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Abstract— This paper explores rules and defines cross layer 

parameters that maximize the received video quality per unit 

bandwidth while observing strict video QoS rules for unicast 

video transmission over mobile WiMAX. Channel capacity and 

goodput are estimated using an accurate MAC/PHY simulator. 

The simulator supports link adaptation of the PHY layer 

Modulation and Coding Scheme (MCS) alongside MAC layer 

Automatic Repeat Request (ARQ). A new optimization metric, 

PSNR per Hz, is defined to capture the video PSNR attained for a 

given effective bandwidth. For the 3GPP urban micro channel 

the optimum MCS and MAC layer block lifetime are determined 

as a function of average SNR in order to optimize video PSNR 

and goodput. At low SNR results show that higher level QAM is 

inefficient (as a result of excessive ARQ or high packet error 

rate) for video transfer. We note that video efficiency is enhanced 

for block lifetimes up to 100ms, since the greater use of ARQ 

allows more spectrally efficient MCS modes to be applied. 

Keywords-Mobile WiMAX; video streaming; PSNR; bandwidth 

efficiency; goodput; ARQ; link adaptation 

I.  INTRODUCTION 

We have seen an explosion in the number of mobile devices 
capable of displaying high quality video. It is predicted that 
mobile traffic will increase 39 times over the five year period 
to 2014 [1], mainly due to a significant rise in smartphone 
video applications. The efficiency of wireless networks needs 
to be optimized for the delivery of video and the convergence 
of voice and data. This convergence requires strict Quality of 
Service (QoS) for the competing user streams. Video 
transmission over wireless networks is challenging because of 
i) the time-varying channel quality, ii) the high data rate and 
bandwidth demands of video and iii) the strict latency and QoS 
requirements of video. The latest mobile broadband standard, 
IEEE 802.16m, offers high user data rates and support for 
bandwidth hungry video applications. In order to provide 
strong QoS, cross-layer adaptive strategies must be 
implemented in the wireless network [1][2]. 

Video applications demand a low Packet Error Rate (PER), and 
this can be achieved via the use of MAC layer Automatic 
Repeat ReQuest (ARQ). However, ARQ consumes additional 
bandwidth and also adds to the end-to-end latency. ARQ is 
controlled by the definition of a block lifetime. Adaptive 
Modulation and Coding (AMC) can also be used to improve 
the PER by matching the QAM constellation and forward error 
correction coding rate to the time varying channel quality.  

The impact of specific ARQ parameters and mechanisms has 
been extensively studied in the literature, e.g. [3][4][5]. In [6] 
the authors analyse delay and throughput using probabilistic 
PHY layer error modeling. To deliver video QoS the mobile 
WiMAX standard specifies a number of scheduling 
mechanisms. The scheduling of resources must take ARQ 

retransmissions into account [4][5][7]. Many recent 
publications have studied video streaming over WiMAX 
[1][8][9]. In [9] the WiMAX MAC layer parameters were 
examined to enhance video streaming. In [1] the channel 
capacity required by video applications was highlighted. In [2] 
the authors proposed cross-layer parameter optimization to 
achieve the required QoS, using a mathematical approach to 
minimize the required bandwidth while taking AMC and ARQ 
retransmission into account.  

In this paper we jointly optimize the Modulation and Coding 
Scheme (MCS) and the ARQ block lifetime for a mobile 
WiMAX network in order to maximize the video quality 
achieved per unit of effective radio bandwidth. This is 
performed based on the Peak SNR (PSNR) between the 
original video sequence and that decoded in the receiver after 
transmission over the radio channel. We consider live unicast 
video transmissions, where near-zero PER is required to 
deliver acceptable video quality. We optimize video PSNR per 
unit bandwidth using a novel PSNR/Hz metric. We also 
consider Video-on-Demand (VoD) unicast transmission, where 
the underlying file transfer requires zero PER at the application 
layer.  For VoD the goal is to optimize goodput and any 
number of ARQ retransmissions can be applied since latency is 
not a critical issue (due to receiver buffering). Analysis is based 
on the transmission of a High Definition video sequence over 
the downlink of a unicast IEEE 802.16e connection. ARQ 
retransmissions (constrained by block lifetime) are modeled for 
various MCS modes.  

