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Abstract. Voice packets with guaranteed QoS (Quality of Service) on the VoIP 
system are responsible for digitizing, encoding, decoding, and playing out the 
speech signal. The important point is based on the factor that different parts of 
speech over IP networks have different perceptual importance and each part of 
speech does not contribute equally to the overall voice quality. In this paper, we 
propose new additive noise reduction algorithms to improve voice over IP 
networks and present performance evaluation of perceptual speech signal 
through IP networks in the additive noise environment during realtime phone-
call service. The proposed noise reduction algorithm is applied to pre-
processing method before speech coding and to post-processing method after 
speech decoding based on single microphone VoIP system. For noise reduction, 
this paper proposes a Wiener filter optimized to the estimated SNR of noisy 
speech for speech enhancement. Various noisy conditions including white 
Gaussian, office, babble, and car noises are considered with G.711 codec. Also, 
we provide critical message report procedures and management schemes to 
guarantee QoS over IP networks. Finally, as following the experimental results, 
the proposed algorithm and method has been prove for improving speech 
quality. 
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1   Introduction 

There have been many related research efforts in the field of improving QoS over IP 
network for the past decade. Moreover, multimedia quality improvement over IP 
networks has become an important issue with the development of realtime 
applications such as IP-phones, TV-conferencing, etc today. In this paper, we try to 
improve perceptual speech quality over IP network while voice signal is mixed with 
various noisy signals. Usually, there will be a critical degradation in voice quality 
when noise deploy to original speech signal over IP network. Perceptual speech with 
noise signal over IP communication systems requires mutual adaptation process with 
the guaranteed high quality during conversation on the phone.  
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Overall, the proposed noise reduction algorithm is applied the method which is a 
Wiener filter optimized to the estimated SNR of noisy speech for speech 
enhancement. The performance of the proposed method is compared with those of the 
noise reduction methods in the IS-127 EVRC (Enhanced Variable Rate Codec) and in 
the ETSI (European Telecommunications Standards Institute) standard for the 
distributed speech recognition front-end. To measure the speech quality, we adopt the 
well-known PESQ (Perceptual Evaluation of Speech Quality) algorithm. Finally, the 
proposed noise reduction method is applied with G.711 codec and the proposed 
method yields higher PESQ scores than the others in most noisy conditions, 
respectively. Also, according to the necessity of discovering of QoS, we design 
processing modules in main critical blocks with the message procedures of reporting 
to measure various network parameters.  

The organization of this paper is as follows. Section 2 describes previous 
approaches on the identification and characterization of VoIP services by using 
related works. In section 3, we present the methodology of parameters discovering 
and measuring for quality resource management. In section 4, we propose noise 
reduction algorithm for applying packet-based IP network and performance 
evaluation and results are provided in section 5. Finally, section 6 concludes the paper 
with possible future work. 

2   Related Work 

For the measurement of network parameters, many useful management schemes 
proposed in this research areas [1]. Managing and Controlling of QoS-factor in 
realtime is required importantly for stable VoIP service. An important factor for 
VoIP-quality control technique involves the rate control, which is based largely on 
network impairments such as jitter, delay, packet loss rate, etc due to the network 
congestions [2] [3]. In order to support application services based on the NGN (Next 
Generation Network), an end-to-end QoS monitoring tool is developed with qualified 
performance analysis [4].  

