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Abstract—We present an optimization framework for trans-
mitting VoIP packets generated by a multi-rate voice encoder
over error-prone wireless links. Our proposed framework aims at
identifying the optimal joint source channel coding rates of each
voice frame based on the frame perceptual importance such that
the quality of the received speech signal is maximized. Simulation
results show that our proposed framework outperforms its
literature counterparts and has a low computational complexity.

I. INTRODUCTION

Protecting voice against bit errors introduced by fading
links and packet erasures caused by network buffering is
essential for delivering reliable and high quality voice over
wireless links. Forward Error Correction (FEC) channel codes
are widely used to mitigate both types of errors. In addition,
using voice encoders such as the AMR [1] and Speex encoders
[2] that are capable of changing their encoding rate on a per
frame basis allows for jointly optimizing the allocation of
source and channel coding symbols associated with a voice
sequence. However, there is a tradeoff between the assignment
of source and channel coding symbols. For a channel code
with a fixed block size of L symbols, increasing the number
of source coding symbols S can increase the voice quality but
reduces the number of channel coding symbols C = L − S,
in turn reducing the probability of receiving the block. On the
other hand, reducing the number of source coding symbols
may impair the voice quality while improving the strength of
channel coding and the probability of block recovery.

In the literature, many techniques have been proposed to
improve the quality of voice delivered over wireless links.
Examples include the works of [3], [1], [4], [5], and [6].
The closest works related to this paper are presented in [1],
and [6]. Matta et al. [1] present a dynamic joint source
channel coding adaptation algorithm for VoIP utilizing the
AMR speech encoder. Their algorithm calculates the optimal
rates allocated to each frame for a set of given Quality of
Service (QoS) constraints. Chen et al. [6] propose another
optimization problem for providing unequal error protection
of voice frames according to perceptual importance. One can
notice that the papers cited above consider either the existence
of packet erasures caused by network buffering overflow or
bit errors introduced by the fading wireless links but not
both packet erasures and bit errors jointly. Further, both
packet erasures and bit errors are modeled by the so-called
stateless Bernoulli model that does not accurately capture the
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temporally correlated characteristic of loss observed over both
wired and wireless networks.

This paper proposes a framework of transmitting voice
frames that maximizes the quality of the received voice. It
does so by identifying the optimal tradeoff between source
and channel coding assignments of each voice frame based on
the perceptual importance of that frame.

In our previous works of [7] and [8], we proposed optimiza-
tion frameworks for transmitting stored audio sequences over
noisy wireless channels. We used dynamic programming to
solve optimal rate allocation problems associated with stored
audio. In this paper, we are interested in solving optimal rate
allocation problems associated with the transmission of real-
time voice as oppose to audio over tandem channels. We note
that the use of dynamic programming for solving the problems
of interest to this paper is not an option due to its time
complexity. This work utilizes an accurate model capturing
the tandem loss pattern observed over wireless links. Relying
on that model, it proposes a low-complexity optimization
framework that chooses the source and channel coding rates of
multi-rate encoded voice sequences transmitted over wireless
links. Such links are assumed to be prone to both bit errors
and packet erasures.

The rest of this paper is organized as follows. In Section II,
we describe our proposed framework based on a detailed study
of the wireless channel. Then in Section III, we formulate
and solve the optimization problem. Section IV describes
our experimentation setup and performance evaluation results.
Finally, Section V concludes the paper and proposes future
work.

II. SYSTEM DESIGN

In this section, we provide a description of our proposed
framework. Fig. 1 shows a block diagram of the proposed
framework. The voice signal is passed through a Voice Activity
Detection (VAD) module which suppresses the silent periods,
detects the voice activity periods, and produces a series of
Talk Spurts (TS’s) speech signals. Relying on the algorithm
of [9], we uses short-term energy and zero-crossing rates as
an indication of speech activity.

