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Abstract—In this paper, we present an optimal UEP framework
for transmitting packetized audio streams over MIMO wireless
links. Our proposed framework aims at maximizing the expected
end-to-end Segmented SNR of a received audio sequence. It re-
duces the packetization overhead of small audio frames while pro-
tecting audio streams against temporarily correlated bit errors in-
troduced by wireless transmission medium. To reduce the packe-
tization overhead, our framework suggests a frame groupingtech-
nique distributing the transmission overhead of one packetamong
multiple audio frames. To mitigate the effects of random biter-
rors, our framework utilizes a UEP RS channel coding scheme
to assign parity bits according to the combined perceptual impor-
tance of frames embedded in individual packets.

I. I NTRODUCTION

Although in wide spread use by both military and commer-
cial applications, wireless audio streaming is still facing many
challenging problems. Some of the most important challenges
in this area include reduction of packetization overhead for
small audio frames and protection of audio content against bit
errors introduced by wireless channels as well as packet era-
sures introduced by queuing buffers. Some of the popular pro-
tection techniques include applying Forward Error Correction
(FEC) codes and the use of Multiple Input Multiple Output
(MIMO) antenna links. While the use of FEC techniques can
improve the quality of transmission against both bits errors and
packets erasures, utilization of MIMO links is generally useful
for eliminating the effects of bit errors.

In what follows, a brief review of literature work is provided.
Considering the depth of research conducted in the filed, the
review cannot be exhaustive. Rather, it includes mentioning of
the works more closely related to the subject of interest to this
paper.

As evidenced by the work of [5] and others, audio trans-
mission is usually performed using a frame-based approach in
which a frame consisting of a number of samples is taken from
an audio source, encoded, packetized, and sent across trans-
mission channels. Since frame-based packetization produces
audio packets with small payloads compared to the size of pro-
tocol header sizes of IP/UDP/RTP, the issues associated with
high packetization overhead have to be appropriately addressed.
In addition, transmitting small packets over most of today’s
Medium Access Control (MAC) protocols is subject to a sig-
nificant performance degradation due to the high overhead of
medium access and the fairness problem as reported by [11] and
[10]. In [10], the authors propose concatenating small packets
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into larger packets such that the overhead is shared among the
group of packets instead of being applied to single packets.In
[11], the authors propose a voice multiplex-multicast scheme
in which multiple packets belonging to different users are com-
bined into large packets. Large packets are received by all users,
each user extracts its own corresponding packet, and drops
the other packets. In [5], an objected-based audio streaming
technique is suggested instead of the traditional frame-based
streaming. An object-based audio streaming utilizes an audio
coder which can generate autonomous audio objects.

In [4], the authors suggest a perceptually controlled errorpro-
tection scheme for transmitting audio over IP networks. They
present a UEP scheme in which the critical frames are transmit-
ted twice at a full and a low bit rate version in order to achieve
a high probability of delivering the low bit rate version of the
frame. In [14], utilizing Reed Solomon (RS) FEC codes is pro-
posed in order to provide UEP for audio streams. The authors
propose two schemes, the first scheme is unequal frame protec-
tion where more protection is added to the header portion of the
frame and less protection to the data portion of the frame. The
second scheme employs unequal sample protection assigning
more protection to the most significant bits of quantized data
samples and less protection to the least significant bits.

This paper proposes an optimization framework for trans-
mitting audio streams over MIMO wireless links. The frame-
work suggests an optimal way for assigning parity bits to audio
packets according to the packet perceptual sensitivity. Italso
proposes an efficient way for packetizing and transmitting the
audio frames. The rest of the paper is organized as follows.
In Section II, we describe our proposed framework based on
a capturing of the wireless channel model. In Section III, we
formulate the optimization problem and offer an effective so-
lution to it utilizing dynamic programming. In section IV, we
describe our experimentation setup and performance evaluation
results. Finally, Section V concludes the paper and proposes
future work.