Voice packets that are perceptually more important are marked, i.e. acquire priority 
in our approach. If there is any congestion, the packets are less likely to be dropped 
than the packets that are of less perceptual importance. The QoS schemes which are 
based on the priority marking are open loop ones and do not make use of changes in 
the network [5] [6]. The significant factor is that the standard RTCP packet type is 
defined for speech quality control in realtime without conversational speech quality 
reporting and managing procedures in detail through VoIP networks. The Realtime 
Transport Protocol (RTP) and RTP Control Protocol (RTCP) communications use the 
RTCP-Receiver Report to get back the information of the IP network conditions from 
RTP receivers to RTP senders. However, the original RTCP provides overall 
feedback on the quality of end-to-end networks [7]. The RTP Control Protocol 
Extended Reports (RTCP-XR) are a new VoIP management protocol which defines  
a set of metrics that contains information for assessing the VoIP call quality by  
the IETF [8]. The evaluation of VoIP service quality is carried out by firstly encoding 
the input speech pre-modified with given network parameter values, and then decoded 
to generate degraded output speech signals. The frequency-temporal filtering 
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combination for an extension method of Philips’ audio fingerprinting scheme is 
introduced to achieve robustness to channel and background noise under the 
conditions of a real situation [9]. Novel phase noise reduction method is very useful 
for CPW-based microwave oscillator circuit utilizing a compact planar helical 
resonator [10]. The amplifier achieves high and constant gain with a wide dynamic 
input signal range and low noise figure. The performance does not depend on the 
input signal conditions, whether static-state or transient signals, or whether there is 
symmetric or asymmetric data traffic on bidirectional transmission [11]. To avoid the 
complicated psychoacoustic analysis we can calculate the scale factors of the bit-
sliced arithmetic coding encoder directly from the signal-to-noise ratio parameters of 
the AC-3 decoder [12]. 

In this paper, we propose noise reduction method and present performance results. 
Also, for discovering and measuring various network parameters such as jitter, delay, 
and packet loss rate, etc., we design an end-to-end quality management modules 
scheme with the realtime message report procedures to manage the QoS-factors.  

3   Parameters Discovering and Measuring Methodology 

3.1   Functionality of Main Processing Modules and Blocks 

In this section, we clarify each functionality blocks and modules carried on SoftPhone 
(UA) for discovering and measuring realtime call-quality over IP network. We design 
11 critical modules for UA as illustrated in Fig.1. It comprises in four main blocks 
and each module is defined as follows:  

 
- SIP Stack Module - 

 Analysis of every sending/receiving messages and creation response 
messages  

 Sending to transport module after adding suitable parameter and header for 
sending message  

 

Fig. 1. Main processing blocks for UA (SoftPhone) functionality 
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 Analysis of parameter and header in receiving message from transport 
module 

 Management and application of SoftPhone information, channel information, 
codec information, etc.  

 Notify codec module of sender’s codec information from SDP of receiving 
message and negotiate with receiver’s codec 

 Save up session and codec information 
- Codec Module – 

 Providing the encoding and decoding function about two different voice 
codecs (G.711/G.729)  

 Processing of codec (encoding/decoding) and rate value based on SDP 
information of sender/receiver from SIP stack module 

- RTP Module – 
 Sending created data from codec module to other SoftPhone through RTP 

protocol 
- RTCP-XR Measure Module – 

 Formation of quality parameters for monitoring and sending/receiving  
information of quality parameters to SIP stack/transport modules 

- Transport Module - 
 Address messages from SIP stack module to network 
 Address receiving message from network to SIP stack module 

- PESQ Measure Module – 
 Measure voice quality by using packet and rate which is received from RTP 

module and network 
  - UA Communication Module - 

 In case of requesting call connection, interchange of information to SIP stack 
module through Windows Mail-Slot and establish SIP session connection 

 Address information to Control module in order to show information of SIP 
message to user 

  - User Communication Module - 
 Sending and receiving of input information through UDP protocol. 

3.2   Message Report and QoS-Factor Management  

In this paper, we propose realtime message report procedures and management 
scheme between VoIP-QM server and SoftPhones. The proposed method for the 
realtime message reporting and management consists of four main processing blocks, 
as illustrated in Fig.2. These four different processing modules implement call session 
module, UDP communication module, quality report message management module 
and quality measurement/computation/processing module. In order to control call 
session, data by call session management module is automatically recorded in 
database management module according to session establish and release status. All of 
the call session messages are addressed to quality report message management 
module by UDP communication. After call-setup is completed, QoS-factor is 
measuring followed by computation of each quality parameters base on the message 
processing. Followed by each session establish and release, quality report messages 
are also recorded in database management module immediately. 
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ï