II. MOBILE WIMAX BACKGROUND 

A. Medium Access Control (MAC) Layer - The 802.16e MAC 

layer includes a number of adjustable features, such as 

adaptive MCS, ARQ, packet fragmentation and aggregation, 

variable size MAC Protocol Data Units (PDU), application 

specific service flows and PDU scheduling based on QoS. 

QoS is achieved via the use of service flows. A service flow is 

a MAC transport service provided for transmission of uplink 

(UL) and downlink (DL) traffic. It is associated with a unique 

set of QoS parameters, such as latency, jitter, and throughput. 

Here we assume that video is sent as a constant bit rate service 

with unsolicited grant service (UGS) scheduling.  

Packets from the higher layers arrive in the convergence 

sublayer (CS) of the MAC as MAC Service Data Units 

(SDUs). Based on their QoS requirements, MAC SDUs are 

classified into service flows. For ARQ-enabled connections, 

there is the option for SDU fragmentation. MAC SDUs can be 

fragmented, or alternatively one or more SDUs can be packed 

into a MAC Protocol Data Unit (PDU). The MAC PDU is the 

data unit exchanged between the BS and SS MAC layers. 

Optimisation of PDU size has been studied in [3][9]. It is 



shown that to maximise the link utilisation, the PDU size 

should be adaptive, depending on receiver feedback. Once a 

PDU has been constructed, it is placed in the appropriate 

service flow queue and managed by the scheduler, which 

determines the PHY resource allocation (i.e. bandwidth and 

OFDMA symbol allocation) on a frame-by-frame basis. 

B. PDU construction - For ARQ-enabled connections, each 

SDU is partitioned into ARQ blocks of fixed size. Each ARQ 

block in a flow is identified by a unique Block Sequence 

Number (BSN). The ARQ block is the minimum 

acknowledgeable logical entity. The ARQ block size is a 

parameter negotiated at connection setup and takes power of 2 

values in the range 16-1024 bytes [10]. Several ARQ blocks 

are encapsulated into one or more PDUs. Fragments are 

formed for each transmission by concatenating sets of ARQ 

blocks with contiguous BSNs.  

C. ARQ Mechanism - Upon receipt of a PDU, the ARQ 

mechanism sends feedback information to the transmitter. In 

mobile WiMAX this mechanism is considerably more 

involved than earlier standards, such as WiFi. 802.16e defines 

four types of ACK feedback message, 1) Cumulative ACK, 2) 

Selective ACK, 3) Cumulative with selective ACK and 4) 

Cumulative ACK with Block sequence [10]. A transmitter 

with ARQ capabilities must support all four types of feedback; 

however the Mobile Station (MS) can choose which type to 

use. Selective ACK (S-ACK) feedback requires little 

processing in the MS and is assumed in this paper.  

An S-ACK feedback message is generated when a PDU fails 

to be received, or is received in error. A Negative-ACK 

(NACK) message contains an ARQ feedback bitmap to 

provide the status of each ARQ block in the PDU, based on 

the sequence of BSNs. An S-ACK message can carry up to 

four 16-bit ACK maps. Only the ARQ blocks in error are 

resent. According to the standard it is a transmitter policy as to 

whether a set of blocks originally transmitted as a single PDU 

should be resent as a single PDU. Retransmission can occur 

with or without the rearrangement of blocks within a PDU. If 

block rearrangement is not applied then a NACK’d PDU will 

be resent without modification, including any blocks that were 

received correctly. We assume retransmission without block 

rearrangement. As suggested in [3][4] we use small ARQ 

blocks and PDU sizes (32 and up to 64 bytes respectively).  