Each TS signal is processed independently to reduce the
processing and buffering time delay of the entire voice signal.
As shown in Fig. 2, speech is generally described by a
two-state Markov chain with states associated with talk and
silence. Furthermore, talk frames are classified into voiced
and unvoiced states. Each TS consists of a number of voice
frames. A frame is defined as a portion of the signal for a
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certain period of time Tf . We set Tf = 20ms, the same
value for the frame period used by the Speex encoder used
in our experiments [2]. The classification of the voiced and
unvoiced frames is important in evaluating the perceptual
importance of each frame. To do so, an analysis by synthesis
approach similar to the one proposed in [6] is used at the
transmitter. Such approach simulates frame loss that may result
by channel errors at the sender and conceals the frame using
the same error concealment algorithm used by the receiver.
For simplicity, we use an Insertion Based Error Concealment
(IBEC) method which simply replaces the lost frame by the
last correct received frame. It is important to note that the
proposed framework can be used with any error concealment
algorithm, and the choice of IBEC is appropriate from the
standpoint of practicality. Hence, each frame is concealed by
its preceding frame and the distortion in terms of Log Spectral
Amplitude Distortion (LSAD) [10] is calculated between the
original voice signal and the one used in error concealment.
The distortion values of each voice frame is used later in the
optimization problem described in Section III. Accordingly,
we notice that the distortion values vary significantly when a
voiced frame is followed by a non-voiced frame or vice versa.
Thus, the perceptual importance of a frame not only depends
on the frame itself but also on the location of that frame in
the TS. Fig. 2(a) shows how the distortion varies for each
frame according to its perceptual importance. Consequently,
the optimal encoding rate for each frame is calculated as
described in Section III. Each encoding rate is then used by the
multi-rate encoder for its associated frame. Once the frames
are encoded, frame symbols are aligned into a two-dimensional
grid as shown in Fig. 3(b), where channel coding is applied
to each frame vertically and packets are formed horizontally
before getting transmitted over the wireless channel. Once
packet payloads are formed, the header of each packet is added
and compressed. Notice that this grid alignment mitigates the
effect of packet loss. This is due to the fact that the loss
of one packet in the proposed grid alignment translating to
the loss of one symbol for each voice frame which can be
potentially recovered using the parity FEC symbols allocated
to that frame. At the receiver, after the voice frames that belong
to one Talk Spurt are received, the two-dimensional grid is
reconstructed and channel decoding is applied to each voice
frame vertically 1. Then the corrected frames are passed to the
voice decoder for decoding, IBEC error concealment algorithm
is applied to lost frames, and the TS voice signal is played out.

III. OPTIMIZATION FORMULATION AND SOLUTION

In this section, we formulate our optimization problem and
solve it based on a detailed study of the wireless channel. The
purpose of solving optimization problem is to find the source-
channel symbol assignment of each voice frame such that
the quality of the received voice signal is maximized. In our

1Notice that in order to reconstruct the grid alignment at the receiver, the
receiver must keep track of the RTP sequence number of the transmitted
packets. Provided that the transmitter starts a new numbering sequence for
transmitting each new TS, this number is used to detect packet loss, to identify
the end of the TS, and the beginning of a new TS.

Fig. 1. A block diagram of the proposed framework.

Fig. 2. The first 21 frames of dg145 [11] speech signal are analyzed: (a) the
Frame Log Spectral Amplitude Distortion defined in Equation (7) associated
with losing each frame, (b) the signal in time domain, and (c) the modeling
of the speech signal by a two-state (talk and silence) Markov chain. Further,
the talk state can be classified into voiced and unvoiced states.

analysis, we utilize the two-state Gilbert-Elliott (GE) model to
simulate bit errors introduced by the fading wireless channel.
In the GE model, the random corruption pattern of a voice
bitstream is described by a two-state Markov chain introducing
a good state (G) with a self transition probability γ, and a
bad state (B) with a probability of self transition β. State G
represents a bit error rate of εG, while state B represents a
bit error rate of εB where εB >> εG. Let P (t, q,G) and
P (t, q, B) denote the probability of receiving q bits from t
transmitted bits and ending up in state G and B of the GE
model, respectively. Then the overall probability of receiving
q bits from t transmitted bits under the GE model is equal to
[7]

