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Abstract

Statistical multiplexing in packet-switched networks creates
problems for packetized voice streams by introducing variable
delays on delivered packets. The resulting jitter needs to be fil-
tered so that received voice packets can be reconstructed as a
continuous stream at the receiver. One common approach to
reconstruction is to play back the received voice data after a
delay offset from the departure time at the source of the packet
stream. While the added delay helps filter jitter, one cannot
introduce too much delay, otherwise, interactiveness suffers.
This paper presents a new technique to find the necessary delay
offset (or play-back delay) to recreate the original voice data
stream. This technique gives the user control over the fraction
of packets that should arrive in time to be played back so that
the added play-back delay can be effectively minimized.

1. Introduction

A significant technical problem created by the integration
of voice and data in a packet-switched network is the recon-
struction of voice data at a receiver as a continuous stream [2, 5,
8, 9]. This is generally done by playing back the voice data after
a delay offset from the departure time at the source of the voice
data stream. This delay offset is called the play-back delay, and
it is an estimate for the upper bound on delay a packet may
experience.

If the network imposes a bounded delay, a fixed play-back
delay may suffice. A fixed play-back delay could be set to a
value large enough so that all packets arrive in time to be played
back, but small enough so that humans would not be disturbed
by the added delay. Some techniques have been proposed to
guarantee upper bounds for delay in packet-switched networks
[1, 3, 4, 6, 10, 11]. Unfortunately, these guarantees are not yet
available as a common service in present networks.

Therefore (at least until such services become available),
an alternative approach is to define a play-back delay that meets
some more modest performance goal. For example, the user
may be willing to accept some audio quality degradation in
exchange for a smaller play-back delay. Thus, instead of trying
to play all the received voice data, the play-back delay would be
set to a value such that the likelihood that some minimum frac-
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tion of all packets would arrive in time to be played is maxi-
mized. Packets that arrived late would simply be discarded.

We present an improved technique to find the necessary
play-back delay to effectively reconstruct the original voice
data stream. The technique allows the user to select the fraction
of packets that should arrive in time to be played. The selected
performance is then used in the calculation of the play-back
delay. Our technique is characterized as rolerant and adaptive
(regarding determination of the play-back delay), according to
the characterization space of real-time networking applications
by Clark et al [1].

2. Model of Delivery

Consider a system where audio data is generated by a
source, packetized, sent over a network, received at the destina-
tion site, and sent to the audio device queue to be played. In this
model, the delay d, of packet n includes all delays the packet
experiences from its generation time to its arrival time at the
audio device queue. The audio device queue arrival time a,, of
packet P,, is related to the delay d,, and generation time g,, by a,,
= g, + d,. The audio device queue interarrival time of packet n
(n 2 1) is then defined by i, =a, -a, ori, =T, +d, -
where T, is the inter-generation time.

In general, each packet arrives with a different delay. The
variation in this delay is called delay jitter. As the packets
arrive, the receiver process has to reconstruct the received
stream of packets into a continuous stream of audio samples,
and send it to the audio device to be played. To do this, a target
play-back delay must be found to compensate for the delay jit-
ter. Each arriving packet is delayed by the difference between
the desired play-back delay and the delay experienced by the
packet. The play-back time of a packet is then defined as the
time the packet will be played. Packets already delayed by
more than the target play-back delay are said to be late and are
generally discarded. Late packets cause the audio device to
starve, creating silent events.

n-1»

3. The VirtualQueue Technique

VirtualQueue provides information on the amount of time
a packet is late or ahead with respect to the (implicitly) calcu-
lated play-back delay. To simplify the presentation, we assume
that the packet voice stream is ordered, without packet losses,
and continuous (i.e., silent intervals are not eliminated from the
packet stream; however, the VirtualQueue technique is usable



with and will certainly take advantage of systems that support
silence suppression, which is now commonly used in most
Internet audijo systems).

