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Abstract. Aiming at the lack of effective packet loss differentiation mechanism in existing 
heterogeneous network congestion control strategies, which leads to efficient use of bandwidth, a 
packet loss differentiation mechanism based on Kalman filter is proposed and applied to TFRC 
congestion control strategy. In this algorithm, the average packet arrival delay in the stable phase and 
the packet arrival time interval in the packet loss phase are used to determine the type of the packet 
loss and the arrival interval is estimated by using Kalman filter to reduce the measurement error, and 
then the packet loss rate according to the packet loss type is recalculated. With the packet loss rate, 
the congestion control strategy starts to control the sender's rate. Experiments show that this algorithm 
can make congestion control policy more accurately identify the network status and improve the 
network utilization so that it can better meet the video streaming application requirements.  

1. Introduction 

With the development of wireless communication technology and multimedia technology, 
multimedia applications of mobile Internet are becoming more and more widespread [1]. Strict 
retransmission and acknowledgment mechanism in TCP congestion controls, and fluctuating 
transmission rate and delay jitter in AIMD congestion controls make them cannot meet the real-time 
video delay sensitive, high bandwidth, and packet loss tolerance, although data can be satisfied 
Transmission reliably. Therefore, some video transmission solutions use UDP protocol for video data 
transmission. However, due to the unreliable transmission of UDP, this will greatly reduce the quality 
of video transmission, making it unable to meet the demand [2]. The core of TCP, TFRC[3] and other 
transport protocols is congestion control, in wired networks, the lost packets will be measured as a 
sign of congestion in these mechanism, but in the wireless network, due to its high channel error code, 
losing packet because of the bit error in heterogeneous network video transmission cannot be 
ignored[4]. 

The traditional transport protocol lacks the effective packet loss differentiation mechanism and 
treats bit error packet loss as congestion packet loss, which result in lower transmission efficiency 
and higher transmission throughput. 

2. Related Work 

2.1 Loss Differentiation 
At present, the loss differentiation is mainly based on end-to-end and link layer optimization. 

Because error packet loss can be well identified in the link layer, the cross-layer packet loss 
classification is better developed. However, it is more complicated to achieve the transformation in 
network nodes. End-to-end packet loss differentiation mainly included Biaz[5], SPLD[6], mBiaz[7], 
spike[8]. Biaz algorithm is achieved by calculate the packet arrival interval and the minimum packet 
arrival interval to distinguish the loss. But in the shared link, with the presence of multiple streams, 
the differentiation is low. SPLD uses the average accumulated packet arrival interval and the current 
packet arrival interval for packet loss differentiation, which performs well in single-stream and multi-
stream, but the throughput is low. The spike algorithm differentiates packet loss by the one-way 
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transmission delay and the current congestion state. But the spike algorithm cannot accurately 
distinguish between the congested packet loss and the random error packet loss. 
2.2 Kalman Filter 

Kalman filter [9] use the minimum mean square error as the best estimated criterion, to seek a 
recursive estimation algorithm. The basic idea is: using the signal and noise state space model, using 
the estimated value of the previous moment and the observed value of current moment to update the 
estimate of the state variable and calculate the estimate for the moment. The essence of Kalman filter 
is to reconstruct the state vector of the system from the measured values. It is recursive in the order 
of "Predicted-Measured-Modified", eliminating random interference based on system measurements 
and reproducing the state of the system. 

3. Algorithm Description 

In this paper, an improved congestion control strategy based on packet loss differentiation is 
proposed, which focuses on network error packet loss and congestion loss. At the receiving end, the 
Kalman filter is used to accurately estimate the packet-to-packet delay. By comparing the average 
accumulated packet interval delay with the current accumulated packet interval delay in steady state, 
the accuracy of the distinction and the performance of the congestion control protocol are improved. 

The algorithm in this paper is improved based on SPLD, and use Kalman filter to improve the 
measurement accuracy of packet arrival interval delay, so as to better improve the discrimination 
accuracy and judge the network status more accurately. 

The algorithm is shown in the figure below: The iat  is the i-th packet arrival time interval without 
packet loss in the current stage under the Kalman filtering, and iat  means the cumulative arrival 
time interval of consecutive packets. The iat  means the average packet arrival time interval, n is 
the number of packets received at the current stage, iat  means the arrival time interval between 
the previous packet and the latter one when packet losses, m means the number of packet loss detected 
when packet losses. 

iat ∑ iat                                                    (1) 

iat                                                        (2) 

iat                                                  (3) 

The wireless error code package is sent from the sending end, and an error occurs due to channel 
reasons, which will cause a check error in the MAC layer of the receiving terminal and cannot make 
it be transmitted to the application layer. Therefore, wheniat iat , the program considers that 
the cause of the packet loss event is due to wireless error code, otherwise it is congested to lose 
packets, and then clear the current state information and start a new phase. 

