Our algorithms are based on dynamic

To successfully play outpackets from thé-th talkspurt, ~Programming [Ber87].
at leasti packets during thé-th talkspurt must arrive before
their playout time calculated by Eq. 1. To achieve this goal,
the playout delay of an algorithm must be set to be larger3.2 Off-line algorithm without collisions

than or at least equal ta}g). In practice (i.e., in an actual ] ) ) )
Our first algorithm provides a lower bound of the optimum

n-line implementation)d!® cann known in advan ;
0 € implementation)d,” cannot be kno advance average playout delay for a given loss percentage. Recall that

before all the packets belonging to theh talkspurt arrive, .. / . . o e
but pi (A) musfoften be dete?mi%ed before thepse packets ar!—t is obtained by ignoring additional delays due to collisions,

rive. Since our bounding algorithms are off-line algorithms, !{ﬁé‘éngsefeucér%f t‘;?fstﬂlr(fgur:gfé%r:]%igfé%mvﬂglgggﬁtgat of
we assume thati, anda; are available at the start of their quen P . et
: to be the minimum average playout delay possible when
executions. choosing: packets to be played out from tlteth to M-th
The packet arrival times in a talkspurt are not the only g p play

guantities that determine the playout delay. The long playou alk_spurts. Using dynamic programming, calculatingl, ?)
delay of one talkspurt may force the playout of packets oft(i/rgrgoén Oléoé\ij tg(ejgiat?;troesls()wg:(;%%ligdzso2]Eh1eo%%rggvmvn
the subsequent talkspurt to be further delayed. For exampl b 00/9 Itl'o g ib dyb the f ”p . 9 i

consider a playout delay algorithrh. Assume that, in order 0. 1L 1S described Dy the Tollowing equation.

to play out all packets contained in theth and ¢ + 1)-th 0, if i=0

talkspurts, algorithmA sets the playout delays.(A) and dg), if k=M and i<ny

Pre1(A) to ") and d\"42), respectively. The playout time D(eiy=4d 00 if k=M and i>ny

of the first packet in thek(+1)-th talkspurtp} ,,(A), becomes ’ min (((i — )D(k+1,i — 5) +jd(j))/i>

t1,1 + Pr+1(A). If the playout time of the first packet of the 0<j<i \ ’ k ’

(k + 1)-th talkspurt comes before the playout time of the last otherwise

packet of thdf'-th_talkspurt, Le i +Pk(A) > tg +hr(A), In the following theorem, we prove thdd(k, ) in Eq. 3
then the beginning of thek(+ 1)-th talkspurt overlaps the i the minimum average playout delay when choosing

end_ o_f thek-th talkspurt at the receiver. We refer to thi_s_as apackets fromk-th to M-th talkspurts to be played out, for
collision of the k-th and ¢ + 1)-th talkspurts. The condition 14 case that collisions are ignored.

for a collision can be summarized as

e o4 A A Theorem 1. D(k, 1) is the minimum average playout delay
k 1 )

B+ De(A) >ty + Pra(4), - OF of choosingi packets to be played out frofth to M-th

Pr(A) > (toag — %) + Prea(A). (2)  talkspurts.

In order to avoid such collisions, the playout delay of the pygof. Assume thatD(z, y) is minimal fork +1 < z <
subsequent talkspurt must be increased. Note that coIIisionM, 0 <y <i—1, but thatD(k, ) obtained via Eq. 3 is not.
can occur in a cascade when the above collision conditiorHere,j packets are chosen from theth talkspurt with the
persists over several talkspurts in a row. We call such dlayout delay to be”, and ¢ — j) packets from k+1)-th to

sequence of collisions epllision train M-th talkspurts. Thosei (- j) packets have a playout dela
In order to provide a lower bound of the optimum aver- ¢ D(k + 1[:; _ J) Thus Cp Pay y

age playout delay, we first simplify the problem by ignor- 4
ing the effect of collisions and assume that packets of talk<D(k, i) > (jdgj) +@—5)Dk+1i—7),
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which contradicts the definition ab(k, ¢) in Eq. 3, namely — s,(9): difference in the sender timestamps of the last
that: packet played out from the-th talkspurt and of the first
) L . . ) packet from the X + 1)-th talkspurt, givers. This value
gdii + (@ =)Dk + 1,0 — 5) = iD(k, 7). is used in adjusting the playout delay in the case of a
Thus, D(k, 1) is minimal. [ ] collision. It is given as

