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ABSTRACT
Packet delay and loss are two essential problems to real-time
voice transmission over IP networks. In the proposed sys-
tem, multiple redundant descriptions of the speech are trans-
mitted to take advantage of largely uncorrelated delay and
loss characteristics on independent network paths. Adaptive
playout scheduling of multiple voice streams is then formu-
lated as a constrained optimization problem leading to a bet-
ter balance between end-to-end delay and packet loss. For
proper reconstruction of continuous speech, we also develop
a packet-based time-scale modification algorithm based on
sinusoidal representation of the speech production mecha-
nism. Experimental results indicate that the proposed adap-
tive multi-stream playout scheduling technique improves the
delay-loss tradeoff as well as speech reconstruction quality.

1. INTRODUCTION

Quality of service (QoS) has been one of the major con-
cerns in the context of voice communication over the In-
ternet. Interactive audio applications such as telephony and
audio conferencing require high constraints on packet loss,
end-to-end delay and delay variation (jitter). There has been
much interest in the use of packet-level forward error cor-
rection (FEC) to compensate for loss, based on parity codes
and Reed Solomon codes. All of the FEC mechanisms send
some redundant information which is based on previously
transmitted packets. Waiting for the redundant information
results in a delay penalty, and consequently an increase in
end-to-end delay. Recent research [1][2] proposed the use
of multiple description (MD) coding to exploit the largely
uncorrelated delay and loss behavior on multiple indepen-
dent network paths. In MD coders, the source is encoded
into multiple descriptions that are then separately transmitted
over different network paths. Each description can be indi-
vidually decoded for a reduced quality reconstruction of the
source, but if all descriptions are available they can be jointly
decoded for a higher quality reconstruction. However, the
network delay experienced may vary for each packet depend-
ing on the paths taken by different streams and on the level
of congestion at the routers along the path. Packets could get
lost due to their late arrival resulting from excessive network
delays.

The variation in network delay, referred to as jitter, must
be smoothed out since it obstructs the proper and timely re-
construction of the speech signal at the receiver end. A com-
mon method is to store recently arrived packets in a jitter
buffer before playing them out at scheduled intervals. By in-
creasing the buffer size, the number of late packet loss can
be reduced at the cost of increased end-to-end delay. Thus,
there is a need to develop playout scheduling algorithms for

improved tradeoff between the end-to-end delay and packet
loss. Previous work mainly focused on the delay conceal-
ment for single-stream transmission [3]-[6], except the work
of Liang et al. [2]. Although there are methods which use
fixed playout algorithms, adaptive algorithms have been pro-
posed that react to changing network conditions by dynami-
cally adjusting the playout delay. In conventional adaptive
algorithms [3][4], the playout delay is adjusted on a per-
talkspurt basis by lengthening or shortening the silence in-
tervals between talkspurts. A better alternative [5][6] is per-
packet based that performs the delay adjustment not only
between talkspurts, but also within talkspurts. When ap-
plying such per-packet based algorithms, it is important to
time-scale individual packets such that they are played out
just in time for the predicted arrival time of the next packet.
In this work, we propose an adaptive multi-stream playout
scheduling algorithm that improves the delay-loss tradeoff
as well as speech reconstruction quality. Also proposed is
a packet-based time-scale modification algorithm based on
a sinusoidal representation of sound production mechanism
[7], as opposed to previous work based on the waveform sim-
ilarity overlap-add (WSOLA) algorithm [8].