The PDUs for retransmission following NACK feedback are 

placed in a separate retransmission queue within the flow. In 

mobile WiMAX ARQ retransmissions take priority when 

scheduling resource allocation for a connection [4]. Therefore, 

when the scheduler allocates resources to a connection, it first 

places retransmission PDUs and then allocates the remaining 

space to the transmission of new data. The space taken up by 

block retransmissions is taken from the pre-allocated quota.  

The maximum number of block retransmissions is controlled 

by the ARQ_BLOCK_LIFETIME. If block reception has not 

been positively acknowledged before this timer expires, the 

block is discarded. At the receiver, when a PDU is correctly 

received it is unpacked and defragmented (as required). The 

fragmentation of the SDU in ARQ blocks remains in effect 

until all blocks belonging to the SDU have been successfully 

delivered, or until the SDU is discarded. An SDU is passed to 

the upper layers when all of its ARQ blocks have been 

correctly received. When ARQ_DELIVER_IN_ORDER is 
enabled (as in this paper), an SDU is delivered to the higher 

layers as soon as all of its ARQ blocks have been correctly 

received (as well as all the previous ones). For video 

applications based on the H.264 standard the data units need to 

be delivered in order prior to playback. Here we assume that 

SDUs are delivered to the upper layer video decoder even 

when ARQ blocks remain in error. This is performed since the 

effect of discarding an entire SDU is far more detrimental to 

video quality than a small number of discarded ARQ blocks. 

D. Wideband Channel Model - Based on the ETSI 3GPP2 

spatial channel model (SCM) [11], an urban micro tapped 

delay line (TDL) was generated for use in this study. The TDL 

comprises 6 taps with non-uniform delays. The MS velocity is 

assumed to be 5 km/h.  

E. Physical Layer (PHY) - The mobile WiMAX standard has 

adopted Scalable-OFDMA (S-OFDMA). Table I shows the 

relevant parameters for the S-OFDMA PHY.  

Table I: S-OFDMA PHY Parameters 

PARAMETER VALUE 

FFT 128 512 1024 2048 

Channel Bandwidth (MHz) 1.25 5 10 20 

Subcarrier Frequency spacing 

(kHz) 
10.94 

Useful symbol  period (µs) 91.4 

Guard interval 1/32, 1/16, 1/8, 1/4 

Our mobile WiMAX PHY layer simulator is described in [12]. 

The payload data is modulated using QPSK, 16QAM or 

64QAM (using one of a number of code rates). Assuming a 

PUSC enabled DL, the modulation symbols allocated to a 

sequence of slots are assigned to a number of logical 

subchannels (corresponding to logical subcarriers). A full 

range of link-speeds are supported (see Table II). A link-speed 

is defined as a combination of modulation scheme and coding 

rate. An OFDMA slot is the minimum possible data allocation 

unit and for PUSC DL it is defined as one subchannel by two 

OFDMA symbols. 

Table II:  802.16e Link Speeds 

MCS  

(Link  speed) 

Bits per 

slot 

Max total data rate 

(Mbps) 

QPSK 1/2 48 6.14 

QPSK 3/4 72 9.21 

16 QAM 1/2 96 12.29 

16 QAM 3/4 144 18.43 

64 QAM 1/2 144 18.43 

64 QAM 2/3 192 24.58 

64 QAM 3/4 216 27.64 

III. PHY LAYER ABSTRACTION 

To simplify the interface between the link and system level 

simulators, whilst still modeling dynamic system behaviour, a 

technique known as Effective SINR Mapping (ESM) is used. 

This compresses the SINR (per subcarrier) vector into a single 



ESINR. The technique is described in detail in [13]. The PHY 

abstraction model allows the instantaneous block error rate 

(BLER) for each channel realization to be computed. 

Although many commercial network simulators exist, such as 

OpNet and QualNet, these tend to provide simplified physical 

layer support. QualNet uses average bit error rate look up 

tables that already include the effects of fast-fading. Video 

analysis requires the use of time varying instantaneous BLER 

in a fading channel. 

