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Abstract: -Voice over Internet Protocol (VoIP) is a the best alternative to the traditional voice communication 
system, since VoIP system converges the data, voice and video data and reduces the cost of call transmission 
by passing packets through the available bandwidth through internet protocol. Since the environmental noise 
may affect the intelligibility of the speech signal, so it is desirable to use the speech processing methods to 
enhance the quality and intelligibility of the speech signal. The proposed scheme, interpolated finite impulse 
response (IFIR), is implemented as post-processor after decoding the signal in wideband VoIP system. The 
performance of the proposed scheme is evaluated for various types of noises at different network conditions. 
The results of the proposed scheme are measured with the wideband-extension to perceptual evaluation of 
speech quality measurement (WB-PESQ) for wideband signal. The performance of the proposed system is 
compared with the existing techniques for quality improvement in VoIP system. The results show much 
improvement in speech quality with proposed scheme in comparison to other similar schemes. 
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1   Introduction 
Voice over Internet Protocol is a popular 
communication service for transporting voice data 
packets over packet switched networks such as 
internet. VoIP reduces the cost of call transmission 
by passing voice and video packets through the 
available bandwidth for data packets and also 
provide additional services such as voice and video 
conferencing, text chat, caller ID, voice mail, call 
forwarding [1]. But the quality of speech signal is 
one of the main problems in the implementation of 
the voice over IP. The speech quality is not only 
affected by IP impairment such as packet loss etc, 
but also due to the presence of background noise 
since the VoIP user may be in wired or in mobile 
environment. The acoustic noise affecting the voice 
signal quality may include variety of different 
components. This type of noise is typically non-
stationary, may have an average spectrum close to 
the user’s own voice [2]. Since the environmental 
noise may affect the intelligibility of the speech 
signal, so it is desirable to use the speech processing 
methods to enhance the signal quality and 
intelligibility. However, to be able to compete with 
the highly reputed public switched telephone 
network (PSTN), VoIP system should be able to 
achieve comparable quality to that achieved by 
PSTN.  Many approaches to improve the speech 
signal and optimization of the codec can be found in 
the literature. The spectral subtraction based noise 
suppression system was proposed by Boll [3]. The 

Kalman filtering method was proposed for speech 
enhancement in [4] and the performance of the 
proposed method was compared with stationary and 
non-stationary Wiener filtering method. Langi [5] 
had implemented ITU-T G.723.1 voice codec 
algorithm for VoIP gateways on TMS320C5402 
DSP processor and use optimization techniques to 
improve processing time. Han et.al [6] had 
implemented the Weiner filter operation for noise 
reduction in VoIP speech codecs. A modified wiener 
filter based noise reduction scheme optimized to the 
estimated SNR at each frequency bin as a logistic 
function. Malvar et.al   [7] presented the use of 
optimal FIR pre and post filters for decimation and 
interpolation of the random signals. Wu et.al   [8] 
proposed the use of the multipath adaptive 
interpolated FIR filter for the echo cancellation for 
the communication systems. The finite impulse 
response filters have been investigated and 
implemented on TMS320C6713 DSP processor for 
quality improvement of the degraded VoIP signal   
[9] . The interpolation finite impulse filter for noise 
reduction and concealment of the lost packets was 
also analyzed   and  implemented on TMS320C6713 
DSP processor for VoIP system and the 
implementation results indicates much improvement 
in the signal quality of the VoIP signal [10, 11]. This 
paper describes the study and performance 
evaluation of Interpolated finite impulse response 
(IFIR) filter based system for wideband VoIP 
applications in the presence of the background 
noise.  
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Fig.1 Conceptual diagram of Proposed System 
 
The noisy speech signal is encoded with Adaptive 
multi-rate wideband (AMR-WB) [12] codec and the 
efficiency of the proposed system is tested at 
varying packet size & varying packet loss rate 
network conditions. The results of the proposed 
system are then compared with the system which 
involves interleaving technique. 

The brief description of the proposed 
System, filter design is presented in the next section. 
The packet loss modeling is described in Section III 
and the Section IV presents the design of the IFIR 
scheme. The performance analysis results of the 
proposed scheme are presented in Section V. The 
last section concludes the work and presents the 
future work. 
 