The result of the packet loss differentation algorithm will eventually provide a more accurate 
classification of the network state for the congestion control policy, so as to satisfy the requirement 
of maximizing the throughput while satisfying the friendliness, as the congestion control strategy of 
the TCP may result in low throughput. Therefore, TFRC is used as congestion control protocol in this 
dissertation. It is quite fair to compete with the TCP stream for bandwidth, but throughput is much 
less variable over time than TCP, making it more suitable for streaming media applications 
characterized by relatively smooth delivery rates.  
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Fig. 1 the flowchart of loss differentiation algorithm 

4. Simulation 

In this paper, NS2 simulation software [10] is used to verify the effectiveness of the proposed 
algorithm. And then we make a comparsion with the existing mBiaz, Spld distinction algorithm, 
compared with no distinction between the TRFC algorithm algorithm. The performance of the 
algorithm has the following indicators to measure: 

Throughput: Throughput is an important indicator to measure the effect of congestion control 
algorithm. The higher the throughput is, the better the congestion control effect is. 

Misclassification rate: the Misclassification rate includes congestion loss as error packet loss mc 
and error packet loss as congestion loss mw, and the overall misclassification rate mc + mw.  

Fairness: The purpose of the TFRC protocol design is to ensure the stable transmission of 
streaming media under the premise of being friendly with TCP. Therefore, the definition of fairness 

is the ratio between the two streams' throughput ∗ 100% 

The experimental topology uses a wireless last top (WLH) network topology [4]. At the same time, 
the wireless link uses a random unified model to describe the network error behavior. Random unified 
model error the data in the form of random scores, the average loss rate p on behalf of the packet loss 
rate.In order to facilitate the calculation, this paper uses the first-order Kalman filter, that is, where A 
is a constant 1, H is also a constant 1. 

It can be seen from the figure 2 that compared with mBiaz and SPLD, the loss differentiation 
algorithm KSPLD proposed in this paper has greatly improved in the misclassification rate. The 
misclassification rate of the SPLD remains at around 0.6, while the KSPLD algorithm has the average 
error with a resolution of only 0.3. The efficiency is nearly doubled in the SPLD differentiating 
algorithm and the original TFRC algorithm. The accurate packet loss distinguishing makes the TFRC 
maximize the network efficiency, accurately identify the error code and prevent the misjudgment 
leading to the decrease of the throughput too fast in our purposed algorithm. The proposed algorithm 
can maintain high throughput under single flow conditions from the figure 2.a. 

From the figure 3, we can know that, due to the existence of multiple streams, the misclassification 
rate of each algorithm appears a certain amount of jitter. However, compared with the SPLD 
classification algorithm, the KSPLD classification algorithm proposed in this paper can maintain a 
misclassification rate. While the throughput can also be reflected from the figure that in the lower 
misclassification rate result to the higher throughput.  
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Fig.2 Simulation results for single flow 

 

(a)normal throughout  (b) misclassification rate 

Fig.3 Simulation results for double flows 

 

Fig.4 fairness for two flows 
In order to judge the fairness, this article uses the flow of the same differentiation algorithm to 

compare the throughput. According to the figure 4, in the case of high throughput, the algorithm 
proposed in this paper can also meet the requirements of fairness, making the multi-flow more fully 
utilize the network bandwidth. 

5. Summary 

In this paper, we propose a packet loss classification algorithm based on Kalman filter. The 
algorithm estimates the average packet arrival delay in the stable phase and the packet arrival time 
interval in the packet loss phase to classify the packet loss type, and recalculate the packet loss rate. 

Based on this differentiating algorithm, we combine the TFRC protocol and make the simulation 
experiment based on it. According to the experimental results, we can conclude that the proposed 
congestion control improvement strategy can better adapt to heterogeneous networks and more 

(a)normal throughout   

 

(b) misclassification rate 

Advances in Engineering Research, volume 149

711



 

accurately distinguish between different packet loss type, so that the sender has a more accurate 
perception of the network and improve network throughput.  
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