O, if'k:.ZM,Sk:@7 orSk+1_:®
min{t},, 1 i € Sps1} —max{t) i € Sk},
otherwise

) ) . . s5,(S) =
3.3 Off-line algorithm with collisions

The second algorithm computes an upper bound on the op-
timum average playout delay. It relies on dynamic program- riod at the sender between theth and & + 1)-th talk-
ming as in Sect. 3.2, but is more complicated due to the spurts consisting of;, and S;.1, respectively.

manner in which it accounts for collisions. In the first algo- — p,(S): playout delay of the-th talkspurt when the play-
rithm, the playout delay of a talkspurt is simp#{f’, givenk out vector isS. It differs from d{**" in the case of a
andi at each step of computation in Eqg. 3. To take collisions  collision. It is given by the following recursion:

into account, condition 2 is checked for evénand: in the

second algorithm. If there is a collision, the playout delay 0, if Sx=0,

sx(S) can be interpreted as the length of the silence pe-

of the latter of the two colliding talkspurts is adjusted to a d(l‘sl‘), if k=1

larger value to avoid a collision. Checking condition 2 for Pe(S) = (1Sk) A 4)
o - o max{d,,”"", pr_1(S) — sx-1(9)},

collisions requires not only the playout delays of two adja otherwise

cent talkspurts but also the sender timestamps of the last and
first packets of each talkspurt. The identity of the first and
last packets played out in a given talkspurt vary, depending
on which packets are chosen by the bounding algorithm to
be played out. To track those packets played out at every
step of the computation, we introduce the veofd(k, i),
whose components are the sets of packets belonging to talk-
spurtsk, ..., M that are played out. Herédenotes the total
number of packets contained within these sets.

An informal description for the second algorithm is as
follows. Define D(k,i) as before. Giverk and i, assume M
that D(z,y) is known fork+1 <2z < M,0<y <i—1. N _ A N A
The calculation ofD(k,i) consists of choosing packets AS k. j) = ;ﬂ'sﬂ(px(sue’“(ls’“"j)) b:(S)- )
from the k-th talkspurt, andi(— j) packets from thek(+ 1)- =
th to M-th talkspurts to be played out so as to minimize

If a collision has occurred, the playout delay(S) be-
comespy_1(S) — sp_1(S). It is dgsk‘) otherwise.
A(S, k, j): sum of the increases in the playout delays
incurred in the § + 1)-th to M -th talkspurts from colli-
sions due to the introduction gf additional packets to
be played out in the-th, talkspurt given that the play-
out vector was originall\s. It is given by the following
expression.

If the introduction of j additional packets to thé-th

the average playout delay of those packets. If playingjout
packets from thé:-th talkspurt results in a collision between
k-th and & + 1)-th talkspurts, then the playout delay of the

talkspurt incurs collisions, the playout delays of tter(
1)-th to the last talkspurts in a collision train become
larger. The difference between the new larger playout

(k+1)-th talkspurt becomes larger and is accounted for when
calculating the average playout delay. Choosjngackets
from the k-th talkspurt may cause a cascade of collisions, in
which case the playout delays are increased for all talkspurts
involved in the collision, and if so, more delays are added

delay and the original playout delay of the talkspurt is

multiplied by the number of packets chosen from that

talkspurt. These values are summed to obtain the total
amount of additional playout delay.

to calculate the average playout deléy(k, :) records which

packets are chosen for the minimum total sum at this steps .

of computation.