2   Proposed System 
To conceal the lost packet and reduce the effect of 
environmental noise, the IFIR based scheme is 
proposed. The IFIR filter is applied as post 
processor after the decoding in the proposed system. 
The performance of the proposed system is 
evaluated with Wideband extension- Perceptual 
Evaluation of Speech Quality (WB-PESQ) 
measurement defined by ITU-T recommendation 
P.862.2 [13] for wideband coders. The proposed 
system is presented in Fig. 1. The simulation for 
VoIP system is performed in noisy environment 
with different types of background noises. The basic 
steps in derivation of the proposed system are: 
Step 1: The noisy speech signal is fed in to the 
system, which is degraded with various types of 
background noises including babble, car and street 
at SNR of 0, 5, 10, 15 dB. The about 500 noisy and 
clean speech samples at different SNRs for both 
male and female are taken from   [14].  
Step2: The noisy speech signal is then encoded with 
AMR-WB   speech encoder at different data rates, 
which is the compressed version of the input signal.  
Step3: To save the bandwidth and to reduce the 
header overhead in VoIP system, the multiple 
speech frames are transmitted in single packet   [15]. 
 

 
In case of the larger size, there is a distortion in the 
voice quality level   [16]. The compressed signal is 
then packetized into VoIP packets to transfer it to 
the IP network. To check the network efficiency, the 
packet size is varied from one to six voice fames 
into single packet. 
Step4: To introduce the IP network impaired into 
speech signal, the Gilbert model   [17]-[19] is used 
in this work. The signal is degraded with different 
packet loss rates.  
Step5: The degraded VoIP signal is depacketized 
and then decoded with AMR-WB decoder.  
Step6: The proposed IFIR scheme is implemented 
on the degraded VoIP signal to enhance the signal 
quality. 
Step7: The signal measurement is performed with 
WB-PESQ. After comparing the degraded signal 
with the original, the WB-PESQ measurement gives 
the subjective measurements. 
 
 
 
 
 
 
 
 
 
 
 

Fig.2 Two-state Gilbert Model 

3   Packet Loss Modeling 
Packet loss is a major source of speech impairment 
in voice over IP networks. Packet losses are not 
independent on a frame-by-frame   basis, but appear 
in bursts. Such a loss may be caused by discarding 
packets in the IP networks (network loss) or by 
dropping packets at the gateway/terminal due to late 
arrival (late loss).  Network loss is normally caused 
by congestion (router buffer overflow), routing 
instability such as route changes, link failure, and 
lossy links such as telephone modems and wireless 
links. Congestion is the most common cause of loss. 
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The packet loss behavior of IP networks can be 
represented as a Markov process because several of 
the mechanisms that contribute to loss are transient 
in nature (e.g. network congestion, late arrival of 
packets at a gateway/terminal, buffer overflow or 
transmission errors) [20]. Several models [21, 22] 
have been proposed for modeling network loss 
characteristics. A discrete Markov chain with a set 
of M  states ( )1 2 , , , MS S S S= … characterizes the 
course of the process with regard to the current state, 
which may change over time at predefined events, 
such as packet arrivals, based on transition 
probabilities. Each state is associated with different 
error or packet loss behavior. Let tq denote the 
current state at event time t ,

0t N∈ . Then the 
probabilities 

i ja to change from state 
1tq i− = to 

tq j= are given in the transition matrix A            
                                                                         

1 1 1

1

M

M M M

a a
A

a a

⎛ ⎞
⎜ ⎟= ⎜ ⎟
⎜ ⎟
⎝ ⎠

…                                (1) 

With coefficients 
 ( )1| ,  ,  ,ij t j t ia P q S q S i M j M−= = = ≤ ≤  
Where             

1
1;         0

N

ij ij
j

a a
=

= ≥∑  

The steady states probabilities can be found as: 

      1 1
,   1, , ;          1

M M

k j jk j
j j

a k Mπ π π
= =

= = =∑ ∑…
               

(2) 

The error or packet loss rates in each state 
( )1 , , ; 0 1M jE e e e= ≤ ≤…  and the output of the 

process ( )O t as a binary sequence ( ) 0,1O t ∈  
indicating an error or loss at an event with ( ) 1O t = , 
whereas ( ) 0O t =  stands for error free events, 
respectively. 
Most research in VoIP network uses a Gilbert model 
to represent packet loss characteristics [17]-[19]. In 
2-state Gilbert model as shown in Fig.2, there are 
two states (state 0 and state 1). The state 0 represents 
that a packet being correctly received and state 1 
represents that a packet being lost.  Let p  be the 
transition probability for the network model to drop a 
packet given that the previous packet is delivered i.e. 
the probability for network model to go from state 0 
to state 1. Let q  is the probability for the network 
model to drop a packet given that the previous packet 
is dropped, i.e. the probability for the network model 
to stay in state 1. This probability is also known as 

the conditional loss probability. Let 0p  and 1p  
denote the probability of the network model to be in 
state 0 and 1. The probability for a packet to be 
dropped regardless whether the previous packet is 
delivered or dropped i.e. the unconditional loss 
probability is exactly the probability for the network 
model to be in state 1 )1( p , 

               
0 ;               1q pp p

p q p q
= =

+ +            (3)
 

The transition matrix is given as 
 

1        
      1

p p
P

q q
−⎛ ⎞

= ⎜ ⎟−⎝ ⎠                      (4)
 

The speech signal of the VoIP system is degraded at 
different packet loss rates at 2%, 4%, 8% and 10% 
as shown in theTable I.  

