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Abstract 

Variable wireless channel is a big challenge for real-time video applications, and the rate adaptation of real-

time video streaming becomes a hot topic. Intra-video coding is important for high-quality video communi-

cation and industrial video applications. In this paper, we proposed a novel adaptive scheme for real-time video 

transmission with intra-only coding over a wireless network. The key idea of this scheme is to estimate the 

instantaneous remaining capacity of the network to adjust the quality of the next several video frames, which 

not only can keep low queuing delay and ensure video quality, but also can respond to bandwidth changes 

quickly. We compare our scheme with three different schemes in the video transmission system. The experi-

mental results show that our scheme has higher bandwidth utilization and faster bandwidth change response, 

while maintaining low queuing delay. 
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1. Introduction 

With the rapid advance of communication and video technology, applications and technologies based 

on real-time video are increasingly emerging. Wireless communication has become a popular mode of 

communication. The video camera has the potential to replace many sensors for process control, which 

has the advantages of low cost and universally usable. Therefore, real-time video transmission becomes 

the basis of many industrial applications [1]. 

The real-time video streaming transmission requires higher bandwidth and lower latency. However, 

the rapid variation of the link capacity brings challenges for real-time video streaming transmission over 

a wireless network. The mismatch between video rate and bandwidth will lead to low video quality or 

network congestion. To solve such problems, an effective adaptive transmission control strategy, which 

can respond to bandwidth changes quickly and guarantee the requirements of the video quality and the 

delay, is desperately needed [2]. 

The inter-prediction coding is a coding method of most applications because of its high compression 

efficiency, easy storage, and transmission. However, in the unreliable transmission system, the loss of 
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reference frames (I frame) will lead to many subsequent frames (P frame and B frame) cannot be decoded 

and the video cannot play for a period of time, which will reduce the user quality of experience (QoE). 

To ensure the reliability of transmission, retransmission is needed, which will result in a long delay and 

is not suitable for delay-sensitive applications. The intra prediction coding is one of the most popular 

coding methods, which encodes and decodes the frame independently of other frames and uses spatial 

redundancy for intra-prediction coding [3]. The intra-video coding not only can enhance the video 

quality, but also has low complexity, error propagation prevention, and low energy consumption. 

Therefore, intra-only coding becomes the choice for many low-latency and resource-constrained appli-

cations [4]. 

In this paper, we proposed an adaptive scheme for real-time video transmission with intra-only coding 

strategy over a wireless network. The key idea of this scheme is to estimate the instantaneous network 

capacity via the feedback information of the receiver, which can respond to the bandwidth changes faster 

and optimize each frame quality according to the network capacity. We use H.264 encoder to encode the 

video, and adjust the quality of the video frames by the quantization parameter (QP). 

The rest of the paper is organized as follows: Section 2 introduces related work, Section 3 describes 

the design of our proposed adaptive scheme, Section 4 presents the experimental results, and Section 5 

concludes the paper and future works. 

 

 

2. Related Work 

In recent years, the bitrate adaptive mechanism of video streaming based on HTTP has attracted wildly 

studies, such as HTTP Live Streaming (HLS) [5], Dynamic Adaptive Streaming over HTTP (DASH) [6]. 

The original HLS and DASH cannot fully meet the requirements of real-time rate adjustment, so some 

researchers proposed algorithms or methods to improve their performance [7-9]. However, most of the 

algorithms based on DASH and HLS are designed for the video on demand or live video. They usually 

need a long delay for buffering and retransmission, which are not suitable for end-to-end delay sensitive 

real-time video transmission. 

Without actively dropping frames, the key to video adaptation is to control the bitrate of encoder output, 

which is related to many factors. The Q-STAR model [10] proves that if the frame rate and resolution of 

the video are unchanged, the video quality and bitrate depend on the quantization step (QS), and the QP 

is the serial number of QS. He et al. [11] proposed an adaptive video transmission mechanism that 

analyzes the queue length of the receiver buffer and its future variation trend, the terminal fed back the 

judgment and prediction, and the video’s encoding QP. But this scheme also needs to set the buffer, 

which increases the end-to-end delay. 