IV. WIMAX MAC-PHY SIMULATOR DESCRIPTION 

Our 802.16e MAC-PHY simulator is used to model the MAC 

SDU and ARQ block loss process. A time sequence of fixed 

size MAC SDU frames is passed into the simulator. After 

SDU fragmentation, the ARQ blocks are defined and PDUs 

are created for transmission over the wireless medium. 

Channel slots are allocated in each DL sub-frame using UGS 

scheduling in every OFDMA frame. The number of PDUs that 

can fit within the allocated resource is calculated according to 

the MCS mode and the size of retransmission PDU queue. For 

each DL burst the retransmission PDUs are included in the 

allocated resources, taking priority over new PDUs. Each 

transmitted PDU is either received correctly or in error, 

depending on the channel response at the time of transmission. 

The PHY layer PER is estimated using the PHY abstraction 

method for each ARQ block in the transmitted PDU. S-ACK 

feedback is generated for each transmission and any PDUs 

containing errors are placed in the retransmission queue. The 

retransmission of PDUs in error continues until the ARQ 

block lifetime expires. At the receiver, SDUs are delivered in 

order including discarded ARQ blocks.  

The MAC-PHY simulator computes the following as a 

function of mean channel SNR, Doppler Power Spectral Density, 

MCS mode, ARQ lifetime and MAC layer packet sizes: 

• Block Error Rate (BLER), 

• SDU error rate, 

• The time pattern of block losses, 

• End-to-end delay for blocks/SDUs and queuing time, 

• Number of ARQ retransmissions, 

• Channel capacity consumed during each DL subframe, 

• Transmission throughput and goodput. 

Importantly, the PER for contiguous blocks is not independent 

due to the time correlated nature of the fading channel. This 

has a significant effect on the received video quality [14].  

The video simulator models the transmission of an arbitrary 

H.264 video sequence from the transmitter to the receiver 

through the MAC/PHY layers of a mobile WiMAX system. 

The encoder translates each video frame into a number of 

fixed length packets (Network Abstraction Layer Units – 

NALUs). A 1:1 correspondence of NALUs to IP packets and 

SDUs is assumed. The MAC-PHY simulator provides an error 

modeling tool that predicts the error/loss patterns for a 

sequence of NALUs and thus the sequence of video packets at 

the receiver. The simulator evaluates the quality of the 

received video sequence in terms of PSNR per video frame. 

Table III summarises the OFDMA, channel and MAC layer 

parameters used in our MAC-PHY mobile WiMAX simulator. 

Table III WiMAX Simulator Parameters 

Parameter Value 

OFDMA 

Carrier frequency 2.3 GHz 

Channel bandwidth/FFT Size 10 MHz/1024 

Frame length 5ms (48 OFDMA symbols) 

Guard interval  1/8 

DL Subcarrier Permutation scheme PUSC DL 

Number of active DL subcarriers  840 

Number of subchannels  30 DL /35 UL 

Data subcarriers per subchannel  24 

OFDMA data symbols 22 DL / 15 UL 

DL/UL ratio & DL capacity 60/40 & 330 slots 

MCS Modes QPSK 1/2, 3/4, 16QAM 1/2 

2/3, 64QAM 1/2, 2/3, 3/4 

MAC 

ARQ feedback/ window Same UL/ 1024 

ARQ block lifetime 0-400 ms 

QoS scheduling scheme UGS 

MAC SDU size 1024 bits 

max MAC PDU size 512 bits 

ARQ Block size 256 bits 

PDU PACKING NO 

SDU FRAGMENTATION YES 

BLOCK_REARRANGEMENT  NO 

ARQ_DELIVER_IN_ORDER YES 

V. ANALYSIS OF RESULTS 

Fig. 1 shows the total number of slots required (as a function of 
MCS mode) for the transmission of 2000 SDUs for various 
values of ARQ block lifetime. The calculation of the number of 
slots includes the amount of data transmitted and the amount of 
ARQ retransmission in each DL sub-frame.  
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Fig.  1 Channel capacity used vs. block lifetime for channel SNR 12dB 