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

We refer the reader to [7] for the details of calculating the
recursive probabilities P (t, q, G) and P (t, q, B) as a function
of PHY layer parameters such as antenna coding and configu-
ration as well as the modulation type and number of points in
modulation constellation. For simulating packet erasures, we
rely on the Gilbert (G) model which can be considered as a
special case of the GE model in which εG = 0 and εB = 1.
We justify the use of the G model considering the use of drop
tail queuing scheme in many of today’s network queues. We
apply the G model on the transmitted packets and investigate
different values of the probability of packet erasure (Pers) by
varying both γ and β, where β = 2 − γ − (1 − γ)/Pers
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(a) The optimization decision search tree

(b) The grid alignment for the Talk Spurt voice frames

Fig. 3. An example of one Talk Spurt consisting of M frames (F1, · · · , FM ):
(a) the optimization decision search tree in which the optimal encoding rate
(R) for each frame is chosen from among up to U different encoding rates
R1,2,3,4,..,U−1,U , and (b) the two-dimensional grid alignment of the Talk
Spurt frames after encoding. Given the block size L in symbols, an indicator
of the number of packets per TS, each voice frame consists of Si,j source
symbols where i is the frame number and j is the symbol number of that
frame. Channel coding is applied vertically to each frame and thus each frame
may have a different number of channel coding symbols, i.e., Ci,j = L−Si,j .

[12]. We propose the use of Reed Solomon (RS) FEC channel
coding scheme at the link layer to jointly mitigate the effects
of random bit errors and packet erasures. An RS code with
C parity symbols can correct up to Nerr symbol errors and
Ners symbol erasures for as long as 2Nerr + Ners ≤ C [13].
According to the discussion of [13], the probability of channel
coding block loss Ψ(L,Cm) is described as:

Ψ(L,Cm) = 1−∑L
q=0 p

(
Nerr ≤ bCm−q

2 c|Ners = q
)
·

Pers(L, q)u(Cm − q).
(2)

where Nerr is the number of non-overlapping symbol errors,
L is the size of the block m in symbols, Pers(L, q) is the
probability of q packets erased out of L transmitted packets,
which is calculated using Equation (1), and u(Cm − q) is the
unit step function defined as

u(Cm − q) =
{

1 if q ≤ Cm

0 if q > Cm.
(3)

It follows that

p
(
Nerr ≤ bCm−q

2 c|Ners = q
)

=
∑bCm−q

2 c
j=0 p(Nerr = j|Ners = q).

(4)

If packets are sufficiently large, symbol errors can be consid-
ered independent and as a result

p(Nerr = j|Ners = q) =(
L−q

j

)
(1− P (s, s))j(P (s, s))L−q−j .

(5)

Having described the channel coding approach, the main
objective of the optimization problem is to find the optimal
source-parity assignment of each vertical channel coding block
that maximizes the quality of received voice signal in the
presence of random bit errors and packet erasures. We use
the Log Spectral Amplitude Distortion (LSAD) [10] defined
below as our metric of performance evaluation:

LSAD[Xl(k), X̂l(k)] = [log2 Al(k)− log2 Âl(k)]2. (6)

In the equation above, Al(k) and Âl(k) are the magnitudes of
the reference signal Xl(k) and the distorted signal X̂l(k) both
measured in the frequency domain. As such, the main target
is to minimize the expected distortion of the received voice
frames, which in turn maximizes the quality of the received
signal. Defining Frame Log Spectral Amplitude Distortion
(FLSAD) as the distortion caused by losing one frame, we
have

FLSAD(m) =∑N
n=1[log2 Am(mN + n)− log2 Âm(mN + n)]2 + fm(ri),

(7)
where m is the frame number, N is the number of samples
per frame, Am(.) and Âm(.) represent the spectral envelop of
the transmitted and received signal after applying the IBEC
error concealment algorithm, respectively2. Further, fm(ri) is
the distortion of the source encoder expressed as a function of
rate as shown below.

fm(ri) = fo(m)22k(rmax−ri), (8)