For some video adaptive schemes based on bitrate control, bandwidth estimation is the most basic and 

important process. Estimation of available bandwidth has shown much interest in the real-time multi-

media application that needs some quality of service (QoS) guarantees. These schemes estimate the 

bandwidth and change the encoding bitrate for adaptation. Bandwidth estimation in wireless networks is 

a more challenging issue than wired networks due to variable wireless conditions [12]. The efficiency of 

adaptation depends largely on the efficiency of bandwidth estimation. Besides, some researchers pro-

posed congestion control for real-time video streaming, including network assisted dynamic adaptation 
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(NADA) [13] proposed by Cisco Systems and Google Congestion Control (GCC) [14] proposed by 

Google. These methods judged network congestion by the delay and the packet loss rate, which were 

used to control the video transmission rate [15,16]. These methods controlled the rate after the appearance 

of the congestion signal, such as the delay or packet loss rate exceeds the threshold, which made their 

congestion responses reactive. 

There are many delay components in the time from video capture to computer response or display. 

Bachhuber et al. [1] analyzed various delays in end-to-end video transmission systems, and proposed 

methods to decrease the delay at hardware and software levels. However, it did not consider the trans-

mission problem caused by network fluctuation. In video multicast, the sender needs to send appropriate 

video streams to the terminals with different conditions. To solve this problem, Schwarz et al. [17] 

proposed algorithms that use Scalable Video Coding (SVC) in software defined networking (SDN) to 

minimize the bandwidth consumption in the core network and achieve adaptive layer loss [18]. This 

algorithm has two versions: minimizing the latency, and minimizing the bandwidth consumption. The 

SVC does not need network feedback information but uses the number of enhancement layers received 

by terminals with different conditions to achieve video adaptation. But due to the limitation of the layer, 

SVC cannot use the bandwidth with high accuracy, and it has low coding efficiency and high decoding 

complexity. Fouladi et al. [19] proposed a framework, called Salsify, to integrate the transport protocol 

and the codec, which selects the frame to be sent according to the instantaneous network capacity. It 

eschews explicit adjustment of bitrate and controls the video streaming transmission from frame level. 

But its invariable delay parameter made stationary queuing delays, and could not be applied to wireless 

networks well. 

 

 

3. Proposed Scheme 

The general video transmission system consists of two components: video codec and transport protocol, 

and they work independently. The transport protocol estimates the network conditions through the 

network information and updates the bitrate of the encoder. The encoder reads frames from the camera 

and compresses frames to achieve a particular average bit rate. In our scheme, the transport protocol 

communicates network information to the codec before each frame is compressed, so that the codec adjust 

the quality of video frames to match the network’s capacity. 

 

 
Fig. 1. The proposed adaptive video transmission system framework. 
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3.1 System Framework 

Fig. 1 shows the proposed adaptive video transmission system framework. At the sender, the Encoder 

compresses all frames with intra-prediction. Each compressed frame is packaged into one or more 1,500-

byte packets by the Packetizer and the packet’s head contains a sequence number and a flag bit which 

indicates the end of one frame. Then the packets are transmitted over UDP to the receiver, which replies 

with acknowledgments (ACK). These packets are combined, decoded, and played at the receiver. The 

round-trip time (RTT) Detector sends an RTT probe packet to the receiver, which contains a record of 

the sending time. The receiver returns the probe packet immediately after receiving it. The sender records 

the time of receiving the returned probe packet and calculates the RTT, which is provided to the encoder 

and the remaining capacity estimator (RCE) for further calculation. The frequency of sending an RTT 

probe packet is equal to the framerate. The RCE estimates the remaining network capacity (it is also 

called network capacity in the following) through the obtained information and provides it to the Encoder. 