Let us now introduce the additional notation used in the

second algorithm. Throughou® = (S1,...,Sk,...,Sum) iS
an M-dimensional vector, wher§j, C {1,...,n;} is a set
of packets from the:-th talkspurt. If|Si| = I, thenS, con-
tains the identities (indices) of tligpackets with thé small-
est normalized delays in the-th talkspurt. HenceforthS
will be referred to as a playout vector. L@i(i, j) be anM -

dimensional vector whose components are all the empty set,

(), except for thek-th component which is the set of pack-
ets with the (+ 1)-th through {+ j5)-th smallest normalized
delays in the:-th talkspurt. Last, ifSandX are playout vec-
tors whose components are sets, ti¥n X is understood

D(k,i) =

In the second algorithm, not on(k, 7) but alsoC'(k, 7)
alculated at each step of computation. The equations for

D(k,7) andC(k, 1) are as follows:

0, ifi=0
dP, if k=M,i <ny
o0, ifk:M7i>nM

o N . ~(6)
min (sz)D(k+1ﬂfJ)+Jdk_ +A(C(k+1,i—3),k,5)
0<j<i i ’

otherwise

The only difference between Eqgs. 3 and 6 of the two bound-
ing algorithms is the extra terzd() in Eq. 6, which accounts

to be the vector whose components are the unions of thér the extra delays incurred by collisions.

components irs and X.



©,...,0), ifi=0
ek(oa i), if k=M,i<npy
ek‘(oanW)a if k:]V[,Z>TLM

Clk+1:1—j5)Ue0,)

C(k,7) = wherej = arg min (7
i<i

b

Whenj out of i packets are chosen from tleth talkspurt

for someD(k, ), the indices of those packets aregi(0, j).

The union ofe, (0, j) andC(k+1,i—j) is assigned t@'(k, 7).
The second algorithm accounts for the collisions in its

(i—f)D(k+1,i—j)+jdP+ A(C(k+1,i—j),k.5)
i

otherwise
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used later in Sect. 4.4 to compare the performance of various
on-line adaptive algorithms.

4 On-line adaptive algorithm based on past history

In this section we present a new adaptive, on-line playout de-
lay algorithm and discuss its motivation, design, and imple-
mentation. In Sect. 4.1, our observations regarding existing
playout delay algorithms, and how they motivated the design
of a new algorithm, are discussed. In Sect. 4.2, the new algo-
rithm is presented in pseudo-code. In Sect. 4.3, we look into
the implementation issues of the algorithm. In Sect. 4.4, we

calculation, but does not generate the exact optimum averagéompare the new algorithm with others and with the bounds
playout delay. A close look at Eq. 6 reveals why. Consider apresented in Sect. 3.

case, where, for somB(k, i) resulting from the algorithm,
j packets are played out from ttieth talkspurt and cause
a collision between thé-th and ¢ + 1)-th talkspurt. The
j packets from thek-th talkspurt chosen to be played out
are those with thg smallest normalized playout delays. The
algorithm thus doesot consider the case where playing out
some othey packets from thé-th talkspurt would not incur
a collision (or as severe a collision) to theH1)-th talkspurt.

It is worth noting that it is not necessary to keep track
of the identities of every packet to be played outi(¥, 7).

4.1 Motivation

Let us first consider the playout delay adjustment algorithms
Algorithm 1 and Algorithm 4 from [RKTS94]. We renum-
ber these as Algorithms 1 and 2 in this paper. These two
algorithms are based on stochastic gradient algorithms used
in estimation and control theory [LS83] and operate by es-
timating two statistics characterizing the network delay in-

It suffices to keep track of the number of packets in eachcurred by audio packets: the delay itself, and a variational
talkspurt, the normalized delays, and the sender timestamg®easure of the observed delays. Each of these estimates is
of the earliest and latest of the packets being played out. Wwéecomputed each time a new packet arrives.

found it simpler to present the algorithm as described above.