In Equation (8), fo(m) is found by measuring the LSAD of
that frame in comparison with a silence frame presented by a
zero output signal. Further, ri is the encoding rate chosen from
among one of U different values supported by the multi-rate
voice encoder and rmax is the maximum possible encoding
rate. However, in the case of realistic encoders, the authors
of [14] found that Equation (8) constitutes a good and tight
upper bound on the real rate-distortion curve. Furthermore, the
parameter k can be found experimentally for any encoder [14].
Thus, the LSAD of a speech Talk Spurt (LSADTS) can be
represented in terms of FLSAD as

LSADTS =
1

10 ·M
M−1∑
m=0

FLSAD(m). (9)

If frame m is received successfully, FLSAD(m) is expressed
as

FLSAD(m) = fm(ri). (10)

Notice that in this case, the FLSAD distortion in Equation
(7) is equal to fm(ri), i.e.,

∑N
n=1[log2 Am(mN + n) −

log2 Âm(mN+n)]2 = 0. Hence, the value of E[FLSAD(m)]

2In order to keep the continuity of the first and last points in a frame while
calculating the discrete fourier transform associated with the spectral envelop,
each frame is multiplied by a Hamming window w(n), where w(n) = (1−
α)−α. cos(2.π.n/(W − 1)). The window size W equals to the number of
samples per frame (160 samples in this case), and α is set to 0.46.
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for a frame m is expressed as

E [FLSAD(m)] = Ψm(fm(ri)+∑N
n=1[log2 Am(mN + n)− log2 Âm(mN + n)]2)

+ (1−Ψm)fm(ri).
(11)

Equally, we can express

E [LSADTS ] =
1

10 ·M
M−1∑
m=0

E [FLSAD(m)]. (12)

Consequently, the optimization problem is given by

min
(C0,··· ,CM−1,r(0,i),··· ,r(M−1,i))

E [LSADTS ]

Subject To :∑M−1
m=0 Cm + Rm ≤ LM

0 ≤ L = Cm + Rm < 2sm − 1. ∀m

(13)

We note that sm, the symbol size of block m, is chosen such
that the block size L consisting of frame payload symbols
Rm and parity symbols Cm assigned to that frame does
not exceed the maximum RS block size of 2sm − 1. The
quantity rj,i is the encoding rate mode i of the frame j where
i ∈ {1, 2, 3, .., U}. L is identified as L = Rmax.(1 + ζ)
where Rmax is the maximum source payload corresponding
to the maximum encoding rate rmax, Rmax = rmax · Tf ,
ζ is a positive number chosen such that L(M + H) ≤ B
where B is the available budget allocated to transmit the
Talk Spurt. H is the sum of the UDP/RTP/IP compressed
header size. Notice that if the available budget B is very
low, one may end up with a non-feasible value for ζ. In such
case, the adaptation algorithm reduces the number of encoding
modes, and hence for example, instead of having U different
modes, the algorithm may reduce the number of modes to
U − 1, or U − 2, or U − 3 modes. Also, notice that due to
the formation of the two-dimensional grid, L represents the
number of transmitted packets per TS. Consequently, LH is
the packetization overhead associated with TS transmission. In
order to solve the optimization problem described in Equation
(14), we claim that the problem can be converted to an
unconstrained optimization problem and solved relying on a
simple search method with a linear complexity. To justify our
claim, we notice by inspecting Fig. 3(b) that the formation of
the two-dimensional grid and the choice of ζ guarantee both
constraints are satisfied. As such, the optimization problem
can be simplified as follows:

min
(C0,··· ,CM−1,r(0,i),··· ,r(M−1,i))

E [LSADTS ] =

0.1
M

∑M−1
m=0 min

(C0,··· ,CM−1,r(0,i),··· ,r(M−1,i))
E [FLSAD(m)].