Finally, the Encoder determines the change of quality of frames. 

 

3.2 Network Capacity Estimation 

The receiver records the arrival time of each packet, which is used to maintain a dynamic average of 

packet inter-arrival times. However, the sender does not send the packets continuously—it pause between 

two frames. As a result, the inter-arrival time between the first fragment of one frame and the last frag-

ment of the previous frame cannot be used as an indicator of the network capacity, as shown in Fig. 2. 

 

 
Fig. 2. The “pause period” is not helpful for estimating the inter-arrival time. 

 

This pause could make the receiver underestimate the network capability. To avoid this situation, in 

the proposed adaptive scheme, the receiver ignores the next inter-arrival time when it receives the last 

fragment of one frame. As fragment � is received, the receiver calculates the smoothed inter-arrival time 

�� if the flag bit is not 1, as 

 

�� = ���� − ����� + (1 − �)����, (1) 

 

where �� is the received time of fragment �. α is the weight coefficient. The value of α is 0.1 in our 

implementation, approximating to the moving average of the last 10 arrival times. Each time a fragment 

is received, the receiver sends an ACK message which contains this estimation and sequence number. 
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The sender estimates the remaining network capacity �� based on the latest information provided by 

the receiver, as 
 

�� � �� ��⁄ � 	�
 � 1500, (2) 
 

where � is the estimation of one-way delay (OWD) from sender to receiver in a wireless network, whose 

value is half of the RTT. The �� is the latest average inter-arrival time reported by the receiver. �� is the 

estimation of number of packets on the forward path, whose value is half of subtracting the sequence 

number of the last-sent packet and the last-acknowledged packet. The reason for taking half is that only 

the number of packets on the forward path is needed, and the number of packets on the forward path and 

the backward path is similar (the frequency of sending video data packets and ACKs is the same), as 

shown in Fig. 3(a). The size of one packet is 1500 bytes. 

Therefore, there can be no more than � ��⁄  packets on the forward path. The � ��⁄ � �� indicates the 

number of packets that the network can still accommodate. Furthermore, the remaining network capacity 

can be estimated by the prescribed packet size. 

 

 
(a) (b)

Fig. 3. Packets on forward and backward paths for the queued and unqueued link: (a) packets on path and 

(b) packets on queuing path. 

 
 

(a) 

 

(b) 

(c) 

Fig. 4. The relationship of (a) remaining network capacity, (b) queuing delay, and (c) video rate. 
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In order to explore the significance of the remaining network capacity intuitively, the characteristic 

data of a video streaming, which is encoded at a certain average rate and transmitted over a network with 

a bandwidth of 6 Mbps, is shown in Fig. 4, including (i) the real-time video rate, (ii) the queuing delay, 

calculated by the RTT minus propagation delay, (iii) the remaining network capacity, calculated by (2). 

All the measured data have an average value of 0.5 seconds. As Fig. 4 shows, when the video rate exceeds 

the bandwidth (6 Mbps), which is obvious in the 11th, 55th, 67th, 73rd, and 93rd seconds, the queuing 

delay is increasing (i.e., the network is congesting) and the remaining network capacity is less than 0. 

Therefore, when the remaining network capacity is negative, the video rate should be decreased. On the 

contrary, when the video rate is lower than the bandwidth, the queuing delay is close to 0 most of the 

time (i.e., the network is smooth), and the remaining network capacity is more than 0. In particular, in a 

period of time after the 80th second, the network capacity is surplus. At the time, the network is still in 

congestion but in remission (i.e., the queuing delay is decreasing). Therefore, when the remaining network 

capacity is more than 0, the network state is smooth or tends to be smooth. We should not further congest 

the network when the queuing delay is reduced. We judge whether the network is in remission, as: 

 

�	 < 
, (3) 

 

where �	 is the difference of average RTT between two frames. 
 is the delay threshold, which is 1 ms 

in our implementation. If (3) is satisfied, the queuing delay is not considered to be in remission. 