3.4 Computational complexity

The time complexity of the first algorithm i©(M - N?)
and the space complexity i9(M - N). The total number
of packets in a tracely, easily exceeds 30,000 for a trace
lasting longer than 10min. A closer look at Eq. 3 reveals

a = 0.998002
4l = adl T+ (1— a)dl
ol = a@;_l +(1—-a)|at —d

Fig. 5. Algorithm 1

that j can vary only from O to maxy<a{ns} in a real
trace. If all talkspurts but one, in a trace, contain only one
packet, then max < {nx} is approximatelyN, and the
time and space complexities are as indicated above. On th
other hand, if all talkspurts in a trace have the same numbe
of packets, then magkgMgnk} is N/M. This decreases
the time complexity taO(/N<). The space complexity also
reduces taO(N).

The second algorithm has higher time and space com
plexities; the time complexity i©)(1/? - N?), and the space
complexity alsoO(M? - N?).

In some cases, it is possible to partition talkspurts into
groups such that no two talkspurts from different groups
collide. In this case, we can apply the second bounding al
gorithm to groups, and treat groups as talkspurts under th
first bounding algorithm to obtain the upper bounds. This
two-step computation can be used to reduce the algorithm’
running time. If such a grouping eventually yields groups
with only one talkspurt, the exact optimum average playout
delay is calculated using the first bounding algorithm for the
trace.

In this section, we have introduced two algorithms that

IF (mode == NORMAL)
IF (|di, — d; | >
var =0;
mode = SPIKE;
ELSE
var =var /2 + |(c2}7c —di /8 +(d:
IF (var < 63)
njiodze :Ali\lolRMAL;
i
k k
return;
IF (mode == NORMAL)
i =0.125% di, +0.875x a;

a;’;ly « 2 +800)

e
;
—d%/8);

ELSE
roab=altedl —dih
B :20'1?.51‘ di —ai | +0875x 9.1
1—& — J1—
dy = dy
T4 =
Sd=d.

return;

Fig. 6. Algorithm 2

Algorithms 1 and 2 are in [RKTS94], but are presented

provide the lower and upper bounds on the optimum averagéere for completeness. Lef, ‘and <}, be an estimate of the

playout delay. The results from these two algorithms will be

packet delay and variational measure of thth packet of
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Fig. 7. Delay estimates of three algorithms

the k-th talkspurt. At the beginning of a new talkspurt, the
playout delaypy, is estimated as follows:

P = gt + Bt (8)

Here, is a variation coefficient and provides some slack in
playout delay for arriving packets. The larger the coefficient,
the more packets that are played out at the expense of long
playout delays. It is thus a parameter which can be used t

control the delay/loss tradeoff incurred under Algorithms 1
and 2. It is used as such later in our simulations.

Algorithms 1 and 2 both use Eqg. 8 to determine the play-

out delay for a talkspurt; they only differ in how they cal-
culate«}, and . The algorithms themselves are given in
Figs.5 and 6.

Algorithm 1 is a linear filter that is slow in catching up

with a change in delays, but is good at maintaining a steady

value, when (1 «), the gain of the estimator, is set to be
very low. We use a specific value af = 0.998002 chosen
for NeVoT1.4 in our simulations. The choice afis further
discussed in Sect. 4.4

Algorithm 2 shown in Fig. 6 has two modes of operation,
depending on whether a spike has been detected. In norm
mode, it operates like Algorithm 1 with a different gain, but
in spike-detection modey: is updated differently.

Figure 7 plots the playout delay of Algorithms 1 and
2, as well as that of our new algorithm, Algorithm 3 (to

for this high-delay talkspurt is such that no packets are lost.
In the following talkspurt, however, the playout delay is
underestimated by Algorithm 2 and many packets are lost.
The problem here is that Algorithm 2 attempts to track the
network delays too closely and loses packets whenever its
delay estimate is small, and the following talkspurt begins
with packets that have suffered an even slightly higher delay
(i.e, the talkspurt beginning near time 16 and beyond). In the
following section, we discuss the design of a new algorithm
based on these observations.