2. SYSTEM IMPLEMENTATION

A block diagram of the proposed multi-stream voice trans-
mission system is shown in Figure 1. The system has four
major components: MD speech coding, delay jitter model,
adaptive playout scheduling, and time-scale modification. In
the MD coder, the speech signal is encoded into two re-
dundant descriptions, with the hope that at least one of the
descriptions can be received correctly so that an acceptable
quality of reconstructed speech can be achieved. For low
complexity, we use the MD coding scheme described in [1]
to generate two voice streams of equal importance at the
sender. The basic idea is to quantize the even samples in finer
resolution and the difference between adjacent even and odd
samples in coarser resolution, and then packetize them into
stream 1. For stream 2, we quantize even and odd samples in
the opposite way. The redundancy of MD coding is 12.5%
when using a 16-bit PCM coder as the fine quantizer and us-
ing a 2-bit ADPCM coder as the coarse quantizer. The two
descriptions of the speech signal can be decoded indepen-
dently at the receiver end. If both descriptions are available,
the odd and even samples can be reconstructed in full resolu-
tion. When only the description of stream 1 is received, the
even samples can be reconstructed in full resolution, while
the odd samples are reconstructed at a coarser resolution.
With this coding scheme, speech distortion resulting from
losing one description only increases the quantization noise
and is usually tolerated as a minor impairment.
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The best-effort nature of the Internet results in packets
experiencing varying network delay due to different levels of
congestion in the network. To characterize this, we adopted
the first-in-first-out (FIFO) queuing model described in [9]
to simulate the network delay behavior of voice packets un-
der a certain Internet workload. This queuing system can be
viewed as a statistical multiplexer of voice stream and In-
ternet stream. The voice stream is modelled by fixed-size
packets arriving at regular intervals. The Internet stream is
modelled as a mix of bulk traffic with larger packet size and
interactive traffic with smaller packet size. The interarrival
time for Internet packets is assumed to be exponentially dis-
tributed. With this model, we can easily generate different
categories of delay traces for performance evaluation of the
proposed playout scheduling algorithm. Delay jitter can be
removed by buffering the received packets for a short period
of time before playing them out at scheduled intervals. The
playout delay of packet i is denoted by di

play = t i
p − t i

s, where
t i
s and t i

p represent the time when packet i is sent and played
out, respectively. Before the arrival of packet i, we have to
determine the playout delay for that packet according to the
most recent delays we recorded. This task is accomplished
by using an adaptive multi-stream playout scheduling algo-
rithm that improves the delay-loss tradeoff as well as speech
reconstruction quality.

For packet-based transmission, speech is usually
processed and packetized into fixed size blocks and outgo-
ing packets are generated at regular intervals with a con-
stant period L0, i.e., t i+1

s − t i
s = L0. In this work, the play-

out delay adjustment is performed on a per-packet basis and
therefore each individual voice packet may have a different
scheduled playout time. For proper reconstruction of con-
tinuous speech, individual voice packets must be time-scaled
such that they are played out just in time for the predicted
playout time of the next packet. As a result, the length of
audio segment that is played out for packet i is denoted by
Li = t i+1

p − t i
p. The time-varying factor, ρ i = Li/L0, is then

used to modify the time duration of packet i. The case of
ρ i > 1 corresponds to a time-scale expansion, while the case
of ρ i < 1 corresponds to a time-scale compression. A key
issue in designing the time-scale modification system is to
modify the time duration of a voice packet without chang-
ing its acoustic attributes. Our proposed time-scale modi-
fication algorithm is based on a sinusoidal representation of
the speech production mechanism [7]. It consists of first ana-
lyzing the speech signal to obtain characteristic features, then
applying the desired modification to these features, and syn-
thesizing the corresponding signal. Notice that the proposed
time-scaling technique is implemented at the receiver only,
independently of the MD coding scheme used for transmis-
sion.

3. ADAPTIVE MULTI-STREAM PLAYOUT
FRAMEWORK

The main attraction of multi-stream voice transmission arises
from its flexibility to trade off the end-to-end delay, losing
both descriptions (packet erasure), and losing only one de-
scription. The latter two cases results in different degrees
of speech quality degradation. We formulate this tradeoff as
a constrained optimization problem that involves finding a
minimizer of the objective function f (di

play) over all possible
values in the constraint set Ωi. In our problem domain, the

objective function that we wish to minimize is the network
delay itself, i.e., f (di

play) = di
play. Depending on relative em-

phasis placed on the delay and speech reconstruction qual-
ity, there are many possible variations on the constraint set.
For this investigation, we chose to work with a constraint set
which takes the form of functional constraints

Ωi = {di
play : di

play ≥ D̂i
S1

∪
di

play ≥ D̂i
S2
}, (1)

where D̂i
Sk

is the estimated end-to-end delay of packet i in
stream k. The playout delay is determined mainly by the
first description arriving from either stream, suggesting that
lower latency is given more emphasis than good reconstruc-
tion quality. In practice, this design strategy is desirable since
the human perception is more sensitive to high latency, while
increased quantization noise resulting from losing one de-
scription are less likely to be perceived as an impairment.

