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ABSTRACT1
�
��
� Streaming high-fidelity audio over networks 

with both bit errors and packet erasures is becoming 
increasingly important due to the emerging of wireless Internet. 
In this paper, we propose an end-to-end architecture for 
scalable audio streaming over wireless Internet. Considering the 
characteristic of scalable audio, a novel layered product code is 
presented to handle bit errors and packet losses simultaneously. 
Specifically, unequal row channel code and unequal column 
code are adopted for different layers of scalable audio based on 
their quality impacts. Moreover, Rate-Distortion based bit 
allocation is proposed to determine each channel-coding rate 
and the source-coding rate so as to minimize the expected 
end-to-end distortion. The simulation results demonstrated 
effectiveness of our proposed error protection scheme.  
 

I. INTRODUCTION 
With the explosive growth of the Internet and the 

emerging of the third generation (3G) wireless technology, it 
is becoming increasingly important to streaming high-fidelity 
audio in the handheld devices across wireless Internet. 
However, transmission of audio across wireless Internet still 
remains a very challenging task due to the limited and 
varying network bandwidth as well as the different 
transmission errors occurred on the Internet and wireless 
links. In the heterogeneous network, the data packets can 
experience packet losses caused by congestion at routers and 
bit errors resulting from fading and shadowing effects on the 
wireless link. Both these errors usually have severe adverse 
effects on the decompression of the received stream, and can 
even make the decoder crash. Therefore, dynamic network 
condition monitoring and efficient error controlling are 
necessary to ensure high-fidelity audio transmission.  

Several error protection schemes had been studied for 
audio streaming over the Internet or wireless channels [1, 2, 
3]. FEC-based error control schemes are presented for audio 
streaming in the Internet [2, 3]. Yung et. al. proposed a fixed 
Unequal Error Protection (UEP) scheme for MPEG audio 
over wireless channel [1]. However, neither of these schemes 
considers time-varying channel conditions or handles packet 
loss and bit errors simultaneously. 

To address the error protection for both bit errors and 
packet losses, Sachs et al. proposed a multiple-description 
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product code scheme for the SPHIT image transmission [4]. 
In [4], a concatenated channel code is used, which includes a 
row code based on RCPC codes with CRC error detection 
and a source-channel column code consisting of the scalable 
SPIHT image coder and an UEP RS erasure-correction codes. 
However, how to distribute the varying network resources 
among RCPC rate, RS protection level, and image source rate 
had not been discussed. Moreover, this protection scheme 
assumes no bit error after the RCPC channel decoding, which 
may not be true in practical wireless networks. A hybrid 
coder is presented for embedded image transmission over 
channels with bit errors and packet erasures [5]. This hybrid 
coder combines the RCPC/CRC concatenated channel coder 
that handles the bit errors, with packetized zerotree wavelet 
coder, which provides robustness to packet loss by producing 
the datastream with independently decodable packets. 
However, how to determine the RCPC rate with varying 
network condition, and how to recover the lost packets have 
not been discussed. 

Note that all the above protection schemes are proposed 
for image transmission. Considering the different 
characteristics between the audio and the image, such as the 
D-R relation and the delay constraints, applying them to 
audio streaming is not straightforward. 

To the best of our knowledge, there is no report for 
scalable audio streaming over wireless Internet. In this work, 
we propose a novel end-to-end architecture to deliver the 
scalable audio over such channels with bit errors and packet 
erasures. More specifically, based on dynamic channel 
estimation from the feedback control information, 
channel-adaptive layered product code is adopted by 
combining unequal row (inner) channel code with unequal 
column (outer) channel code. Moreover, an optimal bit 
allocation is presented to allocate bits between the source and 
product code, which results in minimal expected end-to-end 
distortion for audio transmission. 

The rest of this paper is organized as follows. The 
architecture for scalable audio streaming over wireless 
Internet is described in Section 2. Section 3 presents the 
optimal bit allocation scheme, where the novel layered 
product code is also introduced. Simulation results are given 
in section 4. Finally, Section 5 provides the concluding 
remarks. 

 
II. AN END-TO-END ARCHITECTURE FOR SCALABLE 

AUDIO STREAMING OVER WIRELESS INTERNET 
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As mentioned above, to transmit scalable audio over 
wireless Internet, bit errors will confront on wireless links. In 
addition, packet losses occur in both wired and wireless 
network. To efficiently deliver scalable audio over wireless 
Internet, the applications should be aware of the network 
conditions. In the meanwhile, appropriate error protection 
scheme should be used. 