(14)

For each frame, the algorithm evaluates E [FLSAD(m)] for
all of the available modes (U ) and chooses the encoding
mode that minimizes the expression of E [FLSAD(m)] for
that frame. We conclude this section by studying the time
complexity of the proposed algorithm used for solving the
optimization problem. Fig. 4 shows the optimization search
tree used to determine the optimal source-channel allocation of
each voice frame. As shown by the figure, the search tree has a
root node R with number of children equaling to the number of

frames M in the Talk Spurt. Each child node has U leaf nodes,
where U is the number of encoding modes supported by the
multi-rate voice encoder. The complexity of building the tree
is proportional to the total number of nodes Ntotal = M.U . As
such, the complexity of building the tree is equal to O(MU).
Once the search tree is built, the the optimal source-channel
allocation of each frame is determined by performing an ex-
haustive search over all feasible points of the tree branches. For
example, to determine the optimal source-channel allocation
of frame 1 represented by node F1 in the search tree, a
search is performed over all possible operating nodes R1 to
RU . In Fig. 4, the optimal encoding rate of each frame is
red color-coded for clarity. The following comments are in
order when solving the optimization problem. First, the time
complexity associated with performing an exhaustive search
is exponentially proportional to the number of search points,
i.e., O(exp(U)). However, performing a full search over all
feasible points is not that time consuming considering the
fact that multi-rate encoders such as AMR and Speex have
a limited number of modes. For AMR and Speex encoders,
U ≤ 8 and U ≤ 10, respectively. Second, the calculation of
Ψ(L,Cm) from Equation (2) does not depend on the input
signal X . Thus, in order to reduce the processing time, the
quantities of Ψ can be calculated off-line and inserted into
a look-up table for different values of Cm, L, and channel
conditions.

Fig. 4. The optimal tree search used to determine the optimal source-channel
allocation for each voice frame.

IV. SIMULATION RESULTS

In this section, we discuss the performance evaluation
results of transmitting speech signals over a tandem channel
affected by both bit errors and packet erasures. Recall that in
this case our optimization technique jointly protects a voice
signal against both bit errors and packet erasures while maxi-
mizing the quality of the received signal. It does so by finding
the optimal source-parity assignment of a given budget (B) to
voice blocks vertically according to the formation of a grid of
symbols. We perform experiments with several speech signals
extracted from real VoIP calls of different durations and char-
acteristics. We test our framework on VoIP calls generated by
people in different age groups (adult, child), different genders
(male, female), different qualities, and different languages. In
addition, we use the ITU P.862 conformance speech test files
[11] leading to different acoustics characteristics. For the voice
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Fig. 5. ORA histograms capturing the number of frames for each encoding rate associated with dg129 speech clip transmitted over a (1 × 1) MIMO
link with a total budget of BT = 5.6KB and a 10% average packet erasure rate. Results correspond to (a) SNRG = 9dB, (b) SNRG = 15dB, (c)
SNRG = 21dB, and (d) SNRG = 30dB.
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Fig. 6. A performance profiling of dg129 speech clip transmitted over a (1×1) MIMO link with a total budget of BT = 5.6KB and a 10% average packet
erasure rate. The figures illustrate ORA measurements of (a) LSAD, (b) PESQ-MOS, and (c) block loss rate all as functions of SNRG.

activity detection algorithm proposed in [9], we use the Matlab
implementation available at [15]. Our protocol stack utilizes
Internet Protocol (IP), User Datagram Protocol (UDP), and
Real-Time Protocol (RTP) resulting in a header size of 40
bytes. In order to reduce the transmission overhead, we use
compressed packet headers reducing the size of the header to
5 bytes. We generically emulate the effects of loss in PHY
and MAC layers using the two-state GE model and the effects
of NETWORK layer loss relying on the two-state G model.
We protect packets using RS codes utilizing a symbol size of
8 bits. The transition probabilities of the GE model are set as
γ = 0.99875 and β = 0.875 representing average burst lengths
of 1/(1− γ) = 800 and 1/(1−α) = 8 bits for state G and B
states, respectively. Further, we consider SNRG = 10SNRB

to differentiate between the qualities of the transmission link
in the good and bad state. Referencing Equation (1), we note
that our optimization approach can capture a variety of MIMO
configurations. For the G model and different values of packet
erasure probability Pers, we choose the value of γ = 0.998
and calculate β = 2 − γ − ((1 − γ)/Pers) [12]. We use the
Speex codec version 1.0.5 provided by [2]. However, we note
that the current distribution of the codec does not support
per-frame encoding. Thus, we modify the source code of
the encoder in order to achieve this functionality. The Speex
encoder supports different data rates associated with 10 modes
(qualities) of operation. However, modes 2, 4, 6, and 8 are the
main modes significantly affecting the voice quality. These
modes are: mode 2 (ri = 5.95 Kbps), mode 4 (ri = 8 Kbps),