Table I Simulated Loss Rates 
 

 
4   Interpolated FIR Filter Design  
The multirate filtering is a novel method to save 
number of arithmetic operations for FIR filter 
designs. The filter is implemented as a cascade of 
the two FIR sections, where one section generates 
the sparse set of impulse response values with every 

thL sample being non-zero and other section 
performs the interpolation. The interpolated finite 
impulse response (IFIR) filter requires 
approximately (1 / ) thL of the multipliers required 
for conventional equivalent FIR filter. Multirate 
filtering is effective in narrowband and wideband 
applications. Since the internal data rate in IFIR 
filters is constant, so there is no problem of internal 
aliasing which is one of the major design 
considerations in multirate filtering [23]. The model 
filter ( )mH z  with impulse response ( )mh n  is 
considered [24, 25]. The ( 1)L − zero-valued 
samples are inserted between the original samples 
of ( )mh n . The up-sampled sequence ' ( )mh n  is: 

            

' ( / ),    , 0, 1, 2,  
( )    

0,                
m

m

h n L n iL i
h n

otherwise
= = ± ±⎧

= ⎨
⎩

…

    (5) 
 
The Z-transform of ' ( )mh n  is: 

PLR (%) p q 

2 0.0032 0.15 
4 0.012 0.25 
8 0.025 0.25 
10 0.10 0.85 
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' ( ) ( )L
m mH z H z=                        (6) 

The implementation of ' ( )mH z  is obtained from the 
implementation of ( )mH z  by replacing each delay 
with L delays. The interpolated impulse response is 
generated by cascading ( )L

mH z with an 
interpolator ( )G z . The block diagram of the IFIR 
filter is presented in Fig.3. The overall frequency 
response becomes: 

                             ( ) ( ) ( )L
i mH z H z G z=                   (7) 

 
 
 
 
 
 

Fig.3 Interpolated Finite Impulse 
Response Filter 

(a)  Expansion Factor (L) 
The expansion factor L must be a positive integer 
value of which must be equal or greater than 2 and 
less than maximum value of maxL , 

                                max2 L L≤ ≤                                 (8) 

The maximum possible expansion factor maxL  is 
determined using the following relationship: 

                              max [ / ]SLL π ω=                             (9) 

where, 
S Lω  is the stop band edge frequency of the 

low pass IFIR filter. It is recommended to select L, 
somewhat smaller than 

m a xL to avoid the more 
complex structure of the image filter [24, 26]. As the 
expansion factor increases, the order of the model 
filter decreases. Consequently, a higher order image 
filter is needed to remove replicas.   
 
(b)  Image Filter ( )G z  
The purpose of the image filter ( )G z from time-
domain point of view is exactly that computing what 
the zero-valued samples of ( )L

mH z should be. From 
frequency-domain point of view, interpolator 

( )G z must attenuate the replicas of ( )L
mH z  in 

frequency domain. From both points of view it is 
advantageous to have the order of ( )G z as small as 
possible, in order to achieve the computational 
efficiency of IFIR implementation [26]. To reduce 
the order of ( )G z to the smallest possible, it is 
important to carefully consider band edge 

frequencies. The ( )G z filter must pass everything 
below the 

p a ssf frequency: 

,intpass passf f=
                          (10)

 

The image filter ( )G z must suppress the closest 
replica of ( )L

mH z starts at ( )1 / s to pL f− .,therefore: 

                           
,in t

1
stop stopf f

L
⎛ ⎞= −⎜ ⎟
⎝ ⎠                      (11)

 

