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ABSTRACT

Reliable audio streaming over the unreliable Internet is a chal-
lenging task. Because during a connected session, the bandwidth
can vary greatly and the data packets can be lost in the transmis-
sion, it is difficult to guarantee a smooth quality of the delivered
audio over the Internet. In this work, a system for streaming of
scalable coded audio over the Internet is proposed. Scalable
audio coding generates a bitstream consisting a number of data
units (DUs), where a subset of the DUs can be extracted to re-
construct audio at a lower quality level. A network aware rate-
distortion optimization model is proposed so that the server can
easily adapt to the network bandwidth fluctuation by sending
less packets when the network is congested. The server can also
deal with severe packet loss by only retransmitting the more
important data packets. By using the scalable audio coding and
network aware delivery scheme, the quality of the audio stream-
ing over severe network condition is improved dramatically.

1. INTRODUCTION

Reliable streaming of media (audio/video) content over the Inter-
net is a challenging task. This is due to the fact that the Internet
is a packet switch network with little quality of service (QoS)
guarantee. The bandwidth of the Internet varies widely in term of
the origin/destination and time of use. Moreover, the bandwidth
of a single connected session also fluctuates during the session.
The packet may be lost and delayed. Unlike data transmission,
which can simply slow down and retransmit the loss packet in
case of network congestion, media must be delivered within
certain time constraint. All of these make it a challenging task to
stream the medias reliably over the Internet.
In this work, we focus on audio streaming. Since audio requires
less bandwidth than video, it is easier to be delivered over the
Internet. Nevertheless, a high quality audio stream requires 64-
128 kbps (kilo bits per second) bandwidth, which is still chal-
lenging to be delivered reliably over long-range, e.g., from one
continent to another.
The simplest audio streaming scheme compresses the audio into
a single bitstream, which is then sent sequentially over the Inter-
net. Because the bitstream cannot be altered after it has been
compressed, it is difficult to adapt to the network bandwidth
fluctuation. The audio streaming schemes today, such as the Real
Player™ and Media Player™, prepare for a single audio source
several compressed bitstreams at different bitrates. For a client
with a certain bandwidth, the server then selects the bitstream
with the bitrate just below the bandwidth. In case the network
bandwidth reduces or the packet loss ratio is high, the server
may also switch to a lower bandwidth bitstream. Such multi-rate

scheme improves the flexibility of the delivery, however, more
server storage space is required. Moreover, switching between
bitrate usually leads to audible artifacts. It is also a common
practice to use the client buffer to smooth out the bandwidth
fluctuation. When certain data packet is lost, the client can still
play from the buffer while waiting for the data packet to be re-
transmitted. To combat occasional packet loss, various schemes
have been developed[1]. One approach is the Automatic Re-
transmission Request (ARQ), which retransmits the lost packets
after the server receives a negative acknowledgement from the
client that the data packet is lost. Forward Error Correction (FEC)
[2] is another approach, where additional parity packets are
transmitted to protect the data packets. A third approach is inter-
leaving and buffer management [3], which disperses the burst
error caused by the lost packet into random errors in the bit-
stream that is further corrected by the FEC. These approaches
can ensure reliable delivery with a low packet loss ratio. How-
ever, when the packet loss ratio is high or fluctuates widely dur-
ing the Internet connection, reliable delivery cannot be ensured.
Scalable audio coding becomes popular recently[4][5]. For a
scalable coded audio, the compressed bitstream can be classified
into a number of data units (DUs). It is possible to use only a
subset of the DUs to decode the audio with lower sampling reso-
lution and/or quality level. In this work, we investigate the
streaming of scalable encoded audio over the Internet. The key
concept is to selectively deliver the DUs of a scalable encoded
audio to adapt to the network bandwidth fluctuation and packet
loss level. A rate-distortion based packet selection scheme has
been proposed. In case the bandwidth of the connected session
reduces, the DUs that offer less distortion decrease per coding
rate are not sent. Similarly, when the network packet loss ratio is
high, only the most important DUs in term of rate-distortion are
retransmitted over the Internet. Using such a network-aware rate-
distortion optimization strategy, we can efficiently delivery the
audio bitstream over the Internet.
The rest of the paper is organized as follows. We first introduce
the scalable audio coder in Section 2. The network-aware rate-
distortion optimizated data unit selection is discussed in Section
3. Simulation results are given in Section 4. Finally, conclusions
are given in Section 5.