Consider the model described in Section 2 with T; =T (j =
0,1,...) and Typurce = Treceiver = 1> the sarr}ple rate of the audio
devices of the sender and receiver, respectively. Suppose that all
received packets are sent immediately to the audio device
queue. Consider an interval of time in which the audio device
has plenty of samples to play (no starvation). Call this interval
of time a non-starvation interval. Let w; be the size of the audio
queue at the time it is about to receive packet P; (i = 0...n):

we =0, w, = Tr-r(a;-ay) s
n

Woins0) = nTr—rZ(aj-—ajh])
3
n

or = nTr—rZ(T+dj—dj_l) since (for j > 0)
1

aj-a;_; = T+d;~d

wn(n >0)

Jj-1-
where T is the inter-generation time of packets and Tr is the
packet size in audio samples. It follows that:

w, = r(dy~d,) [€))]

Equation (1) shows that the delay d,, of all packets in a
non-starvation interval is at most dy, since w,20=4d,<d, .
Besides, the play-back delay of all packets played in the same
non-starvation interval is fixed, and is equal to dj. The
play-back delay Pb, of packet n is:

Po, = d, +w,/r )
since the play-back delay Pb,, of packet n is equal to its delay d,
plus the time necessary to play the amount of audio data found
in the audio device queue (w,) when packet n arrived there.
Therefore, from (1) and (2): Pb,, = d;.

When the audio device queue size reaches zero, a silent
event happens and the non-starvation interval ends. The next
packet to arrive will start a new non-starvation interval, and its
delay will be the new fixed play-back delay for the new
non-starvation interval. The new fixed play-back delay is neces-
sarily larger than dj,.

If there are no packet losses in the network, the play-back
delay of successive non-starvation intervals will increase. If the
delay distribution were bounded, the audio device queue would
eventually reach a non-starvation interval with fixed play-back
delay d,,,,,, where d, . is the maximum delay experienced by a
packet.

Now, suppose we have a virtual audio device that permit-
ted a negative size to its queue. The equation describing the size
of the virtual audio queue would still be equation (1), but now,
valid for all time, independent of the starvation of the virtual
audio device. This means that the delay d; in equation (1)
would always correspond to the delay of the first received
packet. The size of the virtual audio queue just before receiving
a packet describes how much this packet is delayed relative to
the delay d,). If the virtual queue size is zero at this moment, the
present packet has delay equal to dy. If the size is negative (pos-
itive), the packet is delayed by more (less) than d;.

If the delay distribution of received packets were known, it
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would be possible to calculate a play-back delay that met some
performance goal defined by the user. Unfortunately, the delay
distribution is generally not known. However, by recording the
delays of previously received packets, one could approximate
the delay distribution.

Suppose that we simulate the behavior of the virtual audio
device queue. Every received packet is “sent” to the virtual
audio queue at the same time it is sent to the actual audio device
queue. The size of the virtual audio queue is then stored in a list
every time the virtual audio queue is about to receive a packet.
Define the value wq, to be the largest virtual audio queue size
in the saved list for which no more that s% of the saved values
are smaller than wgq. This can be formalized as (Pr means
probability): wsg, = max {w;: Pr{iw <w;} £5%}. But, since wq,
= r(dy - dyq) (this is just equation (1) with d,, = dyq,), it can be
concluded that d,q, is the minimum delay for which at most s%
of the delays of the packets in that list are larger than d,q,, or:

dsg, = min {d; Pr{d 2 d;} £ 5%} 3)

This shows that dgg, is simply the (100 - s)th percentile in
the list of past observed packet delays, and that wyg, is the s
percentile in the list of past saved virtual audio queue sizes. If
we assume that the (100 - s)'h percentile of the delay distribu-
tion of packets is an acceptable performance goal for the
play-back delay, we can define a performance knob (Perf-knob)
to represent this percentile. For instance, if Perf-knob is set to
99% of its maximum scale, it would mean that at least 99% of
all packets should arrive in time to be played, and that at most
1% may be late (i.e., s = 1%), and dropped.

Late packets cause silent events. The percentage of silent
events (PSE) is simply the percentage of packets that caused
silent events relative to the total number of received packets.
Thus, the performance knob can also be seen as implicitly
defining a target maximum PSE (i.e., s = PSE = 100 -
Perf-knob) for the reconstruction process.

VirtualQueue uses a sliding window with M slots to store
the last M virtual audio queue sizes w,. For every packet that
arrives, VirtualQueue stores the virtual audio queue size w, at
the time the packet is about to be sent to the virtual audio queue
(and the actual audio queue); VirtualQueue finds the value wq,
such that wgg, = max {w: the number of virtual audio queue
sizes smaller than w is less than or equal to s% of M}; and Vir-
tualQueue finds the amount ¢ which denotes by how much the
packet is late in units of audio samples. Note that s is set to the
selected PSE. The calculus of ¢ depends on the present size of
the virtual audio queue w, (from which we define that the
arrived packet has delay d,), the present size of the actual audio
queue w,, and the present value of wgg,. If ¢ > 0, the packet is
late by the equivalent amount of time to play the amount ¢ of
audio samples. If ¢ < 0, the packet arrived before its play-back
time and there is not enough audio data in the audio queue to
make the packet begin play-back with the implicitly calculated
play-back delay d;q,. Silent audio data (c silent audio samples)
is inserted in the audio queue immediately followed by the
insertion of this packet to bring the play-back delay to the
desired value (usually done at the beginning of talk spurts).