II. D ESCRIPTION OF THEPROPOSEDFRAMEWORK

In this section, we provide a description of our proposed
framework based on a capturing of the wireless channel model.
Fig. 1 depicts the block diagram of our framework. As illus-
trated, the audio stream is first encoded using MPEG-4 Bit Slice
Arithmetic Coding (BSAC). In specific, we use the MPEG-
4 Natural Audio Coding Toolkit publicly available at the ISO
website [1]. A group ofJ frames are grouped and packetized
into a single packet. However, there is a tradeoff for choos-
ing J . On one hand, increasingJ minimizes the packetization



overhead, improves transmission efficiency, and increasesthe
FEC block size in turn improving code efficiency [8]. On the
other hand,J frames are lost in the case of losing a packet in-
creasing the distortion of the received audio stream. Our frame
grouping is accompanied with a FEC-based UEP technique in
which the assignment of parity to each packet is performed ac-
cording to the importance of packets. The metric of importance
and the parity assignment technique are described in Section
III. Once parities are assigned, packets are transmitted over the
wireless fading channel which may be characterized by mul-
tiple transmit and/or receive antennas. On the receiving side,
channel decoding is applied to every individual packet either
fully recovering the contents of the packet or completely dis-
carding it. In case of discarding a packet, error concealment is
used to replace the discarded packet with the content of packets
received earlier. Packets are then passed to the audio decoding
block and play out stage.
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Fig. 1. A block diagram of the proposed framework.

In what follows, we briefly describe the wireless channel
model, the calculation of the Symbol Error Rates (SERs), and
the FEC channel coding scheme used to protect packets against
random bit errors. A MIMO wireless fading channel is char-
acterized by a temporally correlated pattern of bit loss [13]. In
order to capture this loss behavior, we use the two-state Gilbert-
Elliott (GE) model. In the GE model, the random corruption
pattern of an audio bitstream is described by a two-state Markov
chain introducing a good state (G) and a bad state (B). State G
represents a bit error rate ofεG while state B represents a bit er-
ror rate ofεB, whereεB >> εG. Let P (t, q, G) andP (t, q, B)
denote the probability of receivingq bits fromt transmitted bits
and ending up in state G and B of the GE model, respectively.
Then the overall probability of receivingq bits fromt transmit-
ted bits under the GE model is calculated as [13]

P (t, q) = P (t, q, G) + P (t, q, B) (1)

where the recursive probabilitiesP (t, q, G) andP (t, q, B) are
given by

P (t, q, G) =
εG [γ P (t − 1, q, G) + (1 − β)P (t − 1, q, B)]
(1 − εG) [γ P (t − 1, q − 1, G)

+ (1 − β)P (t − 1, q − 1, B)]

(2)

and

P (t, q, B) =
εB [(1 − γ)P (t − 1, q, G) + βP (t − 1, q, B)]
(1 − εB) [(1 − γ)P (t − 1, q − 1, G)

+ βP (t − 1, q − 1, B)]

(3)

for t ≥ q > 0 and the initial conditions

P (0, 0, G) = gss = 1−β
2−γ−β

P (0, 0, B) = bss = 1−γ
2−γ−β

P (1, 0, G) = εG [γ gss + (1 − β) bss]
P (1, 0, B) = εB [(1 − γ) gss + β bss]

(4)

In the above equationsγ is the probability of self transitioning
for state G,1 − γ is the probability of transitioning from state
G to state B,β is the probability of self transitioning for state
B, and1 − β is the probability of transitioning from state B
to state G. Further, per state bit error ratesεG andεB can be
calculated in terms of the number of transmit/receive antennas,
and the average received signal-to-noise ratios. In [13], closed-
form expressions describing these per state error rates areiden-
tified assuming a flat fading Rayleigh channel. Based on that
discussion, the generic modulation symbol error rate of a link
associated with a single-transmitW -receive antenna link using
Maximum Ratio Combining (MRC) and Z-PSK modulation is
identified as

ε = Z−1
Z
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According to the same discussion, Equa-

tion (5) can also be used to calculate the modulation symbol
error rate of wireless links utilizing Space-Time Block Codes
(STBCs) of [9] with the insertion of a properSNR scaling fac-
tor. Relying on BPSK modulation, i.e., (Z = 2), Equation (5)
can map modulation symbol error rates to bit error rates. Equa-
tion (5) can be used to identify a single per state bit error rate
ε. In order to differentiate between per state bit error ratesεG

andεB, two differentSNR measuresSNRG andSNRB are
considered for state G and state B withSNRG >> SNRB.