Fig. 2. Main processing blocks for call session & quality management/measurement 

3.3   Procedures of an End-to-End Call Session Based on SIP  

An endpoint of SIP based Softswitch is known as SoftPhone (UA). That is, SIP client 
loosely denotes SIP end points where UAs run, such as SIP-phones and SoftPhones. 
Softswitch performs functions of authentication, authorization, and signaling 
compression. A logical SIP URI address consists of a domain and identifies a UA ID 
number. The UAs belonging to a particular domain register their locations with the 
SIP Registrar of that domain by means of a REGISTER message. Fig. 3 shows SIP 
based Softswitch connection between UA#1-SoftPhone and UA#2-SoftPhone. 

Fig. 3. Main procedures of call establish/release between Softswitch and SoftPhoneï

3.4   Realtime Quality-Fator Measurement Methodology 

The VoIP service quality evaluation is carried out by firstly encoding the input speech 
pre-modified with given network parameter values and then decoded to generate 
degraded output speech signals. In order to obtain an end-to-end (E2E) MOS between 
the caller-UA and the callee-UA, we apply the PESQ and the E-Model method. In 
detail, to obtain the R factors for E2E measurement over the IP network we need to 
get Id, Ie, Is and Ij. Here, Ij is newly defined as in equation (1) to represent the E2E 
jitter parameter. 

 (1) 
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The ITU-T Recommendation provides most of the values and methods to get 
parameter values except Ie for the G.723.1 codec, Id and Ij. First, we obtain Ie value 
after the PESQ algorithm applied. Second, we apply the PESQ values to Ie value of 
R-factor. We measure the E2E Id and Ij from our current network environment. By 
combining Ie, Id and Ij, the final R factor could be computed for the E2E QoS 
performance results. Finally, obtained R factor is reconverted to MOS by using 
equation (2), which is redefined by the ITU-T SG12. 

 

(2) 

 

Fig. 4. Architecture for the VoIP system with applying noise removal algorithms 

As illustrated in Fig.4, our network includes SIP servers and a QoS-factor 
monitoring server for the call session and QoS control. We applied calls through the 
PSTN to the SIP-based SoftPhone, the SIP-based SoftPhone to the PSTN, and the 
SIP-based SoftPhone to the SIP-based SoftPhone. The proposed noise reduction 
algorithm is applied to pre-processing method before speech coding and to post-
processing method after speech decoding based on single microphone VoIP system. 

4   Noise Reduction for Applying Packet-Based IP Network 

4.1   Proposed Optimal Wiener Filter 

We present a Wiener filter optimized to the estimated SNR of speech for speech 
enhancement in the VoIP. Since a non-causal IIR filter is unrealizable in practice, we 
propose a causal FIR (Finite Impulse Response) Wiener filter. Fig. 5 shows the 
proposed noise reduction process. 
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Fig. 5. Procedures of abnormal call establish/release cases 

4.2   Proposed Optimal Wiener Filter 

For a non-causal IIR (Infinite Impulse Response) Wiener filter, a clean speech signal 
d(n) , a background noise v(n), and an observed signal x(n) can be expressed as           

x(n)=d(n)+v(n)     (3) 

The frequency response of the Wiener filter becomes  

 

(4) 

The speech enhancement is processed frame-by-frame. The processing frame 
having 80 samples is the current input frame. Total 100 samples, i.e., the current 80 
and the past 20 samples, are used to compute the power spectrum of the processing 
frame. In the first frame, the past samples are initialized to zero. For the power 
spectrum analysis, the signal is windowed by the 100 sample-length asymmetric 
window w(n) whose center is located at the 70th sample as follows. 