The dynamic setting of each packet’s playout schedule is
critical for the final performance of our multi-stream voice
communication system. Since it involves switching between
streams during speech playout, the end-to-end delay needs to
be computed ahead of time for each individual stream based
on its own past network delays. A typical approach is to
estimate the end-to-end delay as

D̂i
Sk

= d̂i
Sk

+β v̂i
Sk

, (2)

where d̂i
Sk

and v̂i
Sk

are estimates of the network delay and the
jitter for packet i in stream k, respectively. The safety factor
β is used to control the tradeoff between end-to-end delay
and packet loss due to late arrival. A higher value of β re-
sults in a lower late loss rate as more packets arrives in time,
however the end-to-end delay increases. The next issue to be
addressed is how to estimate the network delay and the jitter.
Here the network delay is estimated based on recorded past
delays using the NLMS algorithm [6]. The NLMS algorithm
aims to minimize the mean square error between the actual
network delay di

Sk
and its estimate d̂i

Sk
. The network delay

of N past packets in each individual stream k is recorded and
is denoted by di

Sk
= [di−1

Sk
,di−2

Sk
, . . . ,di−N

Sk
]T . Past recorded

delays are then passed through an FIR filter to compute the
current estimate by d̂i

Sk
= wi T

Sk
di

Sk
, where wi

Sk
is the N × 1

vector containing the filter’s tap weights. The tap weights of
the filter are updated using the following recursion

wi+1
Sk

= wi
Sk

+
µ

di T
Sk

di
Sk

+b
di

Sk
ei

Sk
, (3)

where µ is the step size, b is a small constant, and the estima-
tion error ei

Sk
= di

Sk
− d̂i

Sk
. Given the network delay estimate

for stream k, we then use an autoregressive approach to esti-
mate the jitter as v̂i

Sk
= α v̂i−1

Sk
+(1−α)|di

Sk
− d̂i

Sk
|, where α

is a weighting factor used to control the convergence rate of
the algorithm.

4. PACKET-BASED TIME-SCALE MODIFICATION

When adjusting the playout schedule on a per-packet basis, it
is important to maintain continuous playout by time-scaling
individual packets without impairing speech quality. The
proposed time-scale modification scheme is based on a si-
nusoidal representation of speech production mechanism [7].
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Essentially, the production of sound can be described as the
output of passing a glottal excitation signal through a vocal
tract system. To track the nonstationary evolution of charac-
teristic features, time-scale manipulations will be performed
on a frame-by-frame basis. In this work, speech signals were
analyzed using a 46.4 ms Hamming windows with a 18.75
ms frame shift. Therefore, the analysis frame interval Q was
fixed at 18.75 ms. For the speech on the ith frame, the vocal
tract system function can be described in terms of its ampli-
tude function Ai(w) and phase function Φi(w). Here the ex-
citation signal is represented as a sum of Mi sine waves, each
of which is associated with the frequency wi

m and the phase
Ωi

m. A block diagram of the time-scale modification system
is shown in Figure 2. The analysis begins by estimating from
the Fourier transform of speech the fundamental frequency
wi

0, the voicing probability Pi
v, the amplitude function Ai(w)

and the phase function Φi(w) of the vocal tract system. The
voicing probability will be used to control the harmonic spec-
trum cutoff frequency wi

c = πPi
v, below which the sine-wave

frequencies wi
m = mwi

0 and above which wi
m = mwi

0 + wu,
where wu is the unvoiced term corresponding to 100 Hz. The
system amplitudes Mi

m and phases Φi
m are then obtained by

samples of their respective functions at the frequencies wi
m.

With reference to the sinusoidal framework, the time-
scale modification involves scaling the synthesis frame of
original duration Q by a factor of ρ i, i.e., Q̂i = ρ iQ. Note
that the time-scaling factor ρ i is determined by the adaptive
playout scheduler. After that, a two-step procedure is used
in estimating the excitation phase Ψ̂i

m of the mth sine wave.
The first step is to obtain the onset time n̂i

0 relative to the new
frame interval Q̂i. This is done by accumulating a succession
of pitch periods until a pitch pulse crosses the center of the
ith frame. The location of this pulse is the onset time n̂i

0 at
which sine waves are in phase. The second step is to compute
the excitation phase as follows:

Ψ̂i
m = −n̂i

0wi
m + ε i

m, (4)

where the unvoiced phase component ε i
m is zero for the case

of wi
m ≤ wi

c and is made random on [−π,π] for the case of
wi

m > wi
c. Finally, in the synthesizer the system amplitudes

Ai
m are linearly interpolated over two consecutive frames.