The chosen MCS mode clearly affects the data payload 
capacity in each slot. In Fig.1 we analyze the performance for a 
mean channel SNR of 12 dB. Depending on the chosen MCS, a 
different number of ARQ retransmissions take place for the 
same block lifetime resulting in different capacity used. The 
maximum number of retransmissions is determined by the 
block lifetime and retransmissions may occur in the next DL 
subframe. The required capacity stabilizes for ARQ block 
lifetimes greater than 70ms for all MCS modes apart from 
64QAM 2/3 and ¾, which are the least robust. For 64QAM the 
PER at the PHY is high at 12dB SNR and therefore the two 



64QAM curves rise steeply as the block lifetime increases due 
to excessive retransmission. For small block lifetimes the 
residual SDU error is very high for the 64QAM modes. Given 
the need for a zero (or near-zero) SDU error rate, to minimize 
the system load, ½ rate 16QAM should be used over this 
SNR=12dB channel. Our study focuses on lower values of 
channel SNR because these represent a radio channel generally 
causing poor quality video reception (due to the high PER). 

The “Rush Hour” H.264 video sequence (1920x1080p, 25fps, 
I-frames only) was encoded at 7.63Mbps to produce 4000 
NALs (SDUs). This represents a video clip of length 0.54s. 
The PSNR of the video sequence can be computed as the mean 
sum of the PSNR per video frame over the total number of 
video frames. We compute the average PSNR by repeating the 
experiment ten times over uncorrelated radio channels. Each 
radio channel is made up of 20,000 channel samples. We 
compute the average received PSNR(m,l,SNR), as a function of 
MCS mode m, block ARQ lifetime l and mean channel SNR. 
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Fig.  2 Average PSNR vs. lifetime a) top: SNR=16dB b) bottom SNR=16dB 

Figs. 2a and b show the average video PSNR at the receiver for 
a range of block lifetimes and MCS modes, for mean channel 
SNR values of 12dB and 16dB respectively. We observe that in 
both cases the average PSNR reaches an asymptotic peak for 
ARQ block lifetimes greater than 70ms. This is true for all 
MCS modes other than ¾ rate 64QAM. For PSNR values 
below 25dB video is considered unacceptable. In Fig. 2a we 
observe a 15dB improvement in PSNR for ½ rate 16QAM, 
when an ARQ block lifetime of 70 ms is applied. Fig. 2b shows 
an improvement of 15dB for ¾ rate 16QAM with a 70ms 
lifetime. For the QPSK and ½ rate 16QAM modes, the PSNR 
improvement achieved beyond a 35ms block lifetime is 
insignificant, which does not justify the additional channel 
capacity they require. As explained in Section II, it is assumed 
that SDUs (1024 bits) are delivered to the video decoder even 
when some ARQ blocks (256 bits) are in error. If the SDUs 
containing errors were not delivered, as specified in the current 
802.16e standard, the SDU error rate would be higher and the 
video PSNR would be much worse.  
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Fig.  3 MAC BLER vs. SNR: a) without ARQ, b) block lifetime=100ms 

Fig. 3 shows the BLER for the ARQ blocks transmitted at the 
MAC layer. Fig 3a shows the BLER without retransmissions 
(the raw PHY PER). Fig. 3b shows the improvement in MAC 
BLER for a block lifetime of 100ms. BLER is reduced to zero 
for the QPSK modes and is near-zero for all MCS modes when 
the channel SNR exceeds 18dB. At 16dB the PER is 1-5% for 
the higher QAM modes, which justifies the low PSNR shown 
in Fig. 2b. ARQ retransmissions are essential to reduce the 
BLER and improve the received video quality in live video and 
VoD transmissions. For live video some small degree of 
residual PER is acceptable. PER in excess of 1% generally 
results in unacceptable video quality [15], as noted in figs. 2b 
and 3b. We therefore aim to reduce the BLER to that level by 
choosing the appropriate MCS and ARQ block lifetime.  