The number of audio samples ¢ by which a received packet
is late is equal to r(Pb, - dyq,), where Pb, is the play-back delay



the arrived packet will have if it is immediately sent to the

audio device queue upon arrival, and d,q, is the calculated (tar-

get) play-back delay. According to equation (1), d, + (w,, -

wgq,)/r is equal to dyq,. This result, and the fact that Pb, = d, +

w,/r (since the packet is already delayed by d, and in addition

will be delayed by w,/r at the actual audio queue), implies that:
c=w,-(w, - wiq).

To shed light on the algorithm, we study the four situations
an arrived packet can encounter. Note that, if w, = w, the
arrived packet is not late (see equation (1)), since d, < d,q,, and,
if wy < wq, the arrived packet is late, since d, > d,q,. Note also
that a comparison between w, and (w,, - w,q,) can be reduced to
a comparison between (dy + w,/r) and (d, + (w, - wyq,)/r). But
(d, + w,lr) is the play-back delay Pb,, which is equal to dq,.

The four cases are: (1) (w,, 2 wq) and (w, = w,, - wyq).
Thus, d, £ dyq, Pb, = dig, and ¢ = 0. No play-back delay
adjustment is needed; (2) (W, 2 wyq,) and (w, < w,, - w,q). Thus,
d, < dyq,, Pb, < dgq,, and ¢ <0, which indicates that the packet
is ahead of time and could be delayed by the amount ¢; (3) (w,,
2 wgq,) and (wg > wy - wsg,). Thus, d, < dq,, Pb, > dsq,, and ¢ >
0. The packet is not late (since d, < d;q), however, the audio
queue has a fixed play-back delay larger than d,q,. This situa-
tion probably happened because VirtualQueue reduced the
value of d,q, (the target play-back delay), and the audio queue is
showing that it is still playing with the old (and larger)
play-back delay; (4) (wy < wsg,). This implies d, > d;q,, Pb, >
dsqp, and ¢ > 0. Therefore, the packet is late.

To compute the virtual audio queue size, it is necessary to
use the samples converted counter (SCC) typically found on
most audio devices. Its value is incremented at the same rate
that the audio device plays audio samples. This counter runs in
real-time independent of the state of the audio queue (empty or
not). The size of the virtual audio queue is set to zero by record-
ing the initial value of SCC (say, in SCC_init). The present size
of the virtual audio queue is calculated as wy, = sent_audio -
(SCC - SCC_init), where sent_audio is the number of audio
samples already sent to the virtual audio queue. Note that all
packets sent to the virtual audio queue are never clipped or
dropped.

4. Simulations

This section presents simulations of the VirtualQueue tech-
nique to evaluate the effectiveness of the windowing heuristic
(i.e., the sampling of the delay distribution). We compare the
VirtualQueue technique to MeanDev and StDev, upon which
many commonly-found techniques are based. These techniques
use a play-back delay calculation that is based on the estimation
of the delay variance of the received packets (similar to [5, 8]).
MeanDev and StDev assume that the play-back delay should be
K (a constant) times the mean deviation or standard deviation of
the interarrival times of packets, respectively.

The simulations use trace-driven data acquired with an
experimental voice-quality audio conferencing system called
Phone which we have built to explore methods of transporting
packetized voice streams over packet-switched networks. The
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interarrival times of all received packets are saved by Phone.
All packets have the equivalent of 1024 bytes of audio data,
which represents 128ms of speech (i.e., a rate of 8000 samples
per second). The packet size was set to 1024 bytes because the
audio driver of our workstations makes audio data available in
minimum chunks of 1024 audio samples. The trace-driven sim-
ulation allows us to make a fair comparison of the PSE obtained
by the different proposed techniques since they will be driven
by the same delay distribution and without the interference of
the CPU scheduler.