 

3.3 Quality Adjustment Algorithm 

In most schemes based on congestion control, the improvement of video quality is blind, such as GCC 

or TCP-like algorithms. In order to solve the problem of when the video quality can be increased, we 

propose a quality adjustment algorithm based on the remaining network capacity. The pseudo-code of 

the adaptive algorithm is shown in Algorithm 1. 

In order to determine whether the remaining network capacity can accommodate the video frames with 

improved quality, the sender estimates the cost of improving the video frames quality ��, as: 

 

�� = �� ∙  ∙ � ∙ 	, (4) 

 

where �� is the length of the last frame. ∈[0.1,0.2], is the incremental coefficient that the increment of 

frame length caused by improving frame quality. As described in [20], in H.264, an increase of 6 in the 

quantization parameter approximately halves the bitrate. The value of  is 0.2 in our implementation. � 

is the video framerate. 

�� 

∙  means the length increment of one frame when the quality of frames is improved. �∙	 indicates 

the number of frames in flight. Intra-coded frames are encoded independently so successive frames are 

similar in length because they are similar in content, so �� is used to estimate the length of next few 

frames. Therefore, the needed size is �� 

∙  ∙ � ∙ 	 for the improved video streaming. Based on the analysis 

in Section 3.2, the sender will improve quality when the needed network capacity does not exceed the 

remaining network capacity and the queuing delay is not decreased (Line 4 in Algorithm 1). The QP is 

decreased by 1 in our implementation. When the number of packets in flight exceeds the capacity of the 

network, the remaining network capacity is less than 0, the sender will reduce the quality of the video 
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(Line 5 in Algorithm 1). The QP is increased by 1 in our implementation. In other cases, maintain the 

existing quality (Line 6 in Algorithm 1). 

 

�� ��⁄ − ��� × 1500 > �� ∙ 	 ∙ 
 ∙ �, (5) 

�� ��⁄ − ��� × 1500 < 0. (6) 

 

Besides, when the queue has occurred, the calculated values of 	 and �� will be less than the actual 

value in the same proportion �, �∈(0,1), as shown in Fig. 3(b). However, it will not disturb the judgment, 

because the factor � can be eliminated. The judgment condition, (5) and (6) changes when a queue has 

occurred, as: 

 

���1 �⁄ �/�� − ���1 �⁄ � × 1500 > �� ∙ 	 ∙ 
 ∙ �(1 �⁄ ), (7) 

����1 �⁄ � ��⁄ − ���1 �⁄ �� ∗ 1500 < 0,  

 

where 	�1 �⁄ � is the approximate actual value of OWD and ���1 �⁄ � is the approximate actual number 

of packets on the forward path. The factor 1 �⁄  can be eliminated by multiplying � on both sides of the 

inequality. 

 

Algorithm 1. Adjust quality 

1: set to value: 

τi ←mean_inter_arrival_time 

d  ←RTT/2 

Ni←(last_recv_seq-last_send_seq)/2 

2: remaining_capacity ← (d/τi – Ni) × 1500bytes 

3: needed_capacity      ← last_frame_length × 0.2 × framerate × d 

4: if remaining_capacity > needed_capacity (i.e. Formula (5)) and the delay is not decreasing (i.e. 

Formula (3)) are met 

     Improve Quality 

5: else if remaining_capacity < 0 (i.e., Formula (6)) are met 

   Reduce Quality 

6: else 

     Hold 

7: endif 

 

 

4. Experimental Results 

4.1 Experimental Setup 

To evaluate the performance of the scheme proposed in this paper, we design a video transmission 

system on two Ubuntu 20.04 virtual machines connected by Ethernet. The Traffic Control, which is the 

traffic control tool in the Linux kernel, is used to set network parameters such as available bandwidth and 

delay to emulate the wireless network. The one-way propagation delay is set to 50 ms both on the forward 

path and backward path. To eliminate the impact of video content differences, we capture a 3000-frame 
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YUV video, and use the same video for every emulation. The ×264 is used to encode raw video frames 

into intra-coded frames, and the framerate is 30 fps. Finally, we record each value of RTT and the average 

video rate per 500 ms. 