(1) IF (mode == SPIKE)
(2 IF (dz.c < tail * old _d) /* the end of a spike */
(3 mode == NORMAL;
(4) ELSE
(5 IF (cf}'C > head* p;)  /* the beginning of a spike */
( 6) mode = SPIKE;
(7 old _d = pg; /* savep}, to detect the end
of a spike later */

(8) ELSE
(9 IF (delays[curr  _pos] < curr _delay )
(10) count -= 1 ;
(11) distr  _fen[delaysfcurr  _pos]] = 1
(12) delays [curr _pos]=d;;
(13) curr  _pos = (curr _pos+1) % w;
(1) distr  fen[ di] += 1;

er(15) IF (delays[curr  _pos ] < curr _delay )
(16) count += 1 ;

P (17 WHILE (count < w x q)
(18) curr _delay += unit
(19) count += distr _fen[curr  _pos] ;
(20) WHILE (count > w x Q)
(21) curr _delay -= unit
(22) count -= distr _fen[curr  _pos] ;

Fig. 8. Algorithm 3

@
(2
(3)
4
al
Fig. 9. Playout Delay Estimation of Algorithm 3

IF (mode == SPIKE)
Dr = u?/i;

ELSE (mode == NORMAL)
pr =curr _delay ;

be described shortly), for a given delay trace. In Fig. 7, the4.2 Design
x-axis indicates the elapsed time since the beginning of a
session. A diamond plots the end-to-end queueing delay ofet us first informally describe Algorithm 3. The key idea

a packet received at that point in time. Solid rectangles de

behind our new algorithm is to collect statistics on packets

lineate talkspurt boundaries. The playout delay computed byhat have already arrived and to use them to estimate the
each of the three algorithms is indicated by a horizontal lineplayout delay. Instead of using the linear filter mechanism,

that is as long (in the x-dimension) as the talkspurt.

each packet’s delay is logged and the distribution of packet

From the figure, we see that Algorithm 1 computes thedelays is updated at every packet arrival. When a new talk-
playout delay in such a way that the playout delay begins tespurt starts, our algorithm calculates a given percentile point
increase only well after the delay spike has occurred. Notey in the distribution function of the packet delays for the last
that, under Algorithm 1, the packets at the beginning of thew packets, and uses it as the playout delay for the new talk-
talkspurt beginning at approximately 13s are lost. This isspurt. As in Algorithm 2, Algorithm 3 detects spikes and
because Algorithm 1 uses a delay estimator that reacts tobehaves accordingly: once a spike is detected, it stops col-

slowly to delay spikes. Algorithm 2, on the other hand, com-

lecting packet delays and follows the spike until it detects

putes a playout delay that reacts quickly to the delay spikethe end of a spike. Upon detecting the end of a delay spike,

For example, the playout delay computed via Algorithm 2

it resumes its normal operation. As shown in Sect. 2, the
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delays of packets in a spike decrease in a linear fashiom.3 Implementation
Thus, it is reasonable to use the delay of the first packet of
a talkspurt as the playout delay for the talkspurt, if a newAll of the algorithms are executed every time a packet ar-
talkspurt begins during a spike. In the next paragraph, weives at the receiver. Since the packetization interval of audio
give a high-level description of the algorithm. For ease ofpackets varies from 16 ms to 32 ms [Jay80], the algorithms
understanding, the algorithm is presented in C-language-likehould be efficient enough to run 30-60 times a second and
pseudo code in Fig.8, and is referred to during the desigmeed to leave enough processing power for other activities.
description below. For Algorithm 3, lines 9-22 consist primarily of updating
Algorithm 3 operates in two modes. For every packet thatcounters, and are integer operations. Theoretically, its time
arrives at the receiver, the algorithm checks the current modeomplexity is proportional to the number of packet delays,
and, if necessary, switches its mode to the other in lines 1-W, that are stored. However, since most delay distributions
of Fig. 8. Lines 9-22 update the delay distribution in normalare bell-shaped (Fig. 10 plots these distributions from our six
mode. If a packet arrives with a delay that is larger than soméraces), it is expected to execute only a few loops, and thus,
multiple of the current playout delay, the algorithm switchesin practice, we expect that the time complexity per packet
to spike-detection mode. The end of a spike is detected irfor this algorithm to be constant.
a similar way: if the delay of a newly arrived packet is less
than some multiple of the playout delay before the current _ _ _
spike, the mode is set back to normal. Two paramédieesl (1) WHILE (there is a packet in a trace filg)
. . . . . ) fetch a packet;
andtail are used in lines 5 and 2 of Fig. 8 in detecting the @) first checkpoint;
beginning and end of a spike. To determine the sensitivity (4) packet processing of the algorithm:
of the algorithm to these parameters, we vatheddfrom 2 (5) second checkpoint;
to 20 andtail from 1 to 4 and evaluated Algorithm 3 using
our delay traces. We found the algorithm to be relativelyFig. 11. Playout delay estimation of Algorithm 3
insensitive to values dfieadbetween 2 and 10, and il