Next, we propose the use of an RS FEC channel coding
scheme at the link layer to mitigate the effects of random bit
errors. In our proposed coding scheme, each packet is coded
as a stand-alone channel coding block consisting of a number
of channel coding symbols. A channel coding symbol is to be
differentiated from a modulation symbol and may itself consist
of a number of modulation symbols. The maximum block size
is determined by the channel coding symbol sizes. An RS code
operating on ans-bit symbol size can have up ton = 2s − 1
symbols per block. The encoded blocks containsk data sym-
bols andC = n − k parity symbols. An RS channel coder
RS(n, k) can correct as many astC = ⌊C

2 ⌋ symbol errors in a
block. Suppose the RS coder generates a set of channel coding
symbols where each symbol consists ofs bits. A channel cod-
ing symbol is received error free if all of itss bits are received



free of errors. Thus, the probability of receiving a channelcod-
ing symbol free of errors under the GE model is described by
Equation (1) witht = q = s asP (s, s). Referring to [12] and
[13], we rely on a hybrid loss model to describe the probability
of channel coding block loss. In our hybrid model, channel cod-
ing inter-symbol correlation is assumed not to be significant in
comparison with channel coding intra-symbol correlation cap-
tured by the expressionP (s, s). As such, the probability of
channel coding block loss is described as

Ψ(Li, tc, ϕ) =
∑Li−tc−1

j=0 P (t, j)

=
∑Li−tc−1

j=0

(

Li

j

)

(1 − P (s, s))Li−j(P (s, s))j
(6)

whereLi is the size of packeti andP (s, s) is calculated recur-
sively using Equation (1). We note that the use of a hybrid loss
model does not affect the generality of discussion as the model
can be replaced with one in which both inter-symbol and intra-
symbol correlations are captured utilizing a pair of GE models.

III. O PTIMIZATION FORMULATION AND SOLUTION

The main objective of the optimization problem of this sec-
tion is to find the optimal parity assignment for each packet
maximizing the quality of received audio sequence. Each
packet obtains different number of parity bits according toits
perceptual importance. We use Segmented Signal to Noise
Ratio (SSNR) [2], as one of the best time domain objective
metrics used to evaluate the quality of audio and voice streams
for performance evaluation. We note that a higher measure of
SSNR metric indicates a better quality. TheSSNR is defined
as

SSNR = 10
M

∑M−1
m=0 log

{

1 +
∑

N
n=1 x2(mN+n)

∑

N
n=1[y(mN+n)−x(mN+n)]2+δ

}

(7)
wherex(.) is the set of normalized samples of the transmitted
audio sequence andy(.) is the set of normalized samples of the
received audio sequence.N is the frame length in samples,
M is the number of frames of the audio sequence, andδ is a
small number used to prevent dividing by zero. Defining Packet
SegmentedSNR (PSSNR) as the SegmentedSNR for one
packet and relying on (7), we define

PSSNR =
∑J−1

j=0 log
{

1 +
∑ N

n=1 x2(jN+n)
∑

N
n=1[y(jN+n)−x(jN+n)]2+δ

}

(8)
whereJ is number of frames in a packet to which we refer as

the Frame Group Number (FGN). We note that the summation
in the denominator of (8) represents distortionD measured in
terms of Mean Square Error (MSE). Thus, theSSNR of an
audio stream can also be represented in terms ofPSSNR as

SSNR =
10

M

I
∑

i=1

J−1
∑

j=0

log

{

1 +

∑ N
n=1 x2(jN + n)