 
(c)  Design Steps: 
The process of the designing an IFIR filter 
summarized as: 

a) Select the suitable expansion factor L. 
b) Design the model filter ( )mH z  

c) Up-sample the model filter ( )mH z  by L to 

create ( )LH z  
d) Design the image filter ( )G z  to remove 

replicas.  
(d)  Computational Complexity: 
The computational complexity is computed in terms 
of the number of multipliers needed for 
implementation of the digital filter [24, 25]. In IFIR 
filter the passband and stopband widths are only 
(1/ )thL of those of the model filter. The effect of the 
interpolation of the impulse response is to shrink the 
passband and transition bands without any 
significant increase in the number of arithmetic 
operations. The length of the required FIR filter for 
given specifications is approximately [27]: 
Where, 1 2and δ δ are the passband and stop ripples 
and pω and sω are the passband and stopband edge 
frequencies. The proposed IFIR scheme for VoIP 
speech signal improvement is designed using the 
MATLAB. For wideband system, the cutoff 
frequency is 6900 and sampling frequency is16000 
Hz. The number of multipliers required are 148 with 
expansion factor L=2, in comparison to the 
conventional FIR filter which require 262 number of 
multipliers and the computational complexity is 
reduced by 45% with IFIR filter in comparison to 
the conventional filter. The passband and stopband 
ripples for the designed filter are 0.001 and 0.001 
resp. The Fig.4 and Fig.5 present the magnitude 
response and impulse response of the designed filter 
designed with conventional design technique and 
with IFIR design technique. This computationally 
efficient IFIR filter is suitable for the VoIP 

( )zG
)(nX )(mY

( )L
mH z
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applications and it significantly reduce the noise 
content in the speech signal.  
 

 
(a) 

 
(b) 

Fig 4. Frequency responses (a) FIR 
filter ( )H z  (b) IFIR filter ( )iH z  

 
(a) 

 
(b) 

Fig 5. Impulse responses (a) FIR filter 
( )H z  (b) IFIR filter ( )iH z    

5   Results 
The performance results of the proposed system are 
evaluated for varying packet loss rates and for VoIP 
packet sizes in various noisy conditions as discussed 
here below: 

(I) Variation of Packet size & Packet loss rate  
The performance of the proposed IFIR based noise 
reduction system is evaluated for wideband VoIP 
system at varying packet sizes and varying packet 
loss rates. The packet size used in during the 
simulation varied from one voice frame per packet 
to six voice frames per packet and the signal is 
degraded with packet loss at various packet loss 
rates varying from 2% to 10%. The average gain in 
WB-PESQ MOS scores at each packet size for 
different packet loss rates is plotted in Fig.6 and 
Fig.7 for AMR-WB 15.85 kbps and AMR-WB 
18.25 kbps respectively. The proposed system is 
effective not only for single voice frame in each 
packet transmission but also very much effective for 
the multiple voice frames in each packet. The 
multiple frame transmission leads to the saving of 
bandwidth in the network which can be used for 
other purposes in the VoIP system. The significant 
increment in MOS scores is achieved for higher 
packet loss rate, as presented in Fig.6 and Fig.7. 

(II) Evaluation for various noise types  
The performance of the proposed system is 
evaluated for various types of the noisy conditions 
including babble, car and street noise at different 
SNR 0, 5, 10 and 15 dB in wideband VoIP system. 
At various packet sizes, the gain in the WB-PESQ 
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MOS scores for each noise type is plotted against 
varying packet loss rates in Fig. 8 and Fig. 9 for 
AMR-WB 15.85 kbps and AMR-WB 18.25 kbps 
respectively. In case of babble noise, AMR-WB at 
15.85 kbps gives better results at high SNR with all 
tested packet sizes. In case of car noise for small 
packet sizes gives good results at low SNR and for 
large packet size, the high SNR gives significant 
increment in MOS scores.  Low value of SNR is 
better in case of street noise with AMR-WB 15.85 
kbps as given in Fig.8.   For AMR-WB 18.25 kbps, 
the increasing value of SNR is preferred with 
increasing packet sizes with babble noise type. The 
much better results can be found at low SNR values 
at all tested packet sizes with car and street noises. 
The results of AMR-WB 18.25 kbps are presented in 
Fig.9.  
 

 
 

Fig.6 Signal coded with AMR-WB 15.85 kbps 
 

 

Fig.7 Signal coded with AMR-WB 18.25 kbps 
 

 
(a) Babble Noise at Packet Size = 20 ms 

 
(b) Babble Noise at Packet Size = 120 ms 

 
(c) Car Noise at Packet Size = 20 ms 

 
(d) Car Noise at Packet Size = 120 ms 
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(e) Street Noise at Packet Size = 20 ms 

 
(f) Street Noise at Packet Size = 120 ms 

Fig. 8 Effect of IFIR filter on VoIP speech signal with 
AMR-WB (15.85 kbps) codec for noise at different SNR 