between 1 to 3. We chose 4 and 2 foead and tail in To verify our hypothesis, a simple experiment was de-
our simulations, as multiplication by powers of 2 can bevised to measure the running time of our algorithm as well
implemented as shift operations. as that of Algorithm 1. Our measurements were performed

Depending on the current mode, the playout delay foras shown in Fig. 11. The difference in time between the first
the next talkspurt is estimated differently in each mode, asand second checkpoints is accumulated over the entire trace
shown in Fig. 9. In spike-detection mode, the delay of theof packets and the sum is divided by the number of pack-
first packet of a talkspurt becomes the estimated playout deets in a trace. We ran the simulator on an SGI Indy R4600
lay for the talkspurt. Otherwiseurr _delay , which isthe (134-MHz) IRIX 5.2 and used thgettimeofday() Ssys-
given percentile point of delay based on previous statisticiem call for checkpointing. If the simulator is interrupted by
of packet delays, is used. other processes between two checkpoints, the time differ-

ence between two checkpoints includes not only the running
time of our simulator, but also that of other processes. This
impedes the exact measurement of algorithm running time,
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and affects both algorithms. To minimize the effect of this 10,000 times was measured. All experiments on six traces
extraneous measurement, our experiments were run undgave the same order of magnitude value under20fr the
light loads, and also to checkpoint not per packet but ratheper-packet processing of the algorith- a relatively small
per 10000 packets. In addition we performed the same meamount of time given that packets are generated every 20 ms.
surement for the case that the time to execute the algorithrAlgorithm 1 was also simulated and run through the same
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set of experiments. We found no significant difference in theaverage playout delay of Algorithms 1-3 is also normalized
running times of Algorithms 1 and 3. by subtractingd from it; these normalized average playout
The space complexity of Algorithm 3 is linear m be-  delays are plotted in the figures. The lower and upper bounds
cause delays of the previouspackets must be stored. The of the optimum average playout delay are always below the
length of the history determines how sensitive the algorithmgraphs of Algorithms 1-3, since they are the theoretically
is in adapting to the change. If it is too short, the algorithm optimum (minimum) bounds of the average playout delay
will have a myopic view of the past and is likely to produce for any given loss percentage. Algorithms 1-3 yield a single
a poor estimate of the playout delay. If it is too long, the point on the graph of an average playout delay versus a loss
algorithm will keep track of an unnecessarily large amountpercentage for a fixed control parameter (variation coeffi-
of past history. One potential weakness of our algorithm iscient or percentile point). The graphs of Algorithms 1-3 are
that it may be slow to adapt to a steady increase or decreasfrawn by connecting a finite set of those points.
in the “baseline” delays in the case of clock drifts. The deci-  Qur figures illustrate several interesting points. First, note
sion on the length of history was made after evaluating thehat the upper and lower bounds on the optimum playout
algorithm with different lengths of history. For lengths of delay versus loss tradeoff are quite close, as long as the
history below 10,000 packets, the performance degraded dgss percentage is 1% or more. Egs.3 and 6 thus provide
the length became shorter. Above 10,000 packets, any pekery tight lower and upper bounds on the optimum average
formance enhancement was marginal. Thus, in the resultglayout delay for loss percentages in the range of interest.
reported in the following section, the length of history Trace 2 in Fig. 13 was collected between two multicast
is set to 10,000 packets, corresponding to 200s of time irsites on the MBone during busy hours. The network loss