Also, the excitation and system phases are summed and the
resulting sine-wave phases, θ̂ i

m = Ψ̂i
m +Φi

m, are interpolated
using the cubic polynomial interpolator. The final synthetic
speech waveform on the ith frame is given by

s(n) =
Mi

∑
m=1

Ai
m cos[nwi

m + θ̂ i
m], ti ≤ n ≤ ti+1 −1 (5)

where ti = ∑i−1
j=1 Q̂i denotes the starting time of the current

synthesis frame.

5. EXPERIMENTAL RESULTS

Experiments were carried out to investigate the potential ad-
vantages of using adaptive multi-stream playout scheduling
for voice communication over IP networks. We fist used the
FIFO queuing model to generate two categories of Internet
traffic, one is light traffic used for stream 1 and the other is
heavy traffic used for stream 2. In the heavy traffic case,

some packets may pile up and result in consecutive large de-
lays. For each stream, we send 18.75 ms UDP packets with
payload size of 338 bytes, reflecting 16-bit PCM for finer
quantization and 2-bit ADPCM for coarser quantization at 8
kHz sampling rate. We compare the playout schemes of us-
ing stream 1 only, using stream 2 only, and using both MD-
coded streams. Performance metrics used to evaluate the
schemes are the average playout delay and the packet-erasure
rate. For the multi-stream scheme, the packet-erasure rate is
defined as the percentage of losing both descriptions. The
results are shown in Figure 3. The continuous curves with
different packet-erasure rate and playout delay are obtained
by varying the safety factor β in (2). From it we observe
a significant reduction of the packet-erasure rate for a fixed
target playout delay when using the multi-stream scheme. At
the same average delay of 159 ms, the multi-stream scheme
yielded the lowest packet-erasure rate of 1.2%, compared
with 5% and 26% for single-stream scheme under light and
heavy internet traffic, respectively. On the other hand, if fix-
ing the same packet-erasure rate, the multi-stream scheme
also results in the lowest average playout delay.

Our next experiment was conducted to determine
whether the improved delay-loss tradeoff could also be real-
ized perceptually. The speech quality resulting from the three
playout schemes was evaluated in terms of the PESQ (per-
ceptual evaluation of speech quality). The PESQ algorithm
is standardized in ITU-T P.862 [10]. It compares the orig-
inal and the degraded version of a speech sample to assess
the speech quality with a mean opinion score value (MOS),
which scales from 1 (bad) to 5 (excellent). The speech sam-
ples are spoken by various male and female Mandarin speak-
ers and each sample lasts for about 9 seconds. All speech
samples are sampled at 8kHz and digitized in 16-bit PCM
format. Each voice packet draws from one encoding frame
of 18.75 ms in duration and equals to 338 bytes. For proper
reconstruction of continuous speech, individual packets are
stretched or compressed using our proposed time-scale mod-
ification scheme. The PESQ scores versus delay for the
three schemes are shown in Figure 4. Compared with single-
stream schemes, the better speech quality resulting from the
multi-stream scheme is clearly demonstrated. This indicates
that our proposed multi-stream scheme improves the delay-
loss tradeoff without compromising the speech reconstruc-
tion quality.

6. CONCLUSIONS

This paper studies the combined use of packet path diversity
and adaptive playout scheduling for reliable voice commu-
nication over IP networks. We first formulate the adaptive
playout scheduling of multiple streams as a constrained op-
timization problem leading to a better tradeoff between the
packet loss and the end-to-end delay. The results also suggest
a new approach to time-scaling of individual packets without
changing their acoustic attributes. Experimental results indi-
cate that the proposed technique can improve the delay-loss
tradeoff as well as speech reconstruction quality.
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Figure 1: The multi-stream voice communication system

Figure 2: The time-scale modification system
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Figure 3: Delay-erasure performance of adaptive playout al-
gorithms
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