Figure 1 depicts our proposed end-to-end architecture for 
scalable audio streaming over channels with both packet 
losses and bit errors. On the sender side, the audio signal is 
encoded into several quality layers. According to network 
conditions and audio characteristic, each layer is divided into 
blocks and unequal protections are applied both in the block 
and across the blocks. The layered product-code is used to 
handle packet losses and bit errors simultaneously. In the 
product code, the row (inner) channel code is used to deal 
with the bit errors, and the column (outer) channel code, on 
the other hand, is used to deal with the packet losses. On the 
receiver side, after the process of channel decoding, the 
reconstructed packets are directed to the source decoder. In 
the mean time, some related network parameters, such as 
packet loss rate, bit error rate and transmission delay, are 
collected in the network monitor module and fed back to the 
sender. Based on those feedbacks, network status estimation 
module in the sender dynamically estimates the network 
status and available bandwidth. Once the available bandwidth 
is obtained, the target bit allocation module on the sender 
side allocates the bits among the row (inner) channel code, 
the column (outer) channel code and the source coding so as 
to minimize the expected end-to-end distortion in the 
receiver. 

In our scheme, a scalable audio with error resilience is 
used as an example, where the error resilient tools, like Data 
Partition (DP) and Reversible Variable Length Codes (RVLC), 
are adopted. Bit-plane coding is used to generate an 
embedded stream, which can be truncated anywhere. 
Therefore, layers of the same frame are correlated. To be 
specific, the higher layer information relies on the 
corresponding ones in the lower layers. On the receiver side, 
if any residual error occurs in the lower layers, the 
corresponding information in the higher layers will become 
useless no matter whether they are correct or not. 

The key components of our proposed end-to-end delivery 
architecture are channel adaptive layered product encoder 
and target bit allocation. We will present details for those 
modules in the following sections. 

 

III. CHANNEL-ADAPTIVE LAYERED PRODUCT CODE AND 
OPTIMAL BIT ALLOCATION 

3.1 A Novel Product Channel Code 
In this work Reed-Solomon (RS) code [7] is used for 

forward error correction both in the row (inner) channel code 
and in the column (outer) channel code. An RS code defined 
by RS(n, k) is a length-n code which contains k source symbols 

and n-k protection symbols. RS (n, k) can generally correct 
 2/)( knt −=  symbol errors. With the knowledge of the error 

position, it can correct up to knt −=  symbol errors. Most 
commonly, 12 −= mn , where m is the symbol length in bits 
(in our scheme we use m=8, because it is convenient to access 
information in byte).  

Figure 2 depicts the illustrative diagram of layered 
product code for our proposed scheme. The main idea is to 
divide each layer into blocks, add the column RS code first 
across the blocks, and then apply the row RS code to each 
block. The blocks in all layers are concatenated into one 
packet, which contains only one block each layer. 

As stated above, the row RS code is used to deal with the 
bit errors, and the column RS code is mainly used to deal 
with the packet losses. When the packet is lost caused by the 
network congestion or the large-scale path loss and fading, 
the column RS code can be used for recovery. If the error 
position is known, RS code can correct twice as many rows 
compared to a decoder without such knowledge. On the other 
hand, the row RS code can also prevent the block from being 
corrupted by the bit error. If a row is indicated to fail by the 
row RS, it will be marked as packet erasure. This erased 
packet, which marked by row RS code, can still be recovered 
by the column RS code. Furthermore, note that not all errors 
occur in the same column among the corrupted blocks, and 
the number of the recovered packets can be more than the 
maximum rows that the column RS can correct. 

Since the information in the lower layer is more 
important, the higher product channel rate is assigned to the 
lower layer. The protection degrees of the row channel code 
and the column code in a layer are determined according to 
the network conditions and its impact on the overall quality.  

 
3.2 Optimal Bit Allocation for Product Code 

It is known that under a given channel condition, the 
additional FEC increases the error robustness, but on the 
other hand, reduces the available rate for source coding. Thus 
there is a trade-off between source rate and FEC rate. In this 
section we will discuss how to allocate bits between the 
source coding and the channel coding based on the 
rate-distortion relation. First we should determine two 
channel-code rates for packet loss protection and bit-error 
protection. Secondly, according to the characteristic of 
scalable audio, the higher layer information relies on the 
corresponding ones in the lower layers, and unequal error 
protection is necessarily adopted for two directional error 
protections.  

As discussed in [7], the end-to-end distortion, D(R), is 
composed of the source distortion and the channel distortion. 
The source distortion, Ds(Rs), is caused by media rate controls; 
while the channel distortion, Dc(Rc), results from noisy 
channel. Thus, assuming that Ds and Dc are uncorrelated, the 
end-to-end distortion can be represented as  

)()()( ccss RDRDRD += ,                       (1) 
where R, Rs, and Rc represent the available rate, source rate, 
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and error correction rate, respectively. As mentioned in 
Section 2, we adopt scalable audio coder. Therefore, the 
source distortion can be obtained through the source rate 
distortion function sR

ss ARD 22)( −= , with A being a 
constant.   

When calculating Dc(Rc), we assume that each block of 
the same quality layer is equally important and the distortion 
resulting from the corrupted block is equal to that resulting 
from the lost one. Note that in the wireless Internet scenario, 
even a packet is received, some blocks in this packet may not 
be used by the source decoder due to the bit error. Thus we 
divide the channel distortion into two parts. One is the 
distortion caused by packet losses, and the other is the 
distortion caused by the bit errors in the received packets. 
The latter one can be also further divided into two cases. The 
first case is that the lost block, which is marked by row RS, 
can be recovered by the column channel code. The other is 
the distortion caused by which the column code is too weak 
to recover the loss blocks. 