 
(a) Babble Noise at Packet Size = 20 ms 

 
(b) Babble Noise at Packet Size = 120 ms 

 
(c) Car Noise at Packet Size = 20 ms  

 
(d) Care Noise at Packet Size = 120 ms 

 
(e) Street Noise at Packet Size = 20 ms 

 
(f) Street noise at Packet Size = 120 ms 

Fig.9 Effect of IFIR filter on VoIP speech signal with 
AMR-WB (18.25 kbps) codec for noise at different 
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(III) Comparison with interleaving method  
Interleaving technique is widely used packet loss 
concealment technique when the multiple frames are 
used in single VoIP for concealment of the lost 
packets during VoIP communications. The 
wideband coder AMR-WB is also capable for 
supporting the interleaving as packet loss 
concealment technique during the network 
communications   [28]. To reduce the effect of 
packet loss on perceived speech quality, the lost 
packets have to be regenerated at the receiver using 
packet loss concealment algorithms. Goodman et.al 
[29] had used Waveform substitution algorithms 
successfully for pulse code modulation (PCM) 
speech coder.  The lost packets were also 
regenerated with the use of time scale modification 
algorithms [30, 31]. The lost packets during network 
are also estimated with interleaving technique [32, 
33]. The interleaving process over four consecutive 
frames is depicted in Fig.10.  

 

 
Fig. 10 Interleaving packet loss concealment scheme (a) 
Original four frames (b) Four frames interleaved (c) 
Frame loss (d) Reconstructed frames 
 
 (a)  Comparison at various SNR and PLR 

The average gain in WB-PESQ MOS scores is taken 
for various noise types at different packet loss rates 
for both filtered and interleaved output. The 
comparison results for wideband VoIP systems are 
presented in Table II- Table III.  The significant 
improvement can be noticed in the results obtained 
with IFIR scheme in VoIP system at various 
network conditions. The proposed system gives 
much better results for small packet sizes and also 
outperforms the existing interleaving technique for 
packet loss concealment at large packet size. 

 

(a) Packet Size = 20 ms 
 

 
(b) Packet Size = 120 ms 

Fig.11 Comparison results for noise at different SNR for 
filtered and interleaved VoIP speech signal coded with 

AMR-WB (15.85 kbps) codec 

 
(b)  Comparison for various noise types: 
The comparison results at various packet sizes with 
varying packet loss rates for different noise types is 
presented in Fig.11-Fig.12. The average gain in 
WB-PESQ MOS scores is taken for various SNR at 
different packet loss rates for both filtered and 
interleaved output. For wideband VoIP systems, the 
proposed IFIR filter results outperform the 
interleaved results for each type of noise used in the 
present work. 
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(a) Packet Size = 20 ms 

 
(b) Packet Size 120 ms 

Fig 12 Comparison results for noise at different SNR for filtered 
and interleaved VoIP speech signal coded with AMR-WB 

(18.25 kbps) codec 

6   Conclusion  
The work in this paper proposes the use of 
interpolated finite impulse response (IFIR) filter for 
noise reduction and packet loss concealment during 
network simulations. The proposed IFIR filter is 
applied in the post-processing, i.e. after the decoding 
of signal. The results show that the proposed IFIR 
filter is very much effective in all types of noise at 
different SNR. The performance evaluation study 
shows that the proposed system gives much better 
results in VoIP impairments including packet loss in 
addition to the background noise. The simulation 
results for VoIP system in noisy environment with 
AMR-WB 15.85 kbps and AMR-WB 18.25 kbps, 
shows the average increase of 0.67 and 0.68 resp. in 
PESQ-MOS scores for packet size of one voice 
frame in each packet. For multiple voice frames in 
each packet for VoIP system, the proposed system 

outperforms the existing packet loss concealment 
technique such as interleaving, when compared 
during VoIP simulations in noisy conditions. The 
average PESQ-MOS gains of 0.57 and 0.59 is 
achieved with AMR-WB 15.85 kbps and AMR-WB 
18.25 kbps respectively by the proposed method for 
six voice frames in each VoIP packet in all noisy 
conditions. It is found that our proposed system 
offer much improvement as compared to the results 
of interleaving method where the average increase in 
PESQ-MOS scores were 0.33 and 0.30 for single 
packet and six packets in each frame respectively for 
AMR-WB 15.85 kbps mode. The average gain in 
PESQ-MOS for AMR-WB 18.25 kbps is 0.38 and 
0.32 for single and six voice frames in each packet 
respectively.   The proposed filter not only reduces 
the background noise but also conceals the lost 
packets due to network impairments to improve the 
speech quality of the VoIP signal. Thus our 
proposed IFIR scheme can be efficiently used for 
VoIP applications. In future, the study can be 
conducted in real time with digital signal processors 
such as TMS320C6713. 
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