 

(5) 

The signal power spectrum is computed for this windowed signal using 256-FFT. 
In the Wiener filter design, the noise power spectrum is updated only for non-speech 
intervals by the decision of VAD (Voice Activity Detection) while the previous noise 
power spectrum is reused for speech intervals. And the speech power spectrum is 
estimated by the difference between the noise power and the signal power spectrum. 
With these estimated power spectra, the proposed Wiener filter is designed. In our 
proposed Wiener filter, the frequency response is expressed as 

 
(6) 

and ζ(k) is defined by 

 
(7) 
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where ζ(k) , P d ( k), and P v (k )are the kth spectral bin of the SNR, the speech power 
spectrum, and the noise power spectrum, respectively. Therefore, filtering is 
controlled by the parameter α. For ζ(k) greater than one, as α is increased,  ζ (k) is 
also increased while  ζ( k) is decreased for ζ(k) less than one. The signal is more 
strongly filtered out to reduce the noise for smaller ζ (k). On the other hand, the signal 
is more weakly filtered with little attenuation for larger ζ(k). To analysis the effect of 
α, we evaluate the performances for α value from 0.1 to 1. The performance is 
evaluated not for the coded speech but for the original speech in white Gaussian 
conditions. As α is increased up to 0.7, the performance is improved.  

The codebook is trained for deciding the optimal α to the estimated SNR. First, the 
estimated SNR mean is calculated for the current frame. Second, the spectral 
distortion is measured with the log spectral Euclidean distance D defined as 

 
(8) 

where k is the index of the spectral bins, L is the total number of the spectral bins, 
|Xref (k)| is the spectrum of the clean reference signal, and |X in(k)|W(k) is the noise-
reduced signal spectrum after filtering with the designed Wiener filter. Third, for each 
frame, optimal α is searched to minimize the distortion. The estimated SNR means of 
all bins with the optimal α are clustered by the LBG algorithm. Finally, the optimal α 
for the cluster is decided by averaging all α in the cluster. When the wiener filter is 
designed, the optimal α is searched by comparing the estimated SNR mean of all bins 
with the codeword of the cluster as shown in Fig 6. 

 

Fig. 6. Design of Wiener Filter by optimal α 

5   Performance Evaluation and Results 

For the additive noise reduction the noise signals are added to the clean speech ones 
to produce noisy ones with the SNR of 0, 5, 10, 15, and 20 dB. The total 800 noisy 
spoken sentences are trained because there are 5 SNR levels, 40 speech utterances, 
and 4 types of noises. The noise is reduced as pre-processing before encoding the 
speech in a codec and as post-processing after decoding the speech in a G.711 codec. 
Final proceeded speech is evaluated by the PESQ which is defined by ITU-T 
Recommendation P.862 for objective assessment of quality. After comparing an 
original signal with a degraded one, the output of PESQ provides a score from -0.5 to 
4.5 as a MOS-like score. To verify the performance of noise reduction, our results are 
compared with those of the noise suppression in the IS-127 EVRC and the noise 
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reduction in the ETSI standard. The ETSI noise canceller generates 40 msec buffering 
delay while there is no buffering delay in the EVRC noise canceller. In Fig. 7 and 
Fig. 8, the noise reduction performance evaluation results for G.711 for the real-time 
environment are summarized as the SNR to PESQ. The figures show the average 
PESQ results in G.711, respectively. In most noisy conditions, the proposed method 
yields higher PESQ scores than the others. 
 

 
 

     Fig. 7. PESQ score for white Gaussian noise     Fig. 8. PESQ score for white Office noise      

6   Conclusion 

In this paper, the performance evaluation of speech quality confirms that our proposed 
noise reduction algorithm outperforms more efficiently than the original algorithm in 
the G.711 speech codec. The proposed speech enhancement is applied before 
encoding as pre-processing and after decoding as post-processing of VoIP speech 
codecs for noise reduction. The proposed a new Wiener filtering scheme optimized to 
the estimated noisy signal SNR to reduce additive noises. The PESQ results show that 
the performance of the proposed approach is superior to another VoIP system. Also, 
for the reporting various quality parameters, we design management module for call 
session and for quality reporting. The presented QoS-factor transmission control 
mechanism is assessed in realtime environment and it is proved completely by the 
performance results which are obtained from the experiment. 
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