Suppose the column RS code for each layer is represented 
as (n1, k1), (n2, k2), ..., (nL, kL), where (n1-k1) ≥ (n2-k2) ≥ ... ≥ 
(nL-kL). The following is the analysis of the channel distortion: 
•  The number of lost packets varies from n1-k1+1 to n1.  That 

is, even the lowest layer cannot be fully recovered in the 
column direction. In this case, the distortion can be 
represented as  

∑ ∑
+−= =

− ××=
1

11 1 1
1 {(),((

n

knt

L

i
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=
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where L is the number of layers that need to be transmitted, 
mi is the number of blocks in the ith layer, D(i, j) represents 
the distortion caused by the jth block in the layer i, Pcolumn(l, m) 
is the probability of l lost packets within m packets, Prow(i, j) 
is the corrupted probability of the jth block in the layer i, and 
Pdep(i-1, j) is the dependent probability of the jth block in the 
layer i. 
•  The number of lost packets varies from n2-k2+1 to n1-k1. 

That is, the parity blocks in the lowest layer can be used to 
recover the blocks corrupted by the bit errors, but other 
higher layers cannot. In this case, the distortion can be 
denoted as  
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•  Similar analysis can be performed for other packet loss 

cases. 
The channel distortion can be presented as  

enhLcenhcbaseccc DDDRD −−− +++= ....)( 1 .      (4) 

Note that for the dependent probability and corrupted 
probability of a certain block in the above equations, different 
calculation method should be used according to the packet 
loss situation.  

After the above discussions, the challenging task is to 
find the optimal row channel rate, column channel rate and 
source rate for each layer. This can be formulated as follows:  

)],()([min __
),(,

columncrowccss
knR

RRDRD
iis

+    

 s.t. RRRR columncrowcs ≤++ __ ,  

)()( jjii knkn −≤−  for ji ≤∀ .             (5) 
 

IV. SIMULATION RESULTS 

This simulation is to demonstrate effectiveness of our 
proposed channel-adaptive error protection scheme for 
scalable audio streaming over wireless Internet. In this 
simulation we tested three schemes: (1) Fixed column 
channel code only (20% for the first layer and 10% for the 
rest layers); (2) Fixed product code (20% for the first layer 
and 10% for the other layers both in the row and column 
channel-code); (3) Our proposed channel-adaptive layered 
product code.  

In all the tested cases, the MPEG-4 standard audio clip, 
horn_23_2, is used for testing. The scalable audio coder 
encodes the audio signals at a coding rate of 64 kbps. All the 
simulations are performed at the rate of 48kbps, and the 
packet loss ratio of the channel varies from 8% to 15%. We 
test these schemes on the channels with different bit error 
rates. More specifically, we classify these channels into two 
types: A. channel with packet rate from 8% to 15% and high 
BER from 10-3 to 5x10-3; B. channel with packet loss rate 
from 8% to 15% and low BER from 10-4 to 5x10-4. The total 
available bandwidth is the same for all the protection 
schemes in all the cases. 

In this simulation, we illustrate the quality of the 
decoded audio through the Noise-Mask-Ratio (NMR), where 
a lower value of the NMR shows a better-reconstructed audio. 
Figure 3 shows the average NMR results over 30 Monte 
Carlo simulations. It can be seen from Figure 3 that our 
proposed novel channel-adaptive layered product code 
obtains better results than the other two tested schemes in the 
noisy channel with both bit errors and packet losses. In the 
type A channel, the average NMR results of the three 
schemes are 6.84 dB, 6.37 dB, and 5.70 dB, respectively. In 
the type B channel, the average NMR results of the three 
schemes are 6.50 dB, 6.74 dB, and 5.36 dB, respectively. We 
can see that our scheme achieves more than 1 dB gains in 
both types channels. It also can be seen from Figure 3 that 
under type A channel, scheme 2 is better than the scheme 1 
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with the column channel code only; while for type B channel, 
scheme 1 outperforms scheme 2.  

 
V. CONCLUSIONS 

In this paper, we present an end-to-end architecture for 
scalable audio streaming over wireless Internet in which a 
novel channel adaptive layered product-code is proposed to 
efficiently handle bit errors and packet erasures 
simultaneously. Considering the characteristic of scalable 
audio, unequal row channel code and unequal column code 
are adopted for different layers of scalable audio. Moreover, 
Rate-Distortion based bit allocation is proposed to determine 
each channel-coding rate and source-coding rate so as to 
minimize the expected end-to-end distortion. Simulation 
results show that our proposed approach can achieve more 
than 1dB improvement under different channel conditions.  
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Figure 1. End-to-end architecture for scalable audio streaming over wireless Internet. 
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Figure 2. The illustrative product code diagram of our proposed scheme. 
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      Figure 3. The NMR comparison results for horn_23_2 using different protection schemes at 48kbps. 

(a) High bit error rate. (b) Low bit error rate.  
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