Network characteristics of the four traces are given in
Table 1. The traced data comprises 45 minutes of digitized
sound for each experiment. There are two local area network
traces and two long-haul transport network traces. The
long-haul transport network has a lower bandwidth than that of
the local area network, often making it a bottleneck because of
congestion. All the traces were acquired on the same worksta-
tion. The Loop trace used the same pair of workstations as in
the Long-haul trace, except that one workstation was running a
user process (a reflector) to send back all the received packets.
The loop experiment was used to evaluate the heuristics when
submitted to additional delay jitter created by the use of user
level filters or gateways. Table 2 summarizes the statistics of the
traced data.

Trace Hops Network

{ One-hop 1 LAN
Two-hop 2 LAN
Long-haul| 9 long-haul
Loop 18 |long-haul loop

Table 1 : Trace types.

One-hop |Two-hop |[Long-haul |Loop
Minimum 118.9 1.7 2.0 0.6
Maximum 136.5 499.7 585.3 928.9
Median 128.7 129.7 129.7 124.8
Mean 128.0 128.0 128.0 128.0
Std. Dev. 11.1 42.6 1056.1 7922.5

Table 2 : Statistics of the interarrival time in msecs.

Figures 1 and 2 present the results of simulations of Mean-
Dev and StDev heuristics, showing the PSE obtained for differ-
ent values of K, and showing that a fixed value K for different
delay distributions is inadequate. To see this, assume that the
user wants a PSE of less than 1% (the user always wants the
minimum possible play-back delay that achieves the sclected
PSE). In this case, K must be greater than 10 for MeanDeyv, and
greater than 6 for StDev, in order to bring the PSE of Long-haul
and Loop to less than 1%. However, these values would be too
large for the other trace types, since the play-back delay would
needlessly increase. Therefore, both techniques would need an
adaptive algorithm to dynamically adjust K to the observed



packet interarrival time distribution, as in [7].
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Figure 1 : MeanDev heuristic. The
play-back delay is K times the mean devi-
ation of the interarrival times of packets.
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Figure 2 : StDev heuristic. The play-back
delay is K times the standard deviation of the
interarrival times of packets.

Figures 3 to 6 show the simulation of VirtualQueue for
One-hop, Two-hop, Long-haul, and Loop, networks. Three val-
ues for PSE (or 5), 1%, 5%, and 10% (i.e., user selected perfor-
mance goals of 99%, 95%, and 90%, respectively) are used.
VirtualQueue performed well for all traces and PSEs for win-
dow sizes larger than 300 packets.
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Figure 3 : One-hop using VirtualQueue.

Two-hop

APSE=10% O© PSE=5% D PSE=1%

‘Window size (x100)

Figure 4 : Two-hop using VirtualQueue.
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Figure 5 : Long-haul using VirtualQueue.
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Figure 6 : Loop using VirtualQueue.

Figure 7 shows the minimum selectable PSE (the “ideal”
curve) for each window size, and the actual obtained PSE. For
example, the smallest selectable PSE for a window with 1000
packets is 0.1%, since this is 1 silent event per 1000 packets (or
1 late packet per 1000 packets). VirtualQueue was able to get
close to the ideal curve for all window sizes.
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e—{J—— Long-hanl

Silent events (%)
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Figure 7 : VirtualQueue for the minimum selectable
PSE for all traces. VirtualQueue can reliably control the
play-back delay even at the minimum selectable PSE.

The set of simulations shows that the windowing heuristic
used in VirtualQueue allows the implementation of a user se-
lectable knob to reliably control the play-back delay.

5. Conclusions

We presented VirtualQueue, a technique used by a receiver
of audio packets to find a good play-back delay so that the orig-
inal voice stream can be effectively reconstructed. We showed
that the VirtualQueue technique can be used to implement a user
selectable performance knob to reliably control the play-back
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delay. An application with VirtualQueue acts as a non-real-time
control process that periodically makes adjustments on a re-
al-time (hardware) process, the audio device queue.

Using VirtualQueue, the play-back delay is not controlled
by the buffering of audio data in the user process. Rather, the re-
ceiver process sends all audio data directly to the audio device.
The negative effects of the system scheduler on the delay jitter
of the received packets are then minimized. As an additional
benefit, VirtualQueue avoids the use of system timers.

The VirtualQueue technique does not imply a specific
play-back delay control mechanism. Instead, it provides infor-
mation on the amount of time a packet is late or ahead with re-
spect to the calculated play-back delay. Thus, it is orthogonal
(and complements) techniques that use silent periods to control
play-back delay.
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