Based on Fig. 1 it can be seen that the channel load can be 
optimized for acceptable video PSNR. We now introduce a 
new metric, known as PSNR/Hz, to quantify the PSNR attained 
for a given effective bandwidth. For each pair of MCS m and 
ARQ block lifetime l, we calculate the average channel 
occupancy per DL sub-frame, O(m,l,SNR), as a function of 
mean channel SNR, in terms of slots. The average bandwidth 
consumed per frame Bused is estimated as  

           Bused(m,l,SNR) = O(m,l,SNR)*Bch*DL_ratio           (1) 

where Bch is the channel bandwidth and DL_ratio corresponds 
to the DL/UL ratio. The PSNR/Hz is computed for each pair of 
video PSNR and Bused values. For these results Bch= 10MHz and 
the DL/UL ratio is 60/40. Figs. 4a and 4b show the PSNR/Hz 
curve as a function of the MCS mode and block lifetime for 
channel SNR values of 12dB and 16dB respectively. The 
graphs show that the PSNR/Hz is optimized for each SNR for a 
specific MCS and block lifetime. For example, for mean 
SNR=12dB ½ rate 16QAM should be used with a block 
lifetime of 100ms. Fig. 4b shows that for SNR=16dB the ¾ 
rate 16QAM is optimal with a lifetime of 100ms. Using 
PSNR/Hz it is possible to choose the best MCS and block 
lifetime parameters, in terms of video quality and channel 



usage, for any given mean channel SNR. For live video a trade-
off must be made between acceptable video quality and 
latency. For VoD the data must simply be delivered error free 
in the most efficient way.  
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Fig.  4 PSNR/Hz vs. MCS  for various block lifetimes  a) top: SNR=12dB,    

b) bottom: SNR=16dB 
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Fig.  5 Goodput vs. block lifetime for SNR=12dB 

6 8 10 12 14 16 18 20 22 24
0

1

2

3

4

5

6

7

8
transmission goodput - life=100ms

SNR dB

g
o
o
d
p
u
t 
M
b
p
s

 

 

QPSK 1/2

QPSK 3/4

16QAM 1/2

16QAM 3/4

64QAM 1/2

64QAM 2/3

64QAM 3/4

QPSK1/2

16QAM1/2

16QAM3/4

64QAM2/3

 
Fig.  6 Link adaptation based on goodput vs. SNR for block lifetime=100ms 

To estimate efficiency we calculate transmission goodput 

(defined as the number of correct data bits delivered per 

second). Fig. 5 shows goodput vs. block lifetime, plotted for 

all MCS modes for a mean channel SNR of 12dB. For ARQ 

lifetime beyond 100ms no further benefits in goodput are 

observed. The goodput differs for each MCS, depending on 

mode efficiency, robustness to errors and block ARQ lifetime. 

For ARQ lifetimes in the range 10-50ms the goodput drops for 

higher order MCS modes due to the high PER and the 

subsequently large number of retransmissions that occur. For 

lifetimes greater than 50ms most blocks are received correctly 

after the first few retransmissions. Fig. 6 shows goodput vs. 

SNR for a block lifetime 100ms. We observe that there is an 

MCS mode achieving maximum goodput in each channel 

SNR region: for SNR<=8dB ½ rate QPSK, for 8<SNR<14dB 

½ rate 16QAM, for 14<=SNR<18dB ¾ rate 16QAM and for 

18<=SNR <24dB 2/3 rate 64QAM. 

VI. CONCLUSIONS 

A MAC-PHY mobile WiMAX simulator has been presented 
that accurately predicts the MAC BLER and channel load (in 
terms of slots and effective bandwidth) for unicast video 
transmissions. The tool enables us to measure objectively the 
received video PSNR as a function of the MAC/PHY 
parameter settings. A new PSNR/Hz metric was introduced to 
enable us to optimize video quality in terms of PSNR per unit 
bandwidth. Results show that PSNR/Hz is maximized when 
channel occupancy is low and video PSNR is high. The choice 
of MCS mode and block lifetime is shown to significantly 
impact channel bandwidth, goodput and video PSNR. For the 
3GPP channel used here, video transmission efficiency is 
enhanced for block lifetimes of approximately 100ms. 
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