2. SCALABLE AUDIO CODING

The framework of the scalable audio codec can be shown in
Figure 1. The audio signal is first split into individual time slot,
each of which is filtered by a PQF filter and down-sampled into
four subbands. The subbands provide scalability in the audio
sampling resolution. In case the computation power is tight, or
the client device is at the low end, the high pass subband signals
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may be discarded. Modified DCT (MDCT) is performed on each
decomposed subband. The transformed coefficients are then
weighted according to a psychoacoustic mask. Finally, each
weighted subband is bitplane encoded into an embedded bit-
stream. The embedded bitstream has the property that the resul-
tant bitstream can be truncated at any point and still yields a
decodable, albeit lower quality signal. We may assign several
bitrate to the embedded encoded audio. For each coding bitrate,
the available bits are assigned to the four subbands according to
the rate-distortion criterion. The bitstreams of the subbands are
then truncated and concatenated to form the encoded audio. For
the lowest coding bitrate, a set of four truncated bitstream from
each subband forms the base layer of the embedded audio. For a
higher bitrate, we only need to transmit the difference between
the truncated bitstream of this layer and that of the previous layer.
Suppose there are a total of n bitrate points, each subband bit-
stream is thus truncated into n segments. We call a segment of
the truncated bitstream of a subband as a Data Unit (DU). DU is
the smallest unit in the delivery.

T im e F r a m e s

P Q F + M D C T
P s y c h o a c o u s t ic

M a s k in g

E m b e d d e d C o d in g

B its t r e a m A s s e m b l in g

S u b b a n d 1 S u b b a n d 2 S u b b a n d 3 S u b b a n d 4

N e tw o r k D e liv e r y

Figure 1 The framework of the scalable audio coder.

3. NETWORK-AWARE RATE-DISTORTION
OPTIMIZATED DELIVERY

Unlike conventional audio coding, where the compressed audio
bitstream is an integral unit, the scalable encoded audio is con-
sisted of a set of data units (DUs) which can be flexibly organ-
ized in delivery. In this work, the server controls the DUs to be
delivered to the client, while the client feeds back information
about network bandwidth, packet loss ratio and delivered pack-
ets. The sending bitrate is controlled through a TCP-friendly
Additive Increase Multiplicative Decrease (AIMD) algorithm [6].
To reduce packet overhead, multiple small DUs are packaged
into a large network packet for delivery. When the data packet is
delivered to the client, it is split into individual DUs. The DUs,
i.e., the bitstream segments of each individual subband are then
merged together to form the coding bitstream of each subband.
Not all DUs are received, especially when the bandwidth is tight
and the packet loss ratio is high. Nevertheless, the assembled

bitstream of each subband forms a truncated bitstream, which
can be decoded up to the truncation point. The original data
frames and the regenerated data frames at the receiver may be
substantially different, especially as some DUs may not be deliv-
ered to the receiver. However, it does not matter since the scal-
able decoder can still decode the audio, albeit low quality, from
the delivered DU.
It is essential to identify the lost packets as soon as possible, so
that the remedy can be applied. We mark each data packet with a
sequence number. A packet is considered lost if a packet with a
sequence number three higher than the missing one is delivered.
A distinct acknowledgement mechanism termed joint-ACK-
NACK feedback is utilized to feedback the packet loss informa-
tion to the server. For the positive acknowledgement, we give a
start sequence number and an end sequence number in the mes-
sage, and acknowledge the receipt of all packets within the se-
quence number range. The sequence numbers of all packets that
are considered lost are then listed afterwards, which constitutes
the negative acknowledgement part. In this way, the positive and
negative acknowledgement information is sent within a single
message. Based on the number of delivered packets within a
certain period of time, it is possible for the server to estimate
both the network bandwidth and the packet loss ratio.
Armed with the feedback information, we use a network-aware
rate-distortion optimization model to selectively transmit the
DUs. Let the time window be N+1 time slots. Let t = 0 be the
current time slot, and t = 1,2,3,…, N be a sequence of N time
slots in the future. There are four subbands within each time slot,
and each subband is encoded into L DUs. There are altogether
4L(N+1) DUs in the current time window. Let PLR be the cur-
rent packet loss ratio of the network.
We index the DU as DU(l,k,t), where l, k and t index the layer,
subband and timeslot, respectively. Let the DU consume s(l,k,t)
bits for coding. After decoding the DU, let the distortion of the
reconstructed audio decreases by d(l,k,t). Let P(l,k,t) be the
probability that the DU be delivered to the client without send-
ing it at the current timeslot. If DU(l,k,t) has never been sent in
the previous time slots, or a negative feedback of the data packet
containing DU(l,k,t) has been received, P(l,k,t)=0, i.e., the DU is
definitely not received by the client. If a positive feedback of the
data packet containing the DU has been received, P(l,k,t)=1, i.e,
the DU has definitely been received by the client. If the DU has
been sent, but a feedback has not been received from the client,
P(l,k,t)=1-PLR. As a summary, we have:

0

( , , ) 1

1

not sent or NACK received
ACK received

sent, no acknowledgement
P l k t

PLR


= 
 −

We assign a gain factor G(l,k,t) for each DU, which is the ex-
pected coding distortion decrease per bit sent if the DU is sent at
the current time slot. A network-aware rate-distortion optimal
delivery strategy is thus to selectively transmit the DUs in the
current time slot with the largest gain factor so that the long-term
play back quality of the delivered audio is maximized. Since
once the gain factors are calculated, selecting the DU with the
largest gain factor is rather easy. The task becomes: to calculate
the gain factor G(l,k,t) for each DU, based on the coding distor-
tion d(l,k,t), DU length s(l,k,t), delivery status P(l,k,t), and cur-
rent network packet loss ratio PLR, and a number of other fac-
tors. In this work, the gain factor G(l,k,t) of the DU is calculated
through formula:
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There are six items in the above formula. They are analyzed one
by one below.
Item 1. Sent status I(l,k,t).
We only send the DU that has not been sent before or has been
negatively acknowledged. Therefore,

1 not sent or NACK received
( , , )

0 otherwise

PLR
I l k t

−
= 


Item 2. Reliance factor R(l,k,t).
Since the embedded coder can only decode a truncated bitstream,
not a bitstream with a missing central piece, the current DU can
only be decoded if and only if all DUs of the former layers have
been received. Therefore:

( , , ) ( , , )
i l

R l k t P i k t
<

= ∏
Item 3. Distortion decrease D(l,k,t).
The delivery of the current DU not only enables the current DU
to be decoded, but also enables the DU in the hinder layer to be
decoded. Therefore, the combined distortion decrease caused by
sending the DU is:

1 1

( , , ) ( , , ) ( , , ) ( , , )
iL

i l j l

D l k t d l k t d i k t P j k t
= + = +

= +∑ ∏

Item 4. On time delivery probability ar(t).
We assign ar(t) to be the probability that the DU(l,k,t) will arrive
at the client early enough for playback. We model ar(t) by ob-
serving the roundtrip time of packet delivery between the server
and the client. The use of factor ar(t) prevents the sending of
near future DUs which may not arrive on time for playback.
The product of the first four items thus analyzes the distortion
decrease achieved by sending DU(l,k,t) in the current time slot.
Item 5. Balance factor pr(t).
We assign a prior a balance factor pr(t) to address the impor-
tance of the near future time slots. Since the gain factor is calcu-
lated to select DUs to be sent in the current time slot, emphasis
should be placed on DUs of the near future time slots, as DUs in
the far future time slots can be sent later. It balances between the
delivered audio quality versus error robustness.
Item 6. DU Bits s(l,k,t)
The longer the DU, the less number of DUs that can be sent in
the current time slot. We thus divide the calculated gain factor
by the number of bits in the DU.
After the gain factors of all DUs at the current time window have
been calculated, the server may select to send out the DUs that
offer the biggest gain. The server keeps sending the DUs until
the allocated bandwidth of the current time slot has reached.