mode 6 (ri = 11 Kbps), and mode 8 (ri = 15 Kbps). For the
value of k found in Equation (8), we use k = 5.25e(−6). Our
performance evaluation experiments generate three main sets
of curves. The first set of curves capture LSAD measured in
dB for the entire received speech signal. The second set of
curves measure the Perceptual Evaluation of Speech Quality -
Mean Opinion Score (PESQ-MOS), and the third set of curves
measure the block loss ratio of the received sequence. All
curves are expressed as functions of SNRG measured in dB.
Every point on each curve indicates an average value taken
over 100 experiments. We conduct our experiments by varying
the MIMO configuration, the budget, and the signal-to-noise
ratios. 3. We compare our scheme with two other schemes to
which we refer as Optimal Unequal Protection (OUP), and
Optimal Piggybacking Error Correction (OPEC). Protecting
the frames against packet loss only, the OUP scheme utilizes
the adaptive unequal packet level RS coding policy proposed
by [6]. In this scheme, the sender calculates the expected
distortion for all of the VoIP frames of the TS and provides
protection only to the most important packets identified by
the highest expected distortion. The OPEC scheme utilizes the
adaptive piggybacking error protection policy widely used in
many VoIP applications such as Robust Audio Tool (RAT)
[17]. Similar to OUP, the sender calculates the expected
distortion of all TS frames and protects the most important

3While our approach works with any number of points in modulation
constellation, the choice of BPSK is appropriate from the standpoint of
practicality.
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frames by sending a copy of those frames piggybacked onto
the subsequent packet. The illustrations of Fig. 5 show how
our ORA scheme selects the optimal encoding rates according
to wireless channel conditions and packet erasure rates. Good
channel conditions are identified by high SNRG values and
low packet erasure rates, while bad channel conditions are
identified by low SNRG values and high packet erasure
rates. As illustrated by Fig. 5(a,b), the algorithm assigns
low encoding rates (high FEC rates) to most of the voice
frames in bad channel conditions. On the other hand, higher
encoding rates (lower FEC rates) are assigned as channel
conditions improve as shown in Fig. 5(c,d). Moreover, Fig.
6 compares the performance results of transmitting a series
of VoIP Talk Spurts associated with dg129 speech clip [11].
Based on the results of the figures noted above and others
omitted due to space limitation, we observe that our proposed
ORA scheme outperforms the other two schemes for different
voice sources (male, female, adult, child), language, antenna
configuration, packet erasure rate, and budget. The results
are, in fact, consistent in all of the conducted experiments
using a variety of VoIP calls. We also notice that utilizing a
higher quality MIMO link and a higher budget value results
in achieving a higher PESQ-MOS score and lower distortion
and block loss values. While not shown here due to space
limitation, we noticed that that the ORA scheme assigns higher
encoding rates to the most of the voice frames when utilizing
1×2 MIMO configuration and under low packet erasure rates
compared to the case of 1× 1 MIMO configuration and high
packet erasure rates. This is due to the fact that utilizing a
better MIMO configuration and having a low packet erasure
rate decreases the probability of block loss due to bit errors
and packet erasures, respectively. Consequently, the algorithm
assigns more bits to source coding than channel coding, which
in turn reduces the source coding distortion and improves
the voice quality. While the performance of OUP and OPEC
significantly degrade under bad channel conditions due to
weak channel coding assignments, both performances improve
as the channel conditions improve.

V. CONCLUSION

In this paper, we proposed an efficient optimization frame-
work for transmitting VoIP content over wireless tandem
channels prone to both bit errors and packet erasures. We
formulated a constrained optimization problem, reduced it to
an unconstrained optimization problem, and solved it relying
on a simple search strategy making the use of our method
appropriate for real-time voice transmission. We showed that
our proposed scheme outperforms other proposed schemes.
Currently, we are extending this work from a point to point
transmission scenario to a network transmission scenario.
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