∑

N
n=1[y(jN + n) − x(jN + n)]2 + δ

}

(9)

whereI is the number of packets of the audio sequence, and

M = JI. If packeti is received successfully,PSSNR(i) is
expressed as

PSSNR(i) =
J−1
∑

j=0

log

{

1 +

∑N
n=1 x2

i (jN + n)

δ

}

(10)

Notice that in this case, distortionD in the denominator of (8) is
equal to zero, i.e.,

∑N
n=1[y(jN +n)−x(jN +n)]2 = 0. In the

event of a packet loss, we use the Insertion-Base Repair (IBR)
algorithm of [7] to represent a lost packet. In IBR, a lost packet
is replaced by the last accurately received packet or if there is
no previously received packet, the next received packet is used.
More specifically,PSSNR is calculated using Equation (9)
after calculating distortion by computing the MSE between the
original reference sample values of the packet framesx(n) and
the sample values of the packet frames used in the error con-
cealment process. Hence, the value ofE[PSSNR] for packet
i is expressed as

E [PSSNR(i)] = (1 − Ψi)
∑J−1

j=0 log

{

1 +
∑Ni

n=1 x2
i (jNi+n)

δ

}

+ Ψi

∑J−1
j=0 log

{

1 +
∑Ni

n=1 x2
i (jNi+n)

∑ Ni
n=1[yi(jNi+n)−xi(jNi+n)]2+δ

}

(11)
and theE [SSNR] for the audio stream is equal to

E [SSNR] =
10

M

I
∑

i=1

E [PSSNR(i)] (12)

whereΨi is the probability of losing packeti derived from
Equation (6). Consequently, the optimization problem is given
by

max
(C1,··· ,CI)

E [SSNR] (13)

Subject To:
∑I

i=1 (Ci + Ri) ≤ BT (14)

0 ≤ Ci + Ri < 2si − 1, ∀i (15)

whereBT is the budget in channel coding symbols (or bits) al-
located for transmitting the audio sequence. We note thatBT

includes the overall data budgetBR =
∑I

i=1 Ri and the overall
parity budgetBC =

∑I
i=1 Ci allocated for the audio sequence

where data budgetRi for packeti includes both audio bitstream
payload and packet header bits. Further,si is the symbol size
of packeti chosen such that the packet sizeLi = Ri + Ci

does not exceed the maximum RS block size of (2si − 1) sym-
bols [8]. We solve the optimization problem using dynamic
programming [3]. We divide the original problem into sub-
problems and solve the sub-problems optimally in order to con-
struct the optimal solution of the original problem. The values
of E [PSSNR] for each packet, corresponding to all possible
parity symbol assignments that each packet can have, are cal-
culated and inserted into a so calledSSNR matrix. Denote
the values of this matrix asV (r, m) wherer is the row index
andm is the column index. Fig. 2(a) demonstrates how this
matrix is calculated. Consider an audio sequence ofI packets
where the number of rows of theSSNR matrix is equal toI
and each row corresponds to one packet. To find the elements
of the row associated with packeti, we simulate a loss event for
packeti and conceal the packet using the IBR concealment al-
gorithm. Then, we calculate the distortion measured in terms of
MSE between the original frames and the frames used in IBR
concealment algorithm. Next, we use the distortion measureto
calculateE [PSSNR(i)] and evaluate the perceptual sensitivity



of packeti. To calculateE [PSSNR(i)], we calculate the prob-
ability of losing packeti for all possible parity assignments.
More specifically,E [PSSNR(i)] is calculated using Equation
(11) for each parity assignment in the set{0, 2, · · · , BC}

∗. The
first column element of rowi of SSNR matrix is set as the
value ofE [PSSNR(i)] with a parity assignment of zero. Then
the number of parity symbols is incremented by two symbols,
the packet size associated with this assignment is calculated,
and compared against Constraint (15). If the constraint is sat-
isfied,Ψi andE [PSSNR(i)] corresponding to this assignment
are calculated, and inserted into the second column elementof
row i of SSNR matrix. The process of incrementing the par-
ity by two symbols, calculating the packet size, checking the
packet size constraint, calculatingΨi, andE [PSSNR](i) is re-
peated till the maximum allowable packet size determined by
Constraint (15) is reached. The reason for incrementing thepar-
ity by two symbols in each assignment relates to the fact thatΨ
is a function of the maximum correctable symbolstC = ⌊C

2 ⌋
as defined in Section II. The rows associated with each packet
i wherei ∈ {1, · · · , I} are filled the same way as described
above.