4. EXPERIMENTAL RESULTS

We optionally turn on-and-off a few features to show the effec-
tiveness of the proposed scalable audio streaming framework.
The following four schemes are compared:

(a) No rate-distortion optimization scheme
(b) Rate-distortion optimization without acknowledgement
(c) Rate-distortion optimization with flat balance factor pr(t)
(d) Rate-distortion optimization with balance factor pr(t)

emphasizing the near future time slots
In all schemes, the scalable audio delivery system presented in
the previous section is used. For scheme (a), we set d(l,k,t) and
s(l,k,t) to be constant, therefore, no rate-distortion optimization

is used to distinguish between different DUs. For scheme (b), no
acknowledgement is sent by the client, therefore, the delivery
probability P(l,k,t) will be 0 if a packet is not sent, and (1-PLR)
if a packet has been sent. Scheme (c) and (d) differ only on the
balance factor, i.e., whether the data units (DUs) in the near
future time slots are emphasized.
The MPEG-4 standard audio clips horn23_2, trpt21_2 and
vioo10_2 are used for test. The scalable audio coder encodes
each audio clip at a coding rate of 64 kbps. The bitstream is then
streamed from the server to the client. We illustrate the quality of
the decoded audio through the noise-mask-ratio (NMR), where a
lower value of the NMR shows a better quality decoded audio.
Assuming no packet loss, we first investigate the issue of band-
width fluctuation. We deliver the audio clip horn23_2 without
packet loss from the server to the client. During the streaming,
the bandwidth of the connection increases from 20 to 64 kbps.
The NMR curves for the four coders are shown in Fig. 2. Since
there is no packet loss, acknowledgement information is of no-
use, therefore, scheme (b) performs equal to scheme (d). It is
observed that scheme (a) performs worst almost all schemes. The
fact shows that the rate-distortion optimization does improve the
quality of the delivered audio. With a flat balance factor, scheme
(c) outperforms scheme (d) at the beginning 20 time slots. How-
ever, it lags behind scheme (d) for the remaining time slots. By
preferring the delivery of DUs at the near future time slots,
scheme (d) realizes the fact that the DUs in the far future time-
slot may be delivered at a later time. It thus improves the overall
quality of the delivery audio.
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Fig 2. Comparison among four delivery schemes with band-
width fluctuation. The audio clip is horn23_2 and there is no
packet loss.

In the second experiments, we simulate a network environment
with constant bandwidth of 64kbps but a non-zero packet loss
ratio. The NMR of the four comparison schemes under the
packet loss ratio of 5% and 20% are shown in Fig 3(a) and (b),
respectively. In the beginning, scheme (c) works pretty fine.
However, since the flat balance factor does not differentiate
among near and far future DUs, it suffers later as important DUs
in the near future time slot are lost. Overall, we observe that the
scheme (d) performs the best.
The numerical NMR results for streaming of audio clips
honrn23_2, trpt21and vioo10_2 under constant network band-
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width (64kbps) and packet loss ratio of 5% and 10% are shown
in Table 1. It is obvious that the scheme (d) outperforms all other
approaches as it provides the lowest average NMR value for all
clips and packet loss ratio. Subjective tests have also been con-
ducted for the conditions listed in Table 1. Listeners prefer the
audio delivered by scheme (d), while annoying artifacts are au-
dible in the audio delivered by schemes (a), (b) and (c). This
proves the fact that the rate-distortion optimization, network
feedback, and balance between near and future time slots all play
an important role in improving the quality of audio streaming.
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FIG 3. Comparison among four delivery schemes with different
packet loss ratios: (a) 5%; (b) 20%. The audio clip is horn23_2
and the bandwidth is 64 kbps.

5. CONCLUSIONS AND DISCUSSIONS

A scheme for the delivery of scalable coded audio over the
Internet is presented. We encode the audio through a scalable
audio coder into a set of data units. During streaming, the data
units with the largest gains in expected distortion decrease per
bit spent are selected for delivery. The proposed scalable audio

delivery framework can easily accommodate the fluctuation of
network bandwidth and high packet loss ratio, and improve the
quality of audio streaming over the unreliable Internet.
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Table 1. Average NMR results for multiple audio clips with
different delivery schemes.

horn23_2 trpt21_2 vioo10_2Audio

Clips

Sch-

emes

PLR=
5%

PLR=

20%

PLR=

5%

PLR=

20%

PLR=

5%

PLR=

20%

(a) 3.202 3.425 3.868 3.969 4.577 4.637

(b) 3.184 3.403 3.923 4.294 4.733 4.744

(c) 3.300 3.320 3.900 3.987 4.509 4.556

(d) 3.144 3.192 3.856 3.928 4.398 4.452
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