The performance is compared with three different schemes: 

CC-AIMD: we design a delay-based controller and a loss-based controller in our video transmission 

system [14]. The delay-based controller changes the state according to the finite state machine (FSM) in 

[14], which computes the video rate by additive increase and multiplicative decrease algorithm (AIMD), 

And the delay static threshold, the increasing step and the decreasing rate are set to 20 ms, 20 kbps and 

0.85, respectively. The loss-based controller computes the video rate according to two packet loss ratio 

thresholds. The thresholds of packet loss ratio are set to 0 and 0.02, respectively. 

CC-MIMD: Based on CC-AIMD, we use the multiplicative increase and multiplicative decrease 

algorithm (MIMD) to compute the rate instead of AIMD [21]. the increasing rate and decreasing rate are 

set to 1.05 and 0.85, respectively. 

BE: We use the method of sending probe packet pair described in [10] to estimate the wireless 

bandwidth, and set the estimated value to the output bitrate of the encoder. 

 

4.2 Variable Link Capacity 

In this experiment, the link capacity starts from 6 Mbps, and is changed to four different rates: 8 Mpbs, 

10 Mpbs, 14 Mpbs, and 12 Mpbs. Each rate lasts 20 seconds (Fig. 5). Besides, the packet loss rate is set 

to 0. We consider the following metrics to evaluate the performance of schemes: (i) bandwidth utilization 

�=�/�, where � is the known link capacity and � is the average video rate; (ii) queuing delay ��, esti-

mated by the difference between the value of the RTT and the propagation delay. We compute the values 

of the 5th, 50th, 95th percentiles (i.e., the smaller values of 150th, 1500th, and 2850th, respectively), and 

the average value. 

 

 
(a) (b) (c) (d) 

Fig. 5. The dynamic bitrate and RTT of different schemes: (a) proposed scheme, (b) CC-AIMD, (c) CC-

MIMD, and (d) BE. 

 

Table 1 displays the bandwidth utilization and the queuing delay for all schemes. Fig. 5 shows the 

dynamic bitrate and RTT of all schemes. Table 1 and Fig. 5 show that, in the face of varying link capacity, 

the video bitrate of our scheme is more stable than the other three schemes, and the bitrate is the closest 

to the link capacity. The bandwidth utilization of our scheme is 92.6%, which is higher than the other 

three schemes. Because of the conservative detection of available bandwidth, CC-AIMD has a lower 
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queuing delay at the cost of lower bandwidth utilization. Our scheme achieves more than 8.4% bandwidth 

utilization at the cost of only 1.5 ms average queuing delay than CC-AIMD. CC-MIMD detects available 

bandwidth more quickly than CC-AIMD, which leads to more frequent queuing, and its average queuing 

delay is more than 2.3 times of our scheme. Besides, the value of the 95th percentile of the queuing delay 

is equal to 18.96 ms for our scheme whereas 43.99 ms for CC-MIMD. BE can achieve relatively stable 

bitrate and delay, but the bandwidth utilization is not high. Its efficiency depends on the accuracy of 

estimation and video control scheme. Our proposed scheme judges the improvement or reduction of 

quality through the network capacity, rather than responding after the congestion signal appears, or 

simply estimating the bandwidth. 