We now find the optimal parity assignments for each packet
maximizing theE [SSNR] of the overall sequence for a given
budgetBT . The problem is divided intoI stages, stage1 finds
the optimal solution for packet1, stage2 finds the optimal solu-
tion for both packets1 and2, stage3 finds the optimal solution
for packets1, 2, and3, and so on till reaching stageI in which
the optimal solution for the entire set of packets is identified.
As illustrated by Fig. 2(b), each stage has a state tableSTK

containing the optimal solution for stageK, and the informa-
tion needed to move from the stageK − 1 to stageK. The first
column of the state table contains the parity budget in symbols
of increment2. The second column contains the optimal parity
assignments for stageK, the third column contains the maxi-
mum value ofE [SSNR] for the firstK stages, and the fourth
column contains the maximum value ofE [SSNR] for the first
K−1 stages. We now proceed with computing the values of the
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Fig. 2. (a)SSNR matrix, and (b) the state table of stageK used in dynamic
programming

state table for stageK. ForK = 1, the values of the third and
fourth columns of the state table are computed directly fromthe
SSNR matrix. LetST1 be the state table of the first stage. For
each state valueS(j)

1 ∈ {0, 2, 4, · · · , BC}, the packet size is
calculated and checked against Constraint (15). If the packet
size limit is not reached, the optimal parity assignment is equal

∗For simplicity, BC is rounded to the closest coefficient including an even
number of channel coding symbols.

to S
(j)
1 , and the optimal value ofE [SSNR] associated with this

assignment is equal to elementV (1, h) of SSNR matrix where

indexh is calculated ash =
S

(j)
1

2 + 1. If the maximum allow-

able packet size is reached and corresponds toS
(j)
1 = S

(+)
1 , the

optimal parity assignment for that state value and state values
larger thanS(+)

1 is equal toS(+)
1 . Further, the optimal value of

E [SSNR] associated with this assignment is equal toV (1, h)

whereh =
S

(+)
1

2 + 1.
For stageK with 1 < K ≤ I, the information of stage

K − 1 is used to determine the optimal assignments. LetSTK

be the state table for stageK with 1 < K ≤ I. For each
state valueS(j)

K ∈ {0, 2, 4, · · · , BC}, the packet size is calcu-
lated and checked against Constraint (15). If the packet size
limit is not reached, the valid parity assignments for statevalue
S

(j)
K are {0, 2, · · · , S

(j)
K }. If the maximum allowable packet

size is reached and corresponds toS
(j)
K = S

(+)
K , the valid par-

ity assignment for state valueS(+)
K and state values larger than

S
(+)
K are{0, 2, · · · , S

(+)
K }. For each assignment, the values of

E [SSNR] for stageK and stageK − 1 are calculated. The
maximum value ofE [SSNR] in the third column identifies the
index of the row associated with the optimal assignment in stage
K. The process is repeated till reaching the last stage,I.

At the end of this stage, state tableSTI identifies the solution
to the optimization problem. The row containing the largest
value of E [SSNR] identifies the maximum overall value of
E [SSNR] and the optimal parity assignment for packetI in
its third and second column positions, respectively. To identify
the optimal parity assignment for packetI − 1, we find the op-
timal value ofE [SSNR] in the previous stage from the fourth
column position of the optimal row of state tableSTI . Then,
we use that value to search the values of the third column of
state tableI − 1. The corresponding parity assignment of the
second column of state tableI − 1 is the optimal parity assign-
ment for stageI − 1. We continue the process till we find the
optimal parity assignments of all packets.