the absence of silence periods. This results in a memory repercentage between the sender and the receiver is a hor-
quirement of 40,000 bytes with 4-byte integera negligible  rendously high 58%. It also has a long blackout period of
amount of memory in today’s workstations. almost 2min, when no packets arrived at the sender. This
blackout phenomenon on the MBone is reported in [YKT].
Trace 3 in Fig. 14 was also collected during busy hours,
4.4 Comparison of delay adaptation algorithms with boundsbut using unicast connections over the Internet. It suffered
a network loss percentage of 17%, which is far lower than
As mentioned in the introduction to this paper, the perfor-that of Trace 2, but still far from the desirable range of 2—
mance metric we use to compare different delay adaptatio®%. For Trace 3, all three algorithms show similar average
algorithms is the average playout delay vs. loss percentagglayout delays near 0.35s on the y-axis for marked points.
To evaluate Algorithms 1-3, we designed and implemented a  In Figs. 1517, Algorithm 3 performs best in all points,
simulator that reads in the sender and receiver timestamps ofearly touching the optimum delay in Fig.16. All four
each packet from a trace, determines if it has arrived beforenarked points on the graphs are close in their y-coordinates,
the playout time that is computed by a specific algorithm,but their x-coordinates are somewhat dispersed. The marked
and executes the algorithm. The simulator calculates the avpoints of Algorithm 2 are consistently positioned to the right
erage playout delay and loss percentage for the given tracef other marked points on the x-axis, which means it drops
and outputs them. This allows us to compare the algorithmsnore packets due to late arrival for a given playout delay.
under the same conditions. This verifies our previous observation that Algorithm 2 un-
In Figs.12-17, the average playout delay is plotted aslerestimates the playout delay after spikes.
a function of the loss percentage for each algorithm. In the
absence of any specific reference, all figures mentioned in
this section are Figs.12-17. 5 Conclusion
For Algorithms 1 and 2, instead of using the buffer size
as the control parameter to be varied to achieve different lostn this paper, we have focused on the tradeoff between
percentages (as was done in [RKTS94]), we here vasied packet playout delay and packet playout loss. We presented
in Eq.8. The range of values fgt varies from 1 to 20 in  algorithms for computing upper and lower bounds on the op-
our simulations. In Figs. 12-17, a diamond for Algorithm 1 timum (minimum) average playout delay for a given number
and a plus for Algorithm 2 are used explicitly to mark the of packet losses (due to late arrivals) at the receiver for a
[ value of 4, which was used in [RKTS94]. given trace of packet delays. These bounds were shown to
For Algorithm 1, we ran a set of simulations to deter- be tight for a range of loss and delay values of interest,
mine the sensitivity of the algorithm to the value ®f For  and are important, as they provide a bound on the achiev-
090 < a < 0.999, the algorithm’s performance did not able performance adiny adaptive playout delay adjustment
change dramatically. For < 0.90, however, the perfor- algorithm. We also presented a new adaptive delay adjust-
mance degraded. The specific value of 0.998002 was chosenent algorithm that tracks the network delay of recently
for NeVoT1.4, and we used this value in our simulations. received packets and efficiently maintains delay percentile
Since Algorithm 3 does not use the mean or variationalinformation. Our new algorithm was shown to outperform
measure, it is parametrized by the percentile point of 50-existing delay adjustment algorithms over a number of mea-
100% on the figures. On the graphs of Algorithm 3, 99% sured audio delay traces and performs close to the theoretical
and 97% points are marked with a square and a cross, reptimum over a range of parameter values of interest.
spectively.
As the algorithms for bounding performance use normal-
ized delays in their calculation of average playout delay, the
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