 

Table 1. Bandwidth utilization and the values of the 5th, 50th, 95th percentiles of queuing delay with 

variable link capacity 

 � (%) 
��

 

(ms) 

5th 50th 95th Average 

Proposed scheme 92.6 0.57 1.66 18.96 4.7 

CC-AIMD 84.2 0.57 1.38 13.66 3.2 

CC-MIMD 91.6 0.59 3.17 43.99 11.12 

BE 83.3 0.53 1.48 13.13 2.47 

 

Table 2 shows the results when the three coefficients α, 
, and  take different values under the same 

experimental conditions. Compared with the previous values (α = 0.1, 
 = 1,  = 0.2), it can be seen that 

the larger α, the greater the impact of current delay, which will improve the delay jitter and result in large 

fluctuation of the estimated value and video quality, and the accuracy of the algorithm is reduced. The 

smaller the value of α, the lower the delay sensitivity and adaptive efficiency of the algorithm. The smaller 


, the range of remission state is wider. Since the quality cannot be improved in the remission state, the 

conditions for quality improvement are more stringent, therefore the � and �� 

are reduced. On the 

contrary, the larger 
 makes more opportunities for quality improvement and network congestion, the � 

and �� 

are increased. The smaller  makes the judgment that the quality can be increased more optimistic 

or frequent, which increases the probability that the bitrate exceeds the network, this leads to the increase 

of the � and ��. The larger  makes the quality improvement more conservative and the lower � and ��. 

 

Table 2. The results when the α, δ, and  takes different values 

α � � � (%) Average �� (ms) 

0.05 1 0.2 92.5 6.04 

0.5 1 0.2 90.5 8.28 

1 1 0,2 88.7 34.23 

0.1 0.5 0.2 90.8 4.57 

0.1 5 0.2 92.9 6.03 

0.1 1 0.1 92.9 6.59 

0.1 1 0.3 90.5 3.52 

 

Fig. 6 shows the bitrate variation of our proposed scheme in the case of bandwidth random 

transformation. In this experiment, the bandwidth is changed randomly every 10 seconds, and the 
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probability of increasing 1 Mbps, decreasing 1 Mbps and keeping unchanged is equal. The experiment 

lasted 500 seconds. The result shows that the bandwidth utilization is 92.7%, and the average delay is 

6.92 ms. It can well achieve the purpose of adaptation. 

 

 
Fig. 6. The bitrate variation of our proposed scheme in the case of bandwidth random transformation. 

 

4.3 Network Interruption and Recovery 

In this experiment, we set the link capacity to 6 Mbps for the first 20 seconds, then we decreased the 

capacity to 0 for 5 seconds, finally the capacity is restored to 6 Mbps for 20 seconds. We consider the 

time it takes for the video rate to return to normal level. Fig. 7 displays the video bitrate in this scenario. 

The result shows that the video bitrate of our scheme returns to the normal level after about 1.5 seconds, 

while CC-AIMD takes about 10.5 seconds, CC-MIMD takes about 7 seconds and BE takes about 3 

seconds, which means our scheme achieves faster bandwidth change response. 

 

 
Fig. 7. The network is interrupted at the 20th second, and then is recovered at the 25th second. 

 

 

5. Conclusion 

In this paper, we analyze the significance of remaining network capacity for judging the current 

network state, and propose a scheme to transmit real-time video with intra-only coding over a wireless 

network. It adjusts the quality of frames through the estimation of remaining network capacity. We 

propose two formulas to estimate the remaining network capacity and the capacity needed to improve the 

video frame quality. Through these two formulas, the sender changes the quality of the video frames to 

achieve video adaptation. We compare our scheme with three different schemes, and the results show 

that our scheme can achieve better bandwidth utilization at the cost of less delay and faster response when 
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the bandwidth changes significantly. However, the proposed scheme uses the size of the last frame to 

estimate future frames. But there is a limitation to the video which uses inter-prediction. Because there 

is a large difference in the size of I, P, and B frames. In the future work, the adaptive transmission of 

inter-prediction video can be studied. For example, the size of last group of pictures may be used as 

information instead of the last frame, but this will reduce the response speed of adaptation. More suitable 

schemes can be researched in the future work. 
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