At the end of this section, it is important to note that the time
complexity of our proposed dynamic programming algorithm is
in the order ofO(I.BC). The worst case time complexity of the
algorithm isO(Imax.BC) whereImax represents the number
of packets associated with a minimum packet length necessary
to keep the shortest single frame. While the worst case time
complexity remains much better thanO(B2

C), even a quadratic
complexity is much better than an exponential complexity as-
sociated with an exhaustive search algorithm.

IV. PERFORMANCEEVALUATION

In this section, we present our performance evaluation results
based on our proposed framework. We consider the transmis-
sion of the MPEG-4 encoded sequences over wireless links. In
our experiments, we utilize a play back buffer at the receiving
end. We choose the buffer size according to transmission de-
lay, jitter, and play back consumption rate such that the buffer
is neither in the state of overflow nor in the state of underflow
during play back. As indicators of sequences with various char-
acteristics, our reported results relate to the sopr44-1 opera se-
quence and the vioo10-2 music sequence audio clips. For both



clips, the sampling rate is 48k sample/second with a sample
size of 16 bits and each frame is assumed to have 1024 sam-
ples [6]. Our protocol stack model utilizes Internet Protocol
(IP), User Datagram Protocol (UDP), and Real-Time Protocol
(RTP) resulting in a header size of40 bytes. We generically
emulate the effects of PHY and MAC layers through the two-
state GE model. We protect packets using RS codes utilizing
a symbol size ofs bits. The symbol sizes is chosen such
that the combined size of payload, header, and parity in sym-
bols does not exceed the maximum allowable packet size de-
termined by Equation (15). We chooses ∈ {8, 9, 10} bits for
FGNsJ ∈ {1, 2, 4}, respectively. Packets are modulated using
BPSK modulation and transmitted over the wireless channel.
For the wireless channel model, the transition probabilities of
the GE model are set asγ = 0.99875 andβ = 0.875 respec-
tively representing average burst lengths of800 and8 bits for
state G and B [12]. Further, we considerSNRG = 10SNRB

to differentiate between the qualities of a link in state G and B.
We consider four different MIMO configurations representing
improved SER characteristics of a link in an ascending order.
They are namely (1) single-transmit single-receive (1 × 1) uti-
lizing MRC, (2) double-transmit single-receive (2 × 1) utiliz-
ing STBC, (3) single-transmit double-receive (1 × 2) utilizing
MRC, and (4) double-transmit double-receive (2 × 2) utiliz-
ing STBC. At the receiving side, a packet is passed from the
MAC layer to upper layers for decoding if not corrupted. In
the case of having a corrupted packet, the last received packet
is used to conceal the corrupted packet. With the exception of
Fig. 4, our generated performance evaluation curves indicate
E [SSNR] measured in dB scale for the entire received audio
stream on the vertical axis andSNRG also in dB scale on the
horizontal axis. Every point on each curve indicates an average
value taken over 10 experiments.

First, we investigate the effects of the choice of FGN on
transmission without applying any channel coding. Then, we
illustrate how performance is improved utilizing our proposed
UEP scheme for different permutations of transmission budget
and MIMO configurations. Fig. 3 shows the results of sopr44-1
audio clip for different FGNs utilizing1 × 2 MIMO configu-
ration in the absence of any FEC protection. All figures show
that the quality of reconstructed clip improves following ahys-
teresis pattern as the quality of the channel improves. However,
increasing the value of FGN results in shifting the transitioning
segments of a curve to the right. The reason behind this obser-
vation is that without the use of FEC the occurrence of any bit
error will render the entire packet useless. For larger FGNs, the
packet size increases in turn requiring the use of larger symbol
sizes. Consequently, both the symbol error rate and the packet
loss rate increase.

Fig. 4 presents the distortion results of the sequence mea-
sured in terms of MSE against the packet number for three
choices of FGN. Notice that losing a packet from a larger FGN
has a more significant impact on the performance than losing a
packet from a smaller FGN. In addition, the distortion differs
from one packet to another. These observations justify the use
of a UEP scheme to mitigate the effects of the wireless channel
bit errors.

Now, we investigate the performance effects of applying the
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Fig. 4. The distortion of sopr44-1 audio clip in terms of MSE for FGNs (1,2,4).

Optimal UEP (OUEP) algorithm of Section III in conjunction
with using different MIMO configuration. Fig. 5 compares the
performance of the four MIMO scenarios indicated above for
sopr44-1 audio clip utilizing an FGN of one. Once more, the
curves show the familiar hysteresis pattern of improvementas
the quality of the channel improves. However, the transitioning
segment of a curve shifts to the left as a MIMO configuration
with a better SER characteristic is used. The results are consis-
tent with experiments performed using other FGNs as well as
different audio clips.

Next, we provide a performance comparison of our OUEP
algorithm, an ARQ-based UEP algorithm to which we refer as
AUEP, and an Equal Error Protection (EEP) scheme serving
the role of our baseline. In all of our experiments, the over-
all transmission budget is fixed. However, we allow the budget
to be distributed among bitstream payload, packet header, and
channel coding according to the choice of FGN and protection
algorithm. We note that for a given FGN, the overall available
parity budget of EEP is calculated asBC = BT −

∑I
i=1 Ri

with Ri representing the sum of bitstream payload and header
size of packeti. However depending on the result of optimiza-
tion, OEUP may in fact transmit a smaller number of bitstream
payload bits in order to be able utilize a larger number of par-
ity bits and achieve a better overall quality. Given an FGN and
BC , AUEP orders the frames based on their perceptual impor-
tance first and budget allowing proceeds with transmitting all of
the frames. Once the full set of frames are transmitted, AUEP
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Fig. 5. A performance comparison of different MIMO configurations utilized
in conjunction with our Optimal UEP (OUEP) algorithm. The sopr44-1 audio
clip, an FGN of 1, and a FEC rate of5% of the total budgetBT = 158KB

are used.

continues with retransmitting packets reported lost in transit by
the receiving end and in the order of perceptual priority. The
process may get repeated in multiple rounds and comes to an
end after all of the remaining budget has been used. Given
an FGN andBC , EEP assigns the parity budget of packeti as
Bi = Ri

∑

I
i=1 Ri

BC .
Fig. 6 and and 7 compare the performance results of the

three schemes for sopr44-1 and vioo10-2 audio clips, respec-
tively. The most important observation based on the resultsof
figures shown here and ones not shown here is that our OUEP
outperforms both AUEP and EEP independent of the choice of
audio clip and for comparable choices of FGNs, MIMO config-
urations, and FEC rates. Aside from the observation above, the
following observations are of importance. We notice that the
performance of the higher FGN scheme is better than the lower
FGN scheme using the same budget. In addition, the difference
in performance between higher and lower FGN schemes is re-
duced as the result of applying OUEP making the higher FGN
scheme more appealing than the lower FGN scheme due to its
lower overhead.
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Fig. 6. Performance analysis of sopr44-1 audio clip for FGNs(1,4) with
8% overall FEC of the total budgetBT = 164KB utilizing 1 × 1 MIMO
configuration.

V. CONCLUSION

In this paper, we presented an optimization framework for
audio transmission over wireless channels. Our framework pro-
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Fig. 7. Performance analysis of vioo10-2 audio clip for FGNs(1,4) with
15% overall FEC of the total budgetBT = 182KB utilizing 1 × 2 MIMO
configuration.

posed an optimal UEP scheme for assigning parity bits such that
more protection is given to the most sensitive packets. In ad-
dition, we presented a frame grouping technique to reduce au-
dio transmission overhead. Our experimentation results showed
significant improvement in the performance as a result of using
the proposed framework. As the subject of our future work,
we are working on the extension of our framework to jointly
optimize the reduction of packetization overhead, protection
against random bit errors, and protection against packet era-
sures. We are also investigating more sophisticated scenarios